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Traffic Engineering Based on Local States in Internet
Protocol-Based Radio Access Networks

David A. Barlow, Vasos Vassiliou, Sven Krasser, Henry L. Owen, Jochen Grimminger, Hans-Peter Huth,
and Joachim Sokol

Abstract: The purpose of this research is to develop and evaluate
a traffic engineering architecture that uses local state information.
This architecture is applied to an Internet protocol radio access
network (RAN) that uses multi-protocol label switching (MPLS)
and differentiated services to support mobile hosts. We assume
mobility support is provided by a protocol such as the hierarchi-
cal mobile Internet protocol. The traffic engineering architecture
is router based—meaning that routers on the edges of the network
make the decisions onto which paths to place admitted traffic. We
propose an algorithm that supports the architecture and uses lo-
cal network state in order to function. The goal of the architecture
is to provide an inexpensive and fast method to reduce network
congestion while increasing the quality of service (QoS) level when
compared to traditional routing and traffic engineering techniques.
We use a number of different mobility scenarios and a mix of dif-
ferent types of traffic to evaluate our architecture and algorithm.
We use the network simulator ns-2 as the core of our simulation
environment. Around this core we built a system of pre-simulation,
during simulation, and post-processing software that enabled us to
simulate our traffic engineering architecture with only very mini-
mal changes to the core ns-2 software. Qur simulation environment
supports a number of different mobility scenarios and a mix of dif-
ferent types of traffic to evaluate our architecture and algorithm.

Index Terms: Differentiated services (DiffServ), multi-protocol la-
bel switching (MPLS), quality of service (QoS), radio access net-
works, traffic engineering.

1. INTRODUCTION

This research develops and evaluates a router-based traffic en-
gineering architecture and algorithm for a radio access network
(RAN). The RAN supports mobile nodes with quality of service
(QoS) traffic requirements. Our goal for the traffic engineering
architecture is a fast, inexpensive, and effective system. Most
previous traffic engineering research has focused on the core
Internet and optimization and has not considered the decision
speed requirements of a RAN. Mobile nodes may spend very
little time in any particular radio cell, depending on their speed
and the RAN physical design. In order for a traffic engineer-
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ing system to be effective in this type of environment, it must
be fast enough to enable the specific routing of all, or nearly
all, QoS packets. This traffic engineering system must also be
inexpensive in terms of resources required (money and infor-
mation), as any traffic engineering system must compete with
over-provisioning as a solution to the QoS problem.

A question to consider is: When do you need to use traffic
engineering in an Internet protocol (IP) RAN? A RAN is by def-
inition a relatively small network, so it contains no end-to-end
paths with large numbers of hops to delay QoS traffic. There-
fore, in an uncongested network, traffic engineering should not
be necessary. In a heavily, uniformly congested network, there
is no place to alternately route additional traffic, so traffic engi-
neering will have little or no benefit. It is when there is conges-
tion in a limited number of specific points in the RAN that traffic
engineering could possibly be useful since there is likely to be
alternate capacity elsewhere in the RAN that can be used to alt-
route traffic. This is the type of traffic scenario, perhaps unique
to mobile communications access networks, that we hope to ad-
dress with our protocol—point loads on an IP RAN that move
over time.

There are two major items that can affect the speed with
which one can implement and operate traffic engineering in an
IP network. First, the setup of specific paths has to be consid-
ered. Second, collection and dissemination of accurate network
QoS state is another factor. Our work addresses these issues as
well as the need for a simple solution that would be easy and
inexpensive to implement.

In order to apply traffic engineering to any network, some set
of multiple paths between routers is necessary. If there are only
single paths between network routers, then there is nowhere to
move traffic; no space exists to conduct traffic engineering. Our
assumption is that a RAN is a specialized network. It is rela-
tively small (less than 50 nodes) and designed to be replicated
as part of a commercial information network package that can be
installed in a standardized configuration. Our simulation work
uses a RAN configuration that has a minimum number of links
yet provides alternate routes within the network. Other config-
urations are possible, but we leave this to further study. Our
simulation goal is to show that our traffic engineering architec-
ture can work, not that it is a general solution for all possible
network configurations.

We begin with some essential background information in Sec-
tion 1I; follow with an overview of our research, proposed traffic
engineering architecture, algorithm, and simulator in Section IT1
and Section 1V, present some simulation results in Section V;
and finally discuss our conclusions in Section VI.
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II. BACKGROUND

In this section, we outline the technologies and concepts used
in our research. It is important to note that we actively use
multi-protocol label switching (MPLS) and differentiated ser-
vices (DiffServ) in our simulations. However, we assume the
existence of the mobile IP protocols described below but make
no effort to include them in our simulations or measure any pos-
sible interactions they may have with our traffic engineering ar-
chitecture. We save this as a topic for additional research.

A. MPLS and Traffic Engineering

MPLS is a packet forwarding technology that assigns packet
flows to label switched paths (LLSPs). Packets are classified at
the network edge, labeled, and then transported over an LSP.
LSPs can be explicitly routed, and thus MPLS enables traffic
engineering in IP networks. Current IP routing protocols em-
ploy a shortest-path algorithm. During periods of heavy network
loading, shortest path routes can become congested despite un-
derutilized capacity elsewhere in the network. Traffic engineer-
ing, by choosing routes using some algorithm, can shift some
of the load to underutilized parts of the network. Traffic engi-
neering also allows flexibility and economy in network design.
By enabling efficient use of network resources, traffic engineer-
ing supports alternate physical paths and reduced link size to
achieve throughput and reliability goals.

B. Mobile IP

Mobile IP allows a mobile node to move from one link to
another without changing the mobile node’s home IP address.
A home address is an IP address assigned to the mobile node
within its home subnet prefix on its home link. Packets may
be routed to the mobile node using this address regardless of
the mobile node’s current point of attachment to the Internet,
and the mobile node may continue to communicate with other
nodes (stationary or mobile) after moving to a new link. While
a mobile node is attached to some foreign network, it is also
addressable by one or more care-of addresses. While away from
home, a mobile node registers one of its care-of addresses with
a router on its home link, requesting this router function as the
home agent for the mobile node. The home agent intercepts and
forwards packets to the mobile node [1].

C. Hierarchical Mobile I[P

Hierarchical mobile IP (HMIP) is a mobile IP micro-mobility
management model. Its purpose is to reduce the amount of sig-
naling to correspondent nodes and the home agent and improve
the handoff speed performance of the mobile Internet protocol
(MIP). Hierarchical mobile IP version 6 (HMIPv6) [2] intro-
duces a mobility anchor point, and minor extensions to mo-
bile node and home agent operations. The mobile node has
two addresses, a regional care-of address on the mobility anchor
point’s subnet and an on-link local care-of address. The mobil-
ity anchor point acts as a local home agent that maps the mobile
node’s regional care-of address to a local care-of address. When
the mobile node moves locally (i.e., its mobility anchor point
does not change), it needs only to register its new local care-
of address with its mobility anchor point. The regional care-of

address stays unchanged. A mobile node can inform correspon-
dent nodes who share the same mobility anchor point of its local
care-of address instead of its regional care-of address. Packets
can then be routed directly without going through the mobility
anchor point. This direct routing is essential to successful traf-
fic engineering within a RAN. Otherwise, all intra-RAN traffic
will be sent through the mobility anchor point (assuming one
mobility anchor point in the RAN).

D. Differentiated Services

Differentiated services (DiffServ) [3] is an Internet QoS sys-
tem designed to provide different types of IP service to meet
general classes of user requirements. DiffServ aggregates flows
that require similar QoS treatment and sends them through the
network as a behavior aggregate. The compromise of aggregate
traffic handling is that the QoS enjoyed by each traffic flow is
dependent on the behavior of the other traffic flows with which
it is aggregated. When combined with the graceful degrada-
tion capabilities of IP, DiffServ offers a range of QoS dependent
on the network traffic rather than a specific set of guarantees.
DiffServ-enabled routers handle traffic aggregates according to
per-hop behaviors (PHBs). Several PHPs have been defined,
which includes most importantly
o expedited forwarding (EF), which has a goal of providing
minimal queuing delay,

e assured forwarding (AF), which has the goal of providing an
expected level of throughput, and

o best effort (BE), equivalent to the current Internet service.

E. Path Setup and Selection

An LSP consists of a set of links from the source label switch-
ing router (LSR) to the destination LSR. On-demand LSP cre-
ation occurs as each traffic flow arrives at the network. An LSP
is created specifically to meet the requirements of each flow.
Pre-computed LSP creation occurs periodically as network QoS
state is updated through a signaling protocol. Traffic flows with
similar QoS requirements, to the same destination, are usually
routed over the same pre-computed LSP. This aggregation con-
cept is consistent with the DiffServ protocol. Static LSP creation
occurs periodically and includes traffic flow aggregation, but is
based on the network physical state (adding or subtracting links
and nodes) [4]. On-demand LSP creation requires the most time
per traffic low, and static LSP creation the least.

Networks can employ a wide variety of QoS path selection
strategies. Previous comparative studies have demonstrated that
algorithms that prioritize using minimum-hop routes almost al-
ways outperform algorithms that prioritize balancing the net-
work load. [5] Minimum-hop algorithms like widest shortest
path [6] tend to reduce the consumption of network resources,
minimizing the effect of current traffic on future traffic. Use of
other than minimum-hop paths tends to consume network re-
sources that might be needed for future traffic.

F. Network State

Both the on-demand and pre-computation LSP creation tech-
niques require knowledge of the global network QoS state. Ide-
ally, this global network QoS state will be accurate at every node
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that requires the knowledge. This is a very difficult task to ac-
complish in a network with a lot of traffic from mobile nodes.
Continuously updating the global network QoS state is very ex-
pensive in terms of network bandwidth and time. Periodic up-
dates can be used, at a cost in accuracy of the routing decision,
as the period between updates gets longer [7]. Static LSP cre-
ation requires only network physical state. This information is
readily available at each node from the IP routing information.
Thus, neither special signaling nor global QoS state information
is required.

G. Related Frameworks

Nelakuditi and Zhang propose and evaluate a framework both
to select a number of possible paths between a source and a des-
tination node (a set of candidate paths) and to pick paths out of
this set for new flows in [8]. A widest disjoint path (WDP) al-
gorithm is used to calculate the set of candidate paths with the
maximum width. The width of a set reflects the total amount of
bandwidth that can be transmitted over this set of paths. If a path
does not increase the width because it shares a bottleneck with
another path in the set, it is pruned. The latter calculations are
based on global state information that is distributed in sparse in-
tervals. Then, a path for a new incoming flow is picked such that
all paths in the set have equal blocking probabilities. This deci-
sion is based on information locally available at the node. This
scheme is compared to best path routing based on a widest short-
est path algorithm. Best path routing requires global knowledge
of the network state. Since the update interval has to be rea-
sonably long to keep the signaling load on the network small,
best path routing often operates on stale information. This leads
to synchronization problems where multiple nodes simultane-
ously congest similar paths because their stale information in-
dicates spare capacity. The results show that the widest disjoint
path/equal blocking probabilities scheme outperforms best path
routing while minimizing the signaling overhead.

In [9], we proposed a connection admission control and flow-
based traffic engineering framework for small DiffServ domains
based on path queue states. The proposed algorithm renders its
decision based on path queue state information gathered by edge
routers. Each edge router gathers information on the states of the
queues on all paths to each peer edge router it has. Then, the ex-
pected QoS properties for each path are computed. Edge routers
render admission decisions based on this information and pick a
suitable path for newly admitted traffic flows.

HI. RESEARCH OVERVIEW

The focus of this research is to develop and evaluate a router-
based traffic engineering architecture for use in a RAN. The ba-
sic premise of our architecture is that each radio access router
(RAS) has a set of shortest and disjoint LSPs set up between it-
self, the Internet gateway, and every other RAS within the RAN.
These static LSPs are set up ahead of network operations, either
through a self-discovery process using the IP routing informa-
tion or a centralized download. Disjoint paths in the path set
help ensure that each set of paths has routes that avoid conges-
tion at any one point in the network. The LSPs have no reserved
bandwidth. This architecture scales on the order of N? where
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Fig. 1. Generalized radio access network.

N is the number of nodes. Therefore it is not suitable for large
networks but is quite well suited for small to medium sized net-
works (10 to 50 nodes) such as RANs.

The RAS and/or edge gateway router (EGW) respond to a
QoS traffic flow request by determining if adequate bandwidth
is available at the local link to support the request. Next, using
a widest shortest path algorithm [6], the RAS/EGW chooses a
path (L.SP) from the set of paths to the destination. It then for-
wards the traffic flow along the path. For best effort traffic, the
RAS places the traffic on a path to the destination in round-robin
fashion.

Each RAS/EGW must have a method for calculating the
amount of RAN core network bandwidth that it is entitled to
manage. The widest shortest path algorithm assumes that the
executing node has accurate knowledge of the state of the links
being managed. Because we do not distribute global QoS state,
each RAS/EGW has knowledge only of its own use of RAN
core bandwidth, not of the total bandwidth usage itself. There-
fore, each RAS/EGW must be able to determine some share of
the RAN core bandwidth that it then manages using the widest
shortest path algorithm.

In our network model, we consider mobile IP related issues
that directly affect traffic engineering algorithms. We use mo-
bile traffic sources and we evaluate the effects of mobility on
the amounts of traffic presented to the RAN. We do not simulate
or consider issues that do not directly affect traffic engineering.
For example, we do not simulate signaling for roaming nodes
and the changes in delay and jitter due to handoffs as we do not
believe they significantly affect our proof of concept evaluation,
which we have conducted.

A. Algorithm

We propose a new algorithm that we call the local state fair
share bandwidth (LSFSB) algorithm. LSFSB uses a propor-
tional allocation of the RAN core bandwidth, allowing each
RAS/EGW to continuously determine its fair share of the RAN
core network bandwidth without external signaling. The propor-
tional core bandwidth allocation is primarily determined by the
RAS’s individual connectivity into the RAN. The algorithm is
also a function of the destination of the traffic in the RAN (local
or external), and the bandwidth of the various links that make
up the RAN.

The generalized RAN as seen in Fig. 1 consists of a core 1P
network with RASs on the edges. All routers are MPLS, Diff-
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Serv, and HMIP enabled. The mobility anchor point is located
at an EGW. These are our assumptions and observations about
the generalized RAN:

e The network structure is hierarchical and includes alternate
paths in the core to enable traffic engineering.

o RASs (Ag) are each connected to only one Intermediate
router (I;).

o There is at least one EGW (G;) that is also the HMIP mobil-
ity anchor point.

e The bandwidth of bi-directional RAN core links between
edge points z, y is [2Y.

¢ The bandwidth of bi-directional access links between each
Ay and an 1 is 19", .

o There is traffic on the network, some fraction g% of which
passes from RAS (Ay) through any EGW (G;) to the Inter-
net. Each RAS A, will calculate its own g% based on its
local traffic statistics.

B. Radio Access Router LSFSB Algorithm

We propose the following set of calculations as part of the
LSFSB algorithm to enable each RAS (Ay) to continuously cal-
culate its fair share of the RAN core bandwidth:

B.1 Stage One

Let 3. represent the total transmission bandwidth available in
the generalized RAN core, such that

Be= 12V, (1)
z,y

Define a gateway factor I to split 5. between the A, and G;
as a function of g%

=1-(05g%). (2)

The use of the multiplier 0.5 in (2) assumes two-way traffic
flows of equal magnitude. This function causes a RAS to assume
less core bandwidth if it is handling more EGW traffic. This in
turn causes the RAS to switch to using alternate paths faster
when sending more traffic towards the EGW, a congestion point
in the RAN. The idea is to delay congesting EGW links as long
as possible as traffic density builds at a specific RAS.

Let 3, represent the core transmission bandwidth available
for all A;. Then

Ba =Tfe. 3)

Next, define an access factor o to split Ba between all Ay.
For any Ay—r, connected to I,_,,

Sy 2
m yMNn °c

Pa iy kn-
Zy lc Zkﬂn la

m,n
o

“®

The access factor o is a function of the intermediate router’s
(I,,) relative connectivity into the core compared with other in-
termediate routers (first part of (4)) and the relative connectivity
of the RAS (A,,) compared with other access routers off the
same intermediate router (second part of (4)).

Let 3% represent the core bandwidth allocated to Ay,. Then
B = agBa. )

Finally, each A allocates 8¥ to the links {>¥ that connect
its I; to the core proportionally to the bandwidth of those links.
Then for any Ag—,, connected to I;—,, and link [>¥

Iy
Zy l?vy :

We assume that A, will accept QoS traffic up to the limit of
1%, If 8% is greater than or equal to I7°* for Ay, this first stage

of the LSFSB algorithm will allow Ay to put as much traffic into
the RAN as its local link 12* can handle.

;n(l?’y) — ,Bm

(6)

B.2 Stage Two

If 3% is less than I7°* for Ay, we have two possible operating
conditions. By operating only in the first stage of the algorithm
and not admitting additional traffic, the RAN will not have more
traffic than its core bandwidth can accommodate. However, we
wish to be able to take advantage of the graceful degradation
ability of DiffServ and IP. To accomplish this, an additional
stage is required—an overload stage, which we propose as fol-
lows: .

e Distribute incoming traffic across the possible paths in pro-
portion to the total path distribution achieved under the first
stage of the algorithm. Do not split flows.

o Track the first stage assignments and replace them as they
depart to update the path distribution.

C. Edge Gateway LSFSB Algorithm

'We propose a similar set of calculations to enable each G; to
continuously calculate its fair share of RAN core network band-
width so that it can apply the widest shortest path algorithm.
The main difference is that each G; has a g%'r fixed at 1.0, since
each G; only applies the LSFSB algorithm to incoming Internet
traffic.

IV. SIMULATION

In order to evaluate our traffic engineering architecture and
LSFSB algorithm, we constructed a simulation environment.
This simulation environment allowed us to test our architec-
ture and algorithm under a variety of different network operating
conditions and traffic mobility scenarios.

A. Simulation Environment

The simulation environment is shown in Fig. 2. It is com-
posed around an unmodified ns-2 version 2.1b6a simulator. To
this unmodified version of ns-2, we added the MPLS Network
Simulator version 1 [10], and a DiffServ system [11]. Our soft-
ware only performed pre-processing and data collection tasks.
This distinct separation allowed us to make as few changes to
the ns-2 software as possible, which in turn freed us from the
testing, troubleshooting, and verification that extensive mod-
ifications would have required. Our simulation software was
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Fig. 2. Simulation environment.

designed to implement our traffic ehgineering environment and
LSFSB algorithm.

B. Network Traffic

The ns-2 simulator uses traffic generators to create traffic in
the simulation. These traffic generators are normally entered
as a series of commands as the simulation is inittalized. The
traffic types we simulated are voice traffic using the EF PHB and
the user datagram protocol (UDP) as its transport agent, video
traffic using the EF and AF PHBs and UDP for transport, and
data traffic using the transmission control protocol (TCP) and
the AF and BE PHBs.

Although ns-2 contains radio-link simulation support, we
chose not to use this support in our simulation environment. We
were interested in evaluating our traffic engineering architecture
and algorithm. Excluding the radio links from the simulation
eliminated an unnecessary variable from our results. Instead,
we simply attached, started, stopped, and detached traffic gen-
erators to simulate mobile node movement. This simplified ap-
proach provided enough realism as far as the traffic engineering
architecture and algorithm were concerned. Our mobile node
movement scenarios are summarized below:

e Mobile nodes may move in a uniformly random manner such
that the traffic load remains roughly evenly distributed across
the network. Initially, each node randomly chooses a point
to move towards and then moves towards that point as the
simulation progresses. We used a lognormal distributton to
simulate cell dwell time [12].

e Mobile nodes may move in a linear manner such that the
traffic load travels along the network as a group, roughly
synchronized, towards the same destination. This places a
point load on the network. We again used a lognormal dis-
tribution to simulate cell dwell time.

C. Simulating Traffic Engineering

We compared the results of using LSFSB and our traffic engi-
neering architecture to two other algorithms for routing and path
selection. The first was standard IP routing, which uses only
the shortest path between any source and destination. The sec-
ond employed our traffic engineering architecture, but instead of
LSFSB used global network state combined with widest shortest

Fig. 3. Modeled radio access network.

path to select LSPs to carry traffic flows. We called this “global-
WSP.” The traffic engineering architectures, LSFSB and Global-
WSP, are implemented in the final step of traffic file processing.
Both these traffic engineering programs use a list of network
paths and links to assign flows to LSPs and track link bandwidth
usage.

All three routing/traffic engineering programs produce iden-
tical loads to present to ns-2 for simulation. The loads differ
only in the way that they are directed across the RAN. This al-
lowed us to directly compare the three different routing/traffic
engineering methods. The two traffic engineering programs that
implement LSFSB and global-WSP both employ the same traf-
fic admissions policy, and produce identical output except for
the LSPs selected to route the particular flows. The IP pro-
gram takes the output of either traffic engineering program and
removes the MPLS commands. This causes all packets to be
routed using standard IP routing.

D. Simulation Data Processing

The data gathering during the simulation was done follow-
ing a “warm-up” period for the RAN. During this warm-up pe-
riod, lasting 30 seconds of simulation time, we instantiated all
the LSPs and randomly started all of the traffic sources spec-
ified by the user to be started during this period. This warm-
up period enabled us to fill the RAN with traffic and achieve
a less-transient set of network operating conditions. Follow-
ing the warm-up period, we collected network data for a period
of four minutes of simulation time. We hesitate to character-
ize this measurement period as “steady-state” given the rapid
and continual changes in the traffic source locations throughout
our simulations. However, it does represent a relatively stable
RAN operating condition. We arrived at the 30-second warm-up
and four-minute data collection times through some experimen-
tation.

E. Simulated Network

The RAN we modeled for the purposes of proof of concept
is shown in Fig. 3. Each link in the modeled RAN has capac-
ity 1.536 Mbps. We do not model the Internet; our simulations
are confined to the interior of the RAN. The capability to traffic
engineer in this model is provided by the links between the in-
termediate nodes. These links provide up to three paths between



382

EF delay vs. % EGW traffic
(linear traffic; 40% EF, 20% AF, 40% BE)

006
0.055
005
o
_ 0045
é 0.04 = Y
2 0035 ~ —o—LSFSB
< 00 //://—1\—\: —— GlobalWSP
0.025 — 7
0.02 /
0.015 %{«//
001 T T T T T T 1

T T 1
0 10 20 30 40 50 60 70 80 90 100
Percent EGW traffic

Fig. 4. EF delay for linear traffic scenario.
EF delay vs. % EGW waffic

(random traffic: 40% EF, 20% AF, 40% BE)
0.035

/

y

V/a

o
o
3

o
o
1)

il

- P
——LSFSB
—o— Global-WSP

=g
Q
~)

EF delay (secs)

0.015

o '—Q\QM

0.005

o 10 20 30 40 50 60 70 80 90 100
Percent EGW wraffic

Fig. 5. EF Delay for random traffic scenario.

each RAS, and each RAS and the EGW. In our simulations, we
used 1100 LSPs configured statically. In addition, we used the
differentiated services code point for DiffServ classification and
mixed all three classes of differentiated services (DiffServ) traf-
fic on the LSPs.

V. SIMULATION RESULTS

A selection of our simulation results is shown in Figs. 4-11.
Other results are available in [13]. We present this data to show
that our traffic engineering architecture and algorithm is better
than standard IP routing for point loads on a RAN, and not mea-
surably better than IP routing for uniformly distributed loads.
It is important to keep in mind that we performed these sim-
ulations under increasingly heavily loaded network conditions.
One would not normally aspire to run a network on a continu-
ous basis at most of these loading levels. The quality of service
that the heavy loads produce in terms of packet loss, delay, and
throughput would not be acceptable to most network operators
and users. However, a primary reason for traffic engineering is
to better cope with heavy network loading when compared to IP
routing. Indeed, if a network is always lightly loaded compared
to its total capacity, there would be no need for traffic engineer-
ing.

We show two sets of data for EF traffic using two different
traffic loading scenarios. These two different load distribution
and movement scenarios, linear and random, were described in
Section IV-B. Because the goal of EF is to provide minimal
delay, Fig. 4 (linear traffic scenario) and Fig. 5 (random traffic
scenario) show the average EF packet delay as the percentage of
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traffic transiting the EGW was varied from zero to 100 percent.
The overall traffic mix in the RAN was 40% EF, 20% AF, and
40% BE as noted in the figures.

The effect of increasing the percentage of traffic transiting the
EGW was to increase the congestion within the RAN. As the
amount traffic that is headed towards a single point in the RAN
(EGW) increases, congestion on certain RAN links increased.
Another important measure of the effectiveness of our algorithm
is the percentage of packet loss. We include in Figs. 6 and 7 the
packet loss comparison of the three traffic routing systems. This
data was gathered during the same set of simulations that pro-
duced the data in Figs. 4 and 5. The data shows clearly that the
two traffic engineering systems, LSFSB and Global-WSP, gave
much better EF traffic performance than standard IP routing in
the linear (point load) scenario. Under the random (uniform
load) scenario, there was no statistically significant difference
between the three traffic routing algorithms.

In Figs. 8-11, we show two sets of data for AF traffic—the
packet loss as a percent of total traffic, and the throughput of AF
traffic as a comparison between global-WSP, LSFSB and stan-
dard IP routing. The goal of AF quality of service is through-
put. Our AF results were similar to the EF results, in that LS-
FSB was effective in a linear (point load) traffic scenario and the
same as standard IP routing in the random (uniform load) traffic
scenario. In addition, there was no statistically significant dif-
ference between the performance of LSFSB and global-WSP in
the AF results.

We collected data on BE traffic in our simulated RAN for
each scenario. Although we do not present that data here, it
shows that BE performance under LSFSB is at least as good as
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Fig. 9. AF drop percent for random traffic scenario.

with standard IP routing. This result is important since quality
of service traffic must not starve best effort traffic in a realistic
RAN.

VI. CONCLUSIONS

We set out to examine how well one could implement traf-
fic engineering in a RAN without using a complex traffic engi-
neering algorithm. RANs are relatively small since they are a
metropolitan area type network. The equipment used to imple-
ment this type of network should not be very complicated, thus
a complex traffic engineering algorithm is not desirable. Using
a traffic engineering algorithm that has total global knowledge
through a signaling protocol is the best solution from a perfor-
mance standpoint. This is true because an all knowing algorithm
can always optimize to the present situation. The complexity
involved in this approach is undesirably high for a RAN. Alter-
natively the simplest approach is to over provision the network
as is typically done today. We set out to see what was possible
in the solution space between these two extreme alternatives.

Our hypothesis was that using knowledge gained locally at
each router in the RAN, we thought we could do better than no
traffic engineering but worse than full global knowledge traffic
engineering. Our results agreed with our initial hypothesis. We
showed that LSFSB can be effective as a traffic engineering ar-
chitecture and algorithm. Our simulations showed that LSFSB
improved QoS traffic packet loss, delay, and throughput in a
RAN with a point load and performed no worse than standard IP
routing in a RAN with a uniform load. This was an expected re-
sult, since networks with large uniformly distributed loads have
no place to re-route traffic for improved performance. We also
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AF throughput vs. % EGW traffic
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showed that LSFSB, a relatively simple algorithm, could per-
form nearly as well as a much more difficult to achieve global
state algorithm, Global-WSP. This result supports the possible
use of LSFSB in RANs where complex traffic engineering solu-
tions are impractical and undesirable.
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