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ABSTRACT

This paper introduces a dynamic system-level simulator for
WIMAX (Wireless Interoperability for Microwave Access)
networks that can be used to analyze the behavior of sev-
eral network procedures. Moreover, the performance of a
new approach to the frequency assignment problem, called
DFP (Dynamic Frequency Planning), is studied using this
simulation platform. DFP is able to run from a few times a
day down to a frame by frame basis, balancing the radio re-
sources between neighbouring BSs (Base Stations) and pro-
viding interference mitigation. We demonstrate the efficacy
of DFP compared to off-the-shelf FRSs (Frequency Reuse
Schemes) in terms of average network capacity and delay.

Categories and Subject Descriptors

C.4 [Performance of Systems]: Metrics—Design studies,
modeling techniques, reliability and availability

General Terms

Algorithms, Design, Performance.

Keywords
Dynamic frequency planning, WiMAX, OFDMA

1. INTRODUCTION

WIMAX is appointed by the industry as one of the most
suitable wireless communication systems for satisfying the
growing user demands. It relies on an all-IP architecture,
and provides high QoS (Quality of Service) and data rates.
WiIMAX (IEEE 80211.16-2005) [1] is based on a scalable
OFDMA (Orthogonal Frequency Division Multiple Access)
PHY (PHYsical) layer, which provides different benefits to
the network such as robustness against multi-path, high
spectral efficiency, simple implementation, etc.
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In order to avoid inter-cell interference, OFDMA networks
are flexible in terms of radio frequency planning and they
support a large variety of FRSs. These techniques will re-
duce inter-cell interference by assigning different fragments
of the available channel to different sectors of the network [2].
However, these fix FRSs are not the most suitable solution
to achieve an optimal network performance in dynamic sce-
narios, where the network load and user traffic continuously
change. This fact is an especially true in scenarios where
the traffic load is high and inhomogeneously distributed.

In [2], the authors study the performance of an OFDMA
system under the classic and fix frequency reuse patterns
(reuse 1, reuse 3, and fractional reuse 1-3) by computer simu-
lations. This analysis is performed over an ideal and regular
grid of BSs, which is far away from realistic network deploy-
ments. In [3], similarly to the previous work, the authors
compare the performance of an OFDMA system under the
classic FRSs. They also propose a new scheme, called partial
isolation, which is a mix of these classical approaches and
power control algorithms. However, this technique is still
based on fix frequency patterns that are not able to adapt
the bandwidth of the sectors to the traffic requirements.

In this paper, the performance of a new resource balancing
technique called DFP is compared to the traditional FRSs:
reuse factor 1 and 3. This approach was presented in [4],
and therefore the target of this work is not to introduce this
technique, but check its performance using a new dynamic
system-level simulator.

DFP dynamically adapts the radio frequency resources of
the OFDMA PHY layer of each BS to the changing condi-
tions of the wireless channel and the varying traffic of the
customers. In order to analyze the performance of DFP un-
der truly dynamic conditions, dynamic system-level simula-
tions for WiMAX networks using real time services: VoIP
(Voice over IP) and H.263 video are carried out. This kind
of real time services are challenging DFP because the re-
sources demanded by the users change on a frame basis.

The rest of the paper is organized as follows: Section II
introduces the DFP algorithm. Section III describes the
dynamic WiMAX system-level simulation. Section IV sum-
marizes the traffic models used for VoIP and Video. Section
V presents a performance comparison between DFP and 2
FRSs. Finally, in Section VI, the conclusions are drawn.
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grant number MEST-CT-2005-020958 and by COST293.



2. DYNAMIC FREQUENCY PLANNING

DFP [4] is a novel approach to the frequency assignment
problem tailored to OFDMA networks, e.g., Mobile WiMAX.
This approach is designed to cope with inter-cell interfer-
ence in scenarios where the load of the network is inhomo-
geneously distributed and the traffic of the users changes
rapidly. This technique allows an on-line allocation of the
bandwidth to the BSs, e.g., a congested sector can borrow
sub-channels from the neighbouring sectors if they have idle
resources available. In addition, it also permits an efficient
reuse of the OFDMA sub-channels throughout the network.

To model the DFP problem, let us first define an OFDMA
network as a set of N sectors {So, Si, Sj...Sn-1}, and K sub-
channels {1, k... K —1}, where at each time Tprp each sector
S; requires a certain number of sub-channels D,.

Then, the DFP problem consists on assigning a certain
number of sub-channels D; to each sector S; every Tprp,
while minimizing the global system interference. The inter-
ference restrictions between different sectors must be taken
into account. Since the number of required sub-channels is
usually larger than what is available, sub-channel reuse is
needed.

Prior to solving the DFP problem, the inputs must be cal-
culated [4], i.e. the demands vector and restriction matrix.

e Demands Vector

The demands vector D[N] estimates the number of needed
sub-channels D; per sector S; required to satisfy the radio
resources demand of the users. This information can be a
priori calculated, since each sector knows: 1) the number of
connected users, 2) their requirements in terms of bandwidth
and throughput, 3) and their interference conditions due to
the channel quality indicator reported in previous frames.

e Restriction Matrix

The restriction matrix W[N, N] approximates the inter-
cell interference between the sectors of the network wli, j]
in terms of the percentage of interference time. The model
used for sensing the environment and estimating the inter-
cell interference is based on MRs (Measurement Reports)
and the Coupling Matriz [5].

In this approach, the terminals periodically send MRs
to the serving BSs. The MR indicates the received signal
strength Rz Lev of the serving cell S;, as well as the stronger
neighboring ones S;. These signal levels are estimated ac-
cording to the BS preambles.

Every time a MR is received by S;, it increases the MR
counter (M R; ++). Moreover, if the offset between the sig-
nal level of S; and S; satisfies condition (1), S; also increases
the interference event counter (Interf; ; ++).

RxLev; < RxLev; + Thres (1)
where T'hres is an interference margin defined by the op-
erator (Thres = 12dB).
After certain time, the percentage of interference time be-
tween S; and S; is can be computed as:

Interf; ;

ME, (2)

wli, j] =

Once the inputs of the DFP are obtained, the frequency
assignment problem can be model as a Mixed Integer Pro-
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Figure 1: Measurement report.
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gramming problem as follows (3), where the target is to find
the optimal solution that minimizes the given cost function.
This cost function represents the overall network interfer-
ence.

N-1N-1K-1 N
min 3 3 3 Sy (3a)
i=0 j=0 k=0 " ° J
subject to:
K
> @ik =D; Vi, k (3b)
k=0
Tigk + 2k — 1 < ik Vi, j, k (3¢c)
Yigk =0 Vi, j, k (3d)
zix €{0,1} Vi, k (3e)

where x; 1, indicates that sector S; uses the kth frequency.
Constraint (3b) imposes that sector S; uses D; sub-channels.
Inequalities (3c) and (3d) together force that in an optimal
solution: y;, jx = 1 if and only if both sectors S; and S; use
frequency k, and y; j,r = 0 otherwise.

Finally, the cost function is the sum of the interference
between all pair of sectors S;, S; and all the frequencies k.
To estimate the percentage of time that both sectors S;, Sj
are transmitting using the same frequency k at the same
time, the interference restrictions w;,; must be divided by
the number of used sub-channels D;, D; for both sectors
Si, S;.

Many different approaches can be proposed to find the op-
timal or at least a good solution for the DFP problem in a
macrocell environment. Three different approaches based on
simulated annealing, tabu search and greedy algorithms has
been proposed in [4]. Heuristics will find slightly higher qual-
ity solutions than greedy algorithms when solving DFP, but
at the expense of longer running times. Therefore, when us-
ing DFP in an on-line scenario, it may be worth using faster
algorithms since they produce only slightly worse solutions.

In this case, to cope with the dynamic behaviour of real
time services, we will use the seven greedy algorithms pro-
posed in [4] to solve the DFP problem. They run so fast
that we can afford to run the seven algorithms and choose
the best solution.



3. DYNAMIC SYSTEM-LEVEL
SIMULATION

The dynamic system-level simulator presented in this sec-
tion is focus on the analysis of OFDMA/TDD (Time Divi-
ston Duplez) WiMAX networks, more in detail, on the per-
formance of its MAC (Medium Access Control) and PHY
layers. Each iteration represents one OFDMA frame and
it includes features such as traffic generation, user connec-
tion, scheduling, RRM (Radio Resource Management), burst
transmission/reception, and channel state feedback among
others. Note that mobility models are not used in this sim-
ulation, since handover analyses are out of the scope of this
paper. For the sake of simplicity, only the DL (DownLink)
module is presented. In the following, the simulation flow is
described.

3.1 Initialization

In this module, the network configuration and the simu-
lation parameters are fed in, e.g. antenna and propagation
models, building and terrain data, BS and UE (User Equip-
ment) information, service types, user profiles and traffic
maps.

3.2 Path loss and fading calculation

In this platform, in order to model the radio channel be-
tween the BS and the UE, the path-loss, shadow fading and
multi-path fading are considered.

Hata, FDTD [6] and Ray Tracing [7] models can be used
here to compute the path-loss, each one with different fea-
tures. Hata models are more suitable for broad analysis
where the accuracy of the prediction is not an issue. Con-
trary, FDTD and Ray Tracing models produce more accu-
rate results at the expense of the running time. All these
models are tuned for working at f = 3.5 GHz.

In addition, a log-normal distribution is used to model the
shadowing effects, while SUI (Stanford University Interim)
models are used to model the fast variations of the signals
due to multi-path and the frequency selective fading. Note
that a single shadow fading value and a set of K multi-path
fading values are generated for each UE and OFDMA frame.

3.3 User Generation

In this module, the traffic load of the network is updated
according to a Poisson process [8]. The probability of the
arrival of n new sessions is given by:

AT)"™ (—a1)

pn(T) = !

(4)

where T'[s] and A[ue/km? - s] denote the sampling period
and the average arrival rate per area, respectively.

For each new session, the holding time ¢y is described by
an exponential distributed random variable generated from
the next PDF:

Feg (trr) = pe—rtm) (%)

where p denotes the mean holding time.
To simulate different service densities within a traffic map,
different values of A and p can be defined per service type.

3.4 Best Server and Preamble Decoding

Once that a new session is generated, the UE and the
network attempt to connect with each other through a BS.
The UE selects the sector, which provides the best received

pilot signal strength as a server, where this parameter must
be larger than the sensitivity of the antenna of the UE.

After the best server of the user is identified, a connec-
tion is set up between them. This connection is defined by
the pair: CID (Connection Identifier) / SFID (Service Flow
Identifier) where the CID denotes the unique identity of the
connection and the SFID refers to the QoS features of it.

After the connection is established, the UE estimates the
signal quality of all the sub-channels of the BS preamble.
Then, the UE feeds back this information to the BS, which
will use it to select the appropriate user profile for the trans-
mission.

Table 1: WiMAX User Profiles [9]

RAB | Modu- | Code | SINR [dB] | Efficiency
lation rate | threshold bit/symbol
RAB1 | QPSK 1/2 2.88 1.00
RAB2 | QPSK 3/4 5.74 1.50
RAB3 | 16QAM | 1/2 8.79 2.00
RAB4 | 16QAM | 3/4 12.22 3.00
RAB5 | 64QAM | 1/2 15.88 4.00
RAB6 | 64QAM | 3/4 17.50 4.50

3.5 Traffic Generation

The traffic generator agent is considered as an upper layer
application that generates MAC-SDUs (Service Data Unit).
These MAC-SDUs are created according to different traffic
models that vary depending on the service type (Section4).
These MAC-SDUs are inserted into a queue, which is asso-
ciated to the UE connection, after the mapping CID/SFID.

Note that when using real time services, the MAC-SDUs
that are not transmitted at the required time will be deleted
from the CID/SFID queue, and the packets will be dis-
carded.

3.6 ARQ Block Generation

The MAC-SDU are fragmented into MAC-ARQ blocks if
the HARQ (Hybrid Automatic Repeat Request) mechanism
is enabled in the given CID/SFID connection [10]. The size
of the MAC-ARQ can be selected from the following set:
{64, 128,256, 512, 1024, 2048} [bytes] [11].

3.7 Scheduling and Quality of Service

First of all, the MAC scheduler classifies the different con-
nections into different traffic classes. Each traffic class has
its own priority, sorted here in decreasing order: UGS (Un-
solicited Grant Services), TtPS (real-time Polling Services),
ErtPS (Extended real-time Polling Services), nrtPS (non-
real-time Polling Services) and BE (Best Effort).

Afterwards, the MAC scheduler classifies the connections
within the same traffic class applying a scheduling policy.
This simulation platform supports three different strategies:
FIFO (First In First Out), Best SINR (Signal to Interfer-
ence plus Noise Ratio) and PF (Proportional Fair). When
using FIFO, the connections that were created first have
the highest priority. On the other hand, best SINR and
PF make use of the channel quality information fed back in
previous frames to classify the connections. The best SINR
policy tends to increase the network throughput, since the



UEs which larger SINRs (close to the BS) are scheduled
first. The PF policy tends to increase the fairness between
the users, since the UEs with larger ratio current to aver-
age SINR are scheduled first. The SINR history of a UE is
recorded in a moving window.

3.8 Radio Resource Management

First of all, the ARQ blocks of the user, which is appointed
by the scheduler, are fragmented or concatenated into MAC-
PDUs (Packet Data Unit). The size of the MAC-PDU can
be selected from the next set: {64, 128, 256, 512, 1024, 2048}
[bytes].

Afterwards, resources are allocated to the UE by the BS
for satisfying its bandwidth demand, while achieving its QoS
requirements taking the channel conditions into account [12].

The minimum resource that can be allocated by the BS is
the slot, which consists of one sub-channel and one, two or
three OFDM symbols, depending on the network configura-
tion. Note that the sub-channels maybe built by using either
contiguous or pseudo-random distributed sub-carriers.

Slots built of contiguous sub-carriers, AMC' (Adaptive Mod-
ulation and Coding), are suitable for those users, whose
channel conditions change slowly across the sub-channels
over time, since the BS can exploit multi-user diversity.

Slots built of distributed sub-carreirs, PUSC (Partial Us-
age of Sub-Channels), are suitable for those users, whose
channel conditions vary quickly over the frequency and time,
since the BS can take advantage of frequency diversity.

The resources are allocated to the UE by the BS in a form
of burst, which is a two dimensional (frequency/time) data
region of contiguous slots. Since the number and size of the
ARQ blocks to be transmitted are known by the BS, and
also the modulation and coding scheme to be assigned to
each UE (Table 1), the BS can compute how many slots are
need to served each user, and then, build its burst.

The BS will allocate as many slots as needed to accom-
modate the minimum number of PDUs that satisfies the
minimum required throughput of the user service (fair ap-
proach). If after serving all users there are still resources left,
the burst of the user is expanded with more PDUs. What
slots are allocated to the UE depend on the resource allo-
cation strategy. In this work, 3 different resource allocation
strategies for interference mitigation are used: reuse 1, reuse
3 and DFP.

These FRSs are given for comparison and described by
the notation N. x N X Ny, where N, denotes the number of
channels, N; indicates the number of sectors per BS, and Ny
shows the fragments number in which the channel is divided.

When using 1 x 3 x 1 (Figure 2), there is only one radio
channel available and each BS of the network has 3 sectors.
Afterwards, every sector of the network is allowed to use all
the sub-channels within the radio channel. Using this FRS,
no frequency planning is needed, simplifying the task of the
operator, but the chance of inter-cell interference coordina-
tion is then neglected.

When using 1 x 3 x 3 (Figure 2), the channel is divided in
three segments and each segment is assigned to each sector.
This scheme simplifies the radio frequency planning design,
since the operator only needs to assign segments to sectors.
Additionally, this FRS mitigates inter-cell interference by
reducing the probability of slots collision by a factor of 3.
However, the sector capacity is reduced by a factor of 3 too.

FRS 1X3X3

st

Figure 2: Frequency Reuse Scheme.

3.9 Power Resource Management

Since the focus of this work is the analysis of sub-channel
allocation techniques, a simple but realistic power allocation
strategy has been considered. The power P; of a macrocell
S; is equally distributed among all its existing pilot and data
sub-carriers (Rpiiot+ Rdata), in the following way:

e If sub-channel k is busy, a power P;/(Rpiiot + Rdata)
is applied to each one of its data sub-carriers.

e [f sub-channel k is idle, no power is applied.

3.10 Transmission and SINR calculation

Once the RRM module has built the ODFMA frames,
they are transmitted from the BSs to the UEs. Interfer-
ence will happen when the signals of several UEs overlap
in the frequency (sub-channel) and time (slot) domain. For
the sake of simplicity, a perfect synchronization is assumed
between all the BSs. Therefore, inter-cell interference will
occur when several UEs use the same sub-channel/symbol.
Note that intra-cell interference has been neglected due to
the orthogonality features of the OFDMA sub-carriers.

To compute the SINR value of each slot (zth sub-channel
yth symbol) of each BS, the next model is used:

- Pz,y,i : PLz,m : GLz,m (6)
> (Puy,j-PLjm-GLjm)+o
J=0,j#i

SINRy i =

where m = UE, ,,; and P, 4 ; denote the user and power
allocated in the xth sub-channel and yth symbol of the ith
BS. PLkug,, , indicates the path-loss, shadowing and mul-
tipath fading attenuation. GLk,UEm)W indicates the gains
and losses between k and m, e.g., antenna gain, cable loss,
noise figure. Finally, o makes reference to the background
noise experienced by the sub-channel.

3.11 ARQ block decoding

The SINR of each ARQ block is calculated as the average
SINR value of the slots in which the ARQ block is fitted
in. MIC (Mean Instantaneous Capacity) is used to compute
this average SINRarq value [13].

Then, if the ARQ block is a re-transmited version of a
previous ARQ block, the SINR of the ARQ block is re-
calculated. This is due to the HARQ mechanism. In this
case, a CC (Chase Combining) model is used to perform this
task [14]:

R
SINRepp=€e®-> SINRarq(t—r1) (7)
r=0



where R denotes the number of retransmissions and € rep-
resents the losses due to the combination of the ARQ blocks.
Note € = [0.2 — 0.3]dB.

Once the SINR.y; of each ARQ block is calculated, the
BS decides if this block was transmitted with an error or not.
To take this decision, the BS compares the SIN Ry of the
ARQ block with an SINR threshold, When the SINR.s; of
the ARQ block is larger than the threshold, the BS assumes
that the packet is transmitted successfully; otherwise the
BS assumes that the packet is erroneous, and it asks for a
retransmission.

Note that link-level simulations [12] and a random vari-
able uniformly distributed between 0 and 1 [15] is used to
select the SINR threshold. In this way, the randomness of
the decoding process is captured. Figure 3 illustrates this
decision process.

Random
Number

l

LUT

\\' SNIR yrresoid

Look Up Table

Yes

SNIR o> SNIR yresnas > > No error

BLER Vs SINR

Error

Figure 3: ARQ acceptance process

If the packet is not successfully transmitted after a maxi-
mum number of retransmissions (max = 3), the ARQ block
is discarded.

3.12 Channel Quality Indicator

The CQI is feed back from the UE to the BS to report
the channel state of the OFDMA sub-channels. This in-
formation will be used for the BS to select the modulation
and coding scheme assigned to the UE in the next OFDMA
frame. When the BS is using PUSC, the UE reports the
average SINR of all the sub-channels of the BS preamble,
while if the BS is using AMC, the UE reports the SINR of
the five best sub-channels of the BS preamble [16].

4. TRAFFIC MODELS

In this paper, two different real time services have been
used to analyze the performance of DFP under a truly dy-
namic scenario: VoIP and H.263 Video. In the following,
the way in which both traffic services are modeled is shown.

4.1 VoIP

A typical VoIP call can normally be divided into two
stages: talking and listening. In the talking period, the user
is transmitting packets, while in the listening period, the
user is receiving packets. Therefore, a two states Markov
chain can be used to model this process.

This kind of approach has been studied in [17], where the
parameters and values of such a model can be found. On
the one hand, the probability of moving from the active to
the inactive state is equal to 0.6, while the probability of
changing from the inactive to the active state is 0.4. On
the other hand, the period of time that a user is talking is
defined by an exponential distribution of mean 1.0 s, while

the period of time that a user is listening is defined by an
exponential distribution of mean 1.5s.

When the user is in the talking state, packets of fix size are
generated at regular intervals. The values of these parame-
ters depend on the voice codecs and compression schemes.
In this case, a simplified AMR (Adaptive Multi Rate) au-
dio data compression technique is used. The payload of the
AMR packets is 33 bytes, and they are generated at a rate
of 20ms.

When the user is in the listening state, a comfort noise
is generated in order to avoid the confusion of the customer
between the listening and disconnected state. The payload
of these packets is 7 bytes, and they are generated at a rate
of 160 ms.

4.2 H.263 Video

H.263 video is a codec designed for the transmission of
low data rates for video-conferencing and video-telephony.
This codec uses as a main element a block based DCT (Dis-
crete Cosine Transform), and three different types of frame:
I-Frame (Intra-coded Frame), which entirely encodes the
video image without reference to any other frame; P-Frame
(Predictive-coded Frame), which only encodes the differences
between the current and previous video image; PB-Frame,
which encodes two consecutive frames in one entity.

The I-Frames are transmitted at a constant and determin-
istic rate. In addition, an I-Frame is always followed by a
P-Frame. Therefore, a typical H.263 video session can be
modeled by using a two states Markov chain: P-Frame and
PB-Frame [18].

In order to evaluate the parameters of the H.263 video
model, the H.263 Star Wars video stream has been em-
ployed [19]. The probabilities of moving from a P-Frame to a
PB-Frame and vice-versa have been derived from this video
stream. Moreover, the size and duration of the P-Frame and
PB-Frame generated in each state can be derived using this
movie. First, the average and variance frame size (us o)
and duration (4 04) are obtained from the empirical data.
Afterwards, the cumulative density function of the frame
size (CDFy) and frame duration (CDFy) are calculated.

To obtain the frame size, a random number X, is gener-
ated from a normal distribution (C'DFy) with the previously
estimated frame size average and variance (us os). Then,
using the random number Xy and the previously computed
CDF;, the frame size can be estimated (eq. 8).

To obtain the frame duration and maintain the correla-
tion between the frame size and duration, the same random
number X, and the previously obtained (CDFy) are used

(eq. 9).

FrameSize = CDFg ' (CDFn(Xo)) (8)
FrameDuration = CDF' (CDFy(Xo)) 9)

S. EXPERIMENTAL EVALUATION

In this section, the presented WiMAX dynamic system-
level simulator is used to analyze the performance of DFP
compared to currently used FRSs.

A non-uniform WiMAX network comprised of five BSs
with three sectors each is used in this experimental evalua-
tion. To simulate an uneven distribution of the UE within
the scenario, 1 background traffic map and 2 hot spots are
used. Note that VoIP and H.263 video users are generated



with in each traffic map according to different average arrival
rates: AES p = 5, A\I212 =10, ABSi; = 2.5 and AB51% = 5.
The scenario and the main parameters of the network can
be seen in Figure 2 and Table 4.

T,
W

Figure 4: Scenario for Dynamic system-level Simu-
lation

The results of the simulation can be seen in Table 3. These
results have been taken from a simulation of 160000 frames
of 5ms each one, which is equivalent to 30 minutes. Note
that DFP runs in a frame by frame basis.

When using FRS 1x3x1, since there is no interference co-
ordination, the network suffers from interference, and the
number of re-transmission is large due to the low signal qual-
ity of the users (Re-tx ratio = 44.22%), However, due to the
re-transmissions and the HARQ combining process most of
the packets are successfully decoded by the user (Packet loss
ratio = 6.85%). Note that the average delay of the network
is within acceptable values, from around 1 frame (6.17 ms).

On the other hand, if FRS 1x3x3 is used, interference
avoidance is achieved, but the sector capacity is reduced.
Because of this, and since the network is highly loaded, most
of the packets are delayed and even discarded before trans-
mission due to the lack of resources and the large queu-
ing times. As a result, the average delay of the network
(16.30ms) and the packet loss ratio (19.63%) significantly
increases. Note that the number of re-transmissions is small
(8.44%), since interference avoidance is provided by the FRS
scheme, but also because only a few packets are send across
the network (lot of packets are discarded before transmis-
sion).

When using DFP, the different sectors are able to adapt
their resources to the users demands and then provide in-
terference avoidance by a sophisticated on-line frequency
planning. As a result, the network delay (5.58 ms) and the
packet loss (5.22%) are greatly reduced. Note that the re-
transmission ratio is not reduced against 1x3x3, the reason
behind this is the network traffic. Since DFP reduced the
queuing times, many more packets are send across the net-
work.

Finally, the average network throughput corroborates what
has been reveal above. The most sophisticated algorithm,
DFP, provides the best network throughput, while the FRSs
provide worst results due to the lack of interference coordi-
nation or resources.

Note that due to the retransmission, most of the packets
are decoded successfully when using 1x3x1. As a result, the
throughput carried by the network does not greatly improve

Table 3: SIMULATION RESULTS
Technique 1x3x1 | 1x3x3 | DFP
Packet loss (%) 6.85 19.63 5.22
Re-transmissions (%) | 44.22 8.44 20.01
Delay (ms) 6.17 16.30 5.58
Jitter (ms) 331 | 3.86 | 3.48
Throughput (Mbps) | 914.01 | 620.53 | 980.51

when using DFP. However, it does decrease the number of
retransmissions.

6. CONCLUSION

This paper has introduced a dynamic system-level sim-
ulator for WiMAX networks that can be used to analyze
the behavior of different interference avoidance techniques.
Moreover, the performance of DFP has been compared with
off-the-shelf FRSs. DFP has been proven able to provide re-
source balancing and interference avoidance between sector
of the network. DFP reduces the average delay of the net-
work in comparison with such FRSs, which is a key factor
for real time services. In addition, it also is able to improve
the network throughput, and decrease the number of loss
and re-transmission packets.

We are working on the analysis of distributed and dynamic
frequency assignment algorithms that will allow DFP to run
on a very regular basis on the BS. In this way, the delay of
the centralized architecture will be avoided.
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