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Abstract—IEEE 802.16/WiMAX-based mesh networks are 
important to improve scalability and coverage in the next 
generation wireless communication systems. However, the 
quality of service (QoS) provisioning among heterogeneous 
traffic with different QoS requirements and fair resource 
allocation are main challenges that are not yet addressed in 
the standard. This paper introduces a channel-aware 
scheduling algorithm with the aim of providing the required 
QoS guarantees for various types of traffic flows and 
satisfying temporal fairness proposed for centralized 
scheduling mesh networks. The scheduling is based on an 
error-free credit-based fair queuing (CBFQ) algorithm which 
is developed for multi-rate error-prone wireless channels. The 
introduced compensation and fairness techniques, along with 
channel data rate adaptation scheme, confirm a significant 
system performance in multi-rate environment while 
achieving fair temporal access. 
 

Index Terms—mesh networks, scheduling algorithms, IEEE 
802.16/WiMAX, quality of service. 

I. INTRODUCTION 
ROADBAND wireless access (BWA) technology is 
able to be a key technology for high-speed multimedia 

services in the next generation wireless networks. The 
BWA systems provide many advantages including high 
scalability, rapid development, and lower maintenance and 
upgrade costs. In this way, IEEE 802.16 is one of the 
attractive and promising technologies to satisfy various 
demands for high data rate transmission and advanced 
multimedia services in public and private networks [1]. To 
provide more flexibility and support different applications, 
this standard defines two operational modes for sharing the 
access medium: point-to-multipoint (PMP) mode and mesh 
mode. In the PMP mode, similar to cellular structure, a set 
of users is interconnected through a base station. Therefore, 
each station has to directly communicate with the base 
station to transmit its traffic streams. In the mesh mode,  
the multihop communication is allowed and every user  
can communicate with its neighbors without the help of  
the base station. Hence, traffic streams can be routed  
among the mesh subscriber stations based on a mesh 
routing manner. 

The mesh mode operates in the time-division duplex 
(TDD) for the uplink and the downlink data transmissions 
and introduces two specific scheduling mechanisms for 
routing traffic and scheduling resources. These 
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mechanisms are centralized scheduling and distributed 
scheduling. In centralized scheduling which is the focus of 
this paper, mesh base station (MBS) manages all traffic 
among the mesh subscriber stations (MSSs). Therefore, 
each MSS needs to send its request message to MBS to 
access the medium through its neighbor nodes. To avoid 
the routing loop, the MBS maintains a routing tree where 
the MBS is the root and the MSSs are other nodes. In this 
case, the traffic is routed through the links of the tree. In 
distributed scheduling, to transmit data, a fully distributed 
manner is applied without interaction with the MBS. 

IEEE 802.16/WiMAX standard with collaboration of 
advanced technologies such as adaptive modulation and 
coding (AMC) and hybrid automatic repeat request 
(HARQ) is a promising technology to support high-speed 
heterogeneous traffic with various QoS requirements. 
Meanwhile, the standard leaves QoS support features 
including resource management and scheduling rolls and 
open it to research. It is obvious that the scheduling 
algorithm is a key feature to manage and allocate the 
resources efficiently and consequently, can guarantee QoS 
requirements. On the other hand, in efficient scheduling 
algorithm, the available resources should be allocated in a 
fair manner among the users which is another challenge 
to research. 

Although many works have been done to improve 
system performance concerning QoS provision in PMP 
mode [2]-[5] and also many works have been published in 
spatial reuse and scheduling tree in mesh mode [6]-[9], 
there is only a few published works considering end-to-end 
QoS provisioning in the mesh operational mode [10]-[11]. 
Shetiya and Sharma [10] introduced a scheduling algorithm 
which provides end-to-end QoS guarantees per flow. The 
algorithm calculates the number of slots required to satisfy 
the drop probability requirements. To ensure that the flow 
of traffic originating of each node gets its proper share of 
bandwidth, the traffic is put in different queues on each 
node. Authors in [11] described a frame registry tree 
scheduler which provides a data structure to prepare the 
creation of time frame. In order to increase the number of 
transmitted packets, each packet is scheduled at the last 
time frame before its deadline frame. 

In this paper, we introduce a scheduling algorithm 
maintaining a fair share of available resources over the 
multi-rate wireless medium. The algorithm is an extension 
for mesh mode to the previous work [12] that focused only 
on the PMP mode. As the standard, instead of the PMP 
mode, defines no service classes in mesh mode, we 
suppose that the scheduler classifies arriving packets to 
those of  classes  described in the  PMP mode.  However, as  
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Fig. 1.  IEEE 802.16 mesh centralized scheduling mode frame structure. 
 
the transmissions between nodes are based on node ID, 
instead of connection ID, this method cannot be applied 
directly in mesh mode. Similar to [13], assume the MBS 
assigns five node identifiers, instead of one, to each MSS. 
These five virtual nodes can represent the five service 
classes. In this case, the introduced scheduler distributes 
the bandwidth among service classes and then among the 
flows according to the QoS requirements. The proposed 
algorithm is an extension form of a simple error-free CBFQ 
algorithm [14] modified for centralized scheduling mesh 
networks in the multi-rate error-prone channel. The 
scheduler attempts to distribute the available resources 
fairly among the flows in terms of their weights and also 
tries to obtain maximum throughput through the channel 
data rate selection scheme. In this way, the packet selection 
is based on channel conditions, packet size and collected 
credits. 

The rest of this paper is organized as follows. As the 
proposed scheduling algorithm is based on error-free 
CBFQ and operates in the centralized scheduling mesh 
mode, we describe centralized scheduling and the CBFQ 
algorithm briefly in the section II, then, the channel-aware 
service flow management is proposed in section III. In 
section IV, we discuss the channel data rate selection 
model which determines the channel data rate in each link 
according to link conditions. The schedulers utilize the 
channel data rate to manage the resources. Simulation 
results and discussions are presented in section V and 
section VI contains conclusions of the paper. 

II. RELATED SCHEDULING SCHEMES 

A. Centralized Scheduling Scheme 
IEEE 802.16-based mesh mode supports TDD operation 

for the uplink and the downlink transmission. Time is 
divided into equally parts named frames. As illustrated in 
Fig. 1, each frame includes control and data subframes. To 
manage the network configuration and data transmission, 
the MBS uses two types of control subframes, named 
network control and schedule control. The network control 
messages, mainly used for synchronization, occur 
periodically with the period indicated in the structure 
network descriptor. The schedule control subframe occurs 
in all frames without the network control subframe. The 
standard defines many types of scheduling messages 
transmitted through the schedule control subframe 
including centralized and distributed scheduling messages. 
In this paper, we focus on the centralized scheduling 

scheme which is mainly used for transferring data between 
MBS and MSSs. In this case, the standard defines two 
types of messages, namely, mesh centralized configuration 
(MSH-CSCF) and mesh centralized scheduling (MSH-
CSCH) in control subframe. The MSH-CSCF massage is 
periodically broadcast to inform the nodes about the 
network topology changes while the MSH-CSCH message 
is used to bandwidth request and bandwidth grant 
processes. Each node having a packet to transmit sends a 
request through the MSH-CSCH request message. The 
message is relayed to the MBS through the MSSs located 
in the routing tree. According to arrived requests to the 
MBS, scheduler, then, grants the bandwidth to the nodes 
and informs them through broadcasting the MSH-CSCH 
grant message routed in the routing tree topology. This 
message is relayed by MSSs to their children, and finally, 
all nodes know when they can transmit and receive their 
own traffic. 

IEEE 802.16 can support multiple communications 
services with different QoS requirements. But the standard 
does not classify these services in mesh mode. Therefore, 
we assume that the scheduler classifies various traffic flows 
to the services which are defined in PMP mode. These 
services are described as follows: 

- Unsolicited grant service (UGS): this service is 
broadcast for real-time applications with constant bit 
rate. The scheduler allocates a fixed amount of the 
bandwidth to each flow in periodic intervals. 

- Real-time polling service (rtPS): this service supports 
real-time applications with variable packet size and 
provides guarantees on throughput and latency. 

- Extended real-time polling service (ertPS): This is 
defined to better support real-time applications such as 
voice over IP with silence suppression. Therefore, 
similar to UGS, the default bandwidth corresponding 
to maximum sustained traffic rate is provided to 
support traffic flows. 

- Non-real-time polling service (nrtPS): this service is 
suitable for applications that are time-insensitive and 
require minimum throughput. 

- Best effort (BE) service: this service is appropriate for 
traffic with weak QoS requirements. 

B. Credit-Based Fair Queuing (CBFQ) 
The error-free CBFQ algorithm [14] is a simple 

algorithm that provides a bounded counter value which 
avoids the overflow problem that maybe encountered in  
the virtual-time-based algorithms. The family of virtual-
time based algorithms such as weighted fair queuing 
(WFQ) [15] and worst-case fair weighted fair queuing 
(WF2Q) [16] relies on virtual clock which needs to emulate 
a reference fluid fair queuing (FFQ) [17] server which is 
computationally expensive. However, in the virtual-time-
based family, since the time tag is an increasing function of 
the time, the virtual clock cannot be reinitialized to zero 
until the system is completely empty and all sessions are 
idle. Hence, the virtual-time can be extremely large and 
lead to over flow problem. Consequently, to avoids the 
overflow problem and provide simple and fast algorithm in 
the error-free channel, we employ the CBFQ algorithm 
as an error-free  service model and  develop it to support the  
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Fig. 2.  Two-level scheduler in centralized scheduling. 
 
error-prone channel over WiMAX environment. In the rest 
of this section, the CBFQ is described. 

Suppose there are N  flows buffered in the separated 
queues. The CBFQ algorithm supposes a credit counter for 
each flow and selects a backlogged flow for transmission 
of its head of line (HOL) packets according to value of the 
credit counter ( )k  and weight of the flow ( )φ . The flow 
selection criterion is defined in the following equation 

arg min i i
i B

i

L k
f

φ∈
−

=  (1) 

where the iL  represents the HOL packet size of flow i , 
and B  is the set of backlogged flows. In the initialization 
part, all credit counters are set to zero. When a flow, say 
one, is selected and its packet is transmitted, its credit 
counter is set to zero and the credit counters of other 
backlogged flows are updated by the following equation 
while the counters of unbacklogged flows are set to zero 

1 1

1

1

. , , 1

0

i i i
L k

k k i B i

k

φ
φ
−

← + ∀ ∈ ≠

←
 (2) 

In the error-free medium, the above equations allow the 
scheduler to distribute bandwidth among the flows fairly in 
proportion to their weights. However, the error-free 
scheduler can not be applied to wireless environment 
directly due to characteristics of wireless channel such as 
location dependent and bursty error. In other words, as the 
error-free scheduler transmits packets blindly, the 
transmitted packets of a flow in the dirty channel are lost 
and system throughput drops dramatically. In this case, to 
improve system performance and also provide fairness 
among the flows to access the channel, the lead/lag model 
and compensation model are recommended. The lead/lag 
model shows the status of each flow in error-prone channel 
in terms of amount of leading, lagging or in sync in 
comparison to fair error-free scheduler. Positive, negative 
and zero amounts of the lead/lag counter in each flow can 
show the lagging, leading and in sync statuses of the flow 
in comparison to the error-free scheduler, respectively. The 
lead/lag counter of a flow increases when the flow is 
unable to transmit due to channel conditions. In this case, 
another flow with the clean channel is selected to packet 

transmission and its lead/lag counter decreases showing the 
extra service received by the selected flow. A 
compensation model using the lead/lag counter attempts to 
provide the fairness among the flows. A leading flow can 
grant its transmission time opportunity to a lagging flow 
which its transmission link has changed to the transmission 
state. In this case, the lead/lag counter of the leading flow 
increases while the lead/lag counter of the lagging flow 
decreases. 

According to the above discussion, we introduce the 
adaptive credit-based queuing (ACFQ) algorithm based  
on the error-free CBFQ algorithm to provide a fair 
scheduling algorithm in multi-rate error-prone wireless 
environment. This algorithm is employed in the proposed 
two-level scheduling developed for WiMAX-mesh- 
based environment. 

III. CHANNEL-AWARE SERVICE FLOW MANAGEMENT 
In this section, the structure of the proposed uplink two-

level scheduler used in MSSs and MBS are described. In 
the MBS, arriving request messages are scheduled to 
allocate the required bandwidth to MSSs while in the  
MSS, allocated bandwidth is distributed among MSS  
traffic flows. 

IEEE 802.16/WiMAX standard does not detail any 
mechanism for end-to-end QoS provision in mesh mode. 
To distinguish heterogeneous traffic, we assume that traffic 
flows can be classified into UGS, rtPS, ertPS, nrtPS and 
BE classes based on QoS requirements. To provide this 
classification, as in [11], [13], it is assumed that the MBS 
generates five virtual IDs associated with the defined 
classes for each node. In this case, every class of a node 
can support a group of flows including flows arriving from 
end-users connected to the node directly (local flows) and 
flows arriving through routing tree originated from the 
other nodes (outer flows). As it is obvious from Fig. 2, in 
each node, packets of local flows are buffered in separated 
queues while the packets of outer flows with the same  
class characteristics are buffered in one queue. It means  
that each node considers only one queue in each class for 
outer traffic. 

Since the UGS traffic is assigned fixed bandwidth 
periodically and ertPS traffic enjoys a default bandwidth 
corresponding to the maximum sustained traffic rate, 
scheduling for these types of traffic is not considered. 
Therefore, the introduced two-level scheduler maintains 
three class schedulers (rtPS, nrtPS and BE schedulers) at 
the first level. Each class scheduler selects a packet among 
its backlogged classmate flows and sends it to the second 
level. In the second level, aggregate scheduler selects one 
packet among the arrived packets from the class 
schedulers. The policy of the packet selection in two levels 
is the same and based on the ACFQ algorithm described as 
follows. 

A. ACFQ Algorithm 
If CBFQ algorithm is applied in error-prone channel 

directly, packets are transmitted blindly and, consequently 
lots of packets can be dropped in dirty channels. To 
improve system performance, a channel-aware mechanism 
for adjusting the channel data rate according to channel 
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conditions is introduced in Section IV. However, only, 
using the channel data rate matched with channel 
conditions can not maximize the throughput. The reason is 
that the CBFQ has been designed for an error-free single-
rate channel and provides the throughput fairness among 
the flows. Consequently, the flows in the low channel data  
rates can take more transmission time in comparison to the 
flows located in the good channel conditions. On the 
contrary, if the scheduler is extended to support fair 
temporal access, instead of throughput fairness, we are sure 
that each user can access the medium for a fair share of the 
time and consequently low-throughput users in poor 
channel, reducing the throughput of other users, is isolated 
and users in good channel have more chances to packet 
transmission. Therefore, using the channel data rate 
selection scheme, we extend the CBFQ algorithm to 
provide a channel-aware scheduler which can distribute 
bandwidth among the users fairly in term of the 
transmission time. To provide these conditions, the (1) is 
revised by the following equation 

arg min

i
i

i
i B

i

L k
C

f
φ∈

−
=  (3) 

where iC  is channel data rate for flow i . As it is obvious, 
the comparison criterion is based on the time instead of 
byte in (3). Suppose that the flow j  is selected for 
transmitting of its HOL packet. The credit value of selected 
flow is renewed as follow 

max(0, )j
j j

j

L
k k

C
← −  (4) 

Instead of setting credit counter of selected flow to zero, 
similar to [18], we decrease the credit counter by the 
amount of service which the flow receives. As it is 
assumed that the credit is a positive value, if the selected 
flow has not accumulated enough credits ( )j j jk L C< , the 
scheduler adds some credits to all backlogged flows  
in proportion to their weights that the scheduler can  
set the jk  to zero. Therefore, the credit values of other 
backlogged flows are updated in terms of their weight  
as follows 

max(0, . ) , ,

j
j

j
i i i

j

L
k

C
k k i B i jϕ

φ

−
← + ∀ ∈ ≠  (5) 

As it is mentioned earlier, to provide fair share of 
medium access, the scheduler needs the lead/lag and 
compensation models in the error-prone channel. Needless 
to say that the above equations can provide the lead/lag and 
compensation models. For backlogged flows that their 
transmission channels are dirty (packet error probability is 
high), the transmission mode is set to zero (i.e., the channel 
data rate is zero) and the scheduler blocks the flows. In this 
case, according to (5), a blocked flow can collect the 
credits while the scheduler serves the other backlogged 
flows. In this period, the bandwidth belonging to the 
blocked flow is properly distributed among the other 
backlogged flows. On the other hand, collecting credits 
shifts the flow to the lagging state and increases its priority 

to access the channel. Finally, when the channel state 
changes, collected credits provide a high priority for the 
lagging flow to access the medium and allow the flow to 
compensate its lagging automatically. 

B. Adjusting the Two-Level Scheduler for Supporting 
Throughput Fairness and Temporal Fairness 

The packet selection in class schedulers and aggregate 
scheduler is based on the ACFQ. In the first level of two-
level hierarchical scheduling, according to introduced 
algorithm policy, each class of scheduler selects a packet 
among the HOL packets of flows in the same class and 
sends it to the second level. Packet selection is based on 
HOL packet length, credit value in each flow and channel 
data rate (See (3)). In the second level, the aggregate 
scheduler chooses a packet among arrived packets from 
different classes and allows it to be transmitted. Packet 
selection process is similar to first level. This type of 
scheduling distributes the bandwidth among the flows 
adaptively in terms of their weight. 

If the MSSs were connected to the MBS directly, the 
MBS scheduler which is responsible to distribute and 
allocate bandwidth among the nodes would provide fair 
medium access. Meanwhile, in the mesh topology when the 
some nodes are more than one hop away from the MBS, 
the MBS needs to implement an algorithm which can 
provide fair medium access among the all flows regardless 
of how many nodes they are away. The algorithm should 
schedule arriving bandwidth request messages and also 
determine required bandwidth for each node according to 
channel data rates between the node and its parents up to 
destination. In this case, based on the requested bandwidth, 
the MBS generates virtual packets and buffers them into 
the relevant queues. Separated queues associated with the 
queues defined in the MSSs are considered for each traffic 
flows in the MBS (See Fig. 2). Based on type of fairness, 
throughput and temporal fairness, a suitable method is 
implemented which is described as follows. 

In the case of throughput fairness, the scheduler does not 
consider channel data rate in the scheduling algorithm 
( 1 for all )iC i= . Therefore, the MBS scheduler attempts 
to provide the same throughput (the number of bytes 
arrived to destination successfully per time unit) for all 
flows in proportion to their weights, no matter how many 
nodes they are far from the MBS. In this case, when a 
bandwidth request message arrives to the MBS, the 
scheduler inserts the associated virtual packets into the 
virtual queue belonging to that traffic flow. In addition, it 
inserts the same number of virtual packets into its 
corresponding parents' virtual queues covering the packets 
to reach destination. It means MBS scheduler provides 
enough bandwidth for transmitting packets throughout their 
transmission route. Consequently, the two-level scheduler 
can provide the throughput fairness. 

In the case of temporal fairness, the MBS scheduler 
attempts to provide medium access fairly in terms of time 
among flows in proportion their weights, no matter how 
many nodes the flows are far from the MBS. In this case, 
the MBS scheduler needs to calculate a virtual channel 
data rate for nodes which are more than one hop away 
according to real channel data rates between  source and the  
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Fig. 3.  Virtual link in temporal fairness. 
 
MBS. On the other hand, as the queues in the MBS, in fact, 
are virtual queues associated with the queues in the MSSs 
and keep the virtual packets generated according to the 
bandwidth request messages received from the MSSs 
during  the  period  of  the  time  which  is  assigned  to  a  

flow, the number of virtual bytes that is served from a MSS 
queue should be the same as the number of bytes that is 
served from the associated queue in the MSS. This 
constraint is satisfied for the nodes connected directly to 
the MBS when the MBS and the MSS schedulers use the 
same real channel data rate. But, to approach to the above 
constraint for the nodes which are more than one hop away 
from the MBS, the MBS scheduler needs to calculate a 
virtual channel data rate. Now, in the rest of this section, 
through an example, we explain how the scheduler 
can satisfy the above mentioned constraint to provide 
temporal fairness. 

As an example, Fig. 3 shows the real and virtual 
topologies. The real channel data rates are 02R  and 0R  for 
link one (L1) and link two (L2), respectively. Suppose each 
node has one active flow and there are enough packets for 
transmitting in both flows in the nodes. Since the fair 
temporal access is assumed, the scheduler provides the 
same transmission time opportunity for two nodes (flows) 
to transmit their local traffic. Suppose one packet needs 0T  
seconds for transmitting in the channel data rate 0R  and the 
scheduler assigns 03T  seconds to each node. During 03T  
seconds, node 1 can send 6 packets and the MBS scheduler 
serves the 6 virtual packets of associated virtual queue to 
generate 03T  seconds time opportunity for this node. For 
the node 2, the calculated transmission time opportunity is 
the time that a packet needs to pass the L1 and L2. Thus, 
the MBS scheduler should subtract the packet transmission 
time opportunity required to pass L1 from calculated 
transmission time opportunity and add it on the bandwidth 
of node one. In other words, according to L1 and L2 rates, 
the scheduler has to consider 02T  seconds for transmitting 
packets from node 2 to node 1 and 0T  seconds for 
transmitting those packets from node 2 to the MBS if the 
MBS scheduler assigns 03T  seconds to the flow in node 2 
to pass the packets to the MBS. Dividing the allocated time 
opportunity can be calculated easily based on the real 
channel data rates as follows 

10 0
0 0

0 0

0 0 0

( ) 3 2 ,
2

3 2

R R
T T

R R
T T T

−+ × =

= −
 (6) 

During 02T  seconds, node 2 can send two packets to 
node 1 and then these packets can pass the L1 in 0T  
seconds. According to the mentioned constraints, to 
provide 03T  seconds medium access opportunity for the 
flow in the node 2, the MBS scheduler has to serves 2 

virtual packets from associated virtual queue. This can be 
obtained if the MBS scheduler calculates a virtual channel 
rate between node 2 and the MBS, and apply it on the (4)-
(5). Based on real channel data rates, the virtual channel 
data rate can be easily calculated as follows 

1
0 0

0 0

1 1 2( )
2 3

VR R
R R

−= + =  (7) 

Generally speaking, in temporal fairness, the scheduler, 
according to the real channel data rates, computes the 
virtual channel data rates for nodes which are more than 
one hop away from MBS and then, employs them to (4) 
and (5) to find the total medium access time opportunity for 
transmitting the packets from source to the MBS, then 
divides them into appropriate parts based on channel data 
rates which are in the route of passing packets. The above 
calculations can be easily extended for any node which  
is more than two hops away from the MBS. The scheduler 
can use the following formula to provide transmission 
opportunity for the nodes which are in the path of the 
source and MBS 

1( ) Total allocated time
MBS

i
i

j Source j

R
T

R
−

=

= ×∑  (8) 

where iR  and iT  are channel data rate for the link i  and 
required transmission time to relay packets of the source 
node in the node i , respectively. 

Finally, as the MBS scheduler needs the channel data 
rates to provide temporal fairness, the channel data rate 
selection scheme, described in the following section, 
provides transmission modes or channel data rates 
according to the links quality. 

IV. AMC MECHANISM AND CHANNEL RATE 
SELECTION MODEL 

In this section, similar to [19], a channel model is 
introduced for time-varying wireless channel. It is assumed 
that, the channel is flat frequency and remains invariant 
during a fixed time period, named frame. However, it can 
change from frame to frame. In this case, the Nakagami-m 
channel model is adopted to describe received signal to 
noise ratio (SNR) as a channel quality parameter. On the 
other hand, the entire SNR ( )γ  range is partitioned into 

1K +  consecutive intervals with the boundary points 
0 1 1Kγ γ γ +< < <…  in 1K +  states. 
To represent the multi-state of slow Nakagami-m fading 

channel, a finite state Markov channel (FSMC) with  
1K +  states is used. In this case, the channel is said to  

be in the state n  and channel transmission mode is  
n  if 1 , 0,1, ,n n n Kγ γ γ +< < = …  (each transmission mode 
corresponds to one modulation and coding level). To avoid 
deep channel fades, no data are sent when 0 1γ γ γ< <  
corresponding to mode zero. To obtain the boundary 
points, it is assumed that 0 0γ = , 1nγ + = ∞  and average 
packet error rate in all mode ( )nPER  is the same and equal 
to a prescribed packet error rate 0( )P . 

Since there is no exact closed-form expression for the 
packet error rate (PER) in coded modulations. Without loss 
of generality, we utilize upper bound of PER equations 
[20] and for simplicity approximate them with the 
following formula [19] 
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Fig. 4.  The simulation topology. 
 

1 if 0
( )

exp( ) if
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n
n n th

PER
a g

γ γ
γ

γ γ γ
< <⎧

= ⎨ − ≥⎩
 (9) 

where n  is mode index, ,n na g  and thγ  are constant 
parameters which are determined through the fitting 
algorithm. Average PER in mode n , nPER , is found to be 

1

1

1 ( )
Pr( ) ( )

[ , ( ). ] [ , ( ). ]

( )

, 1, ,

( , ) ( , )
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mn
n

n n n n
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n n
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n m
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γ γ

γ

γ γ
γ γ

+

+

=
Γ

Γ + − Γ +
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where γ  represents average received SNR, m  denotes the 
Nakagami fading parameter (Rayleigh channel 1m = ), 
Pr( )n  denotes probability of chosen mode n , ( , )m xΓ  is 
the complementary incomplete Gamma function and ( )mΓ  
is Gamma function. 

Given 0P , γ  and m , a simple searching algorithm 
determines the boundary points and guarantees the nPER  
is exactly 0P  [19]. 

V. SIMULATION RESULTS AND DISCUSSIONS 
In this section, the performance of introduced uplink 

scheduler is evaluated in terms of throughput, accounting 
the successfully delivered packets to destinations, and 
fairness showing how the available bandwidth is 
distributed among the flows. The system performance is 
testified in ideal channel and Rayleigh fading channel 
while the channel-aware and the channel-unaware 
scheduling are considered. Furthermore, the fixed multi-
rate medium and, adaptive multi-rate medium based on 
introduced channel data rate selection scheme are applied. 
In the case of fixed multi-rate, the channel-aware MBS 
scheduler makes a decision whether to block the MSS or to 
allow it for packet transmission at the prescribed channel 
data rate. If one of the links between source and MBS is 
dirty, the MBS scheduler blocks the node and assigns its 
bandwidth to other nodes. On the other hand, the scheduler, 
in adaptive multi-rate scenario, allocates the bandwidth 
based on channel conditions with the cooperation of the 
channel data rate selection scheme. 

Fig. 4 shows the topology of the network assumed in the 
simulation. Meanwhile, the scheduler has been testified on 
the other topologies. In the fixed multi-rate scenario, 
channel transmission rate is 0R  and 02R  for link L1 and 
L2,  respectively  where 0R  is the  transmission  rate in the  
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Fig. 5.  Throughput in fair temporal (Temp.) and fair throughput (Throu.) 
over ideal channel. 
 
mode one. In the adaptive multi-rate medium, channel data 
rates are determined by the channel data rate selection 
scheme introduced in the last section. In the case of non-
ideal channel, the Rayleigh fading channel model ( 1)m = , 
with Doppler frequency and prescribed PER  
equal to 10 Hz and 10E-4 respectively, is applied. The 
average received SNR in L1 and L2 are 18 dB and  
13 dB, respectively. 

It is assumed that three types of traffic, rtPS, nrtPS  
and BE, are activated in all connected nodes. The weights 
of classes are 4, 2 and 1, respectively and the weight  
of the classmate traffic is the same and equals to one. 
However, the weights of the classes can be justified 
according to the traffic characteristics. Similar to [4], the 
rtPS, nrtPS and BE classes are mapped over ITU 
(international telecommunication union) QoS classes 1, 4 
and 5 with maximum latency values 400 ms, 1 sec. and no 
limit, respectively, and the buffer size is 300 in term of 
number of packets. Simulation program is constructed in 
C++ environment and the MAC protocol works in the 
OFDM/TDD mode with a channel bandwidth of 20 MHz, 
and frame size of 5 ms. 

All nodes generate the same traffic in each class. A trace 
of a real MPEG4 video stream of an e-learning session [21] 
with 440 Kb/s mean arrival rate and 2200 bytes mean 
packet size is considered for rtPS class. In nrtPS and BE 
classes, an Internet traffic is used with packet sizes drawn 
from Pareto distribution (with the shape factor = 1.1 
mode = 4.5 KB and cutoff threshold = 200 KB) and packet 
inter arrival time with an exponential distribution (with 
average 0.4). 

Fig. 5 compares the throughput versus the number of 
MSSs in the presence of temporal and throughput fairness 
over ideal channel for rtPS, nrtPS and BE traffic classes. It 
is obvious that all nodes obtain their required bandwidth 
when a few nodes are in the network. Increasing the 
number of nodes, decreases available bandwidth for each 
MSS and consequently, first, BE traffic and subsequently 
nrtPS traffic are not fully satisfied. However, a fair share of 
the access time among the flows (Temp.) provides more 
chances to packet transmission for traffic in the high 
channel data rate and consequently, provides much better 
performance than the share of the bandwidth in terms of 
service (Throu.) in all types of classes. 

Fig. 6 illustrates the effect of error-prone channel on the 
packet transmission in the channel-aware and channel-
unaware scheduling. In the case of channel-aware, blocking  
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Fig. 6.  Throughput in channel-aware and channel-unaware scheduling 
over non-ideal channel. 
 

TABLE I 
TEMPORAL FAIR INDEX 

 

 rtPS nrtPS BE 

Channel-unaware 0.839 0.82 0.812 
Channel-aware 0.989 0.978 0.971 

Adaptive 0.99 0.994 0.997 
 
the nodes in the dirty channels grants more chances to 
other nodes for packet transmission, more successful 
packets delivery   and   consequently   improves   system   

performance significantly in comparison with the channel-
unaware scheduling where the packet transmission is 
blindly causing lots of packets drop in the dirty channels. 

Although the blocked nodes can not transmit during their 
blocked periods, the scheduler grants them enough 
bandwidth gradually after changing their states (in order to 
share the resources fairly among the flows). Fig. 7 
demonstrates normalized transmission time required for 
delivering packets to the destinations successfully (a few 
nodes as an example are shown). The curves declare that 
the proposed scheduler in the temporal manner shares  
the access medium fairly among all nodes over the error-
prone channel. 

As shown in Fig. 8, using the channel data rate selection 
scheme, adapting the channel transmission rate to channel 
quality, the scheduler provides a better performance in fair 
temporal scheduling. In this case, when the channel quality 
improves, the transmission mode increases and successful 
packets submission rises up. The Jain's fairness index [22] 
defined as follows, shows that the introduced adaptive 
scenario provides the best performance in the non-ideal 
channel (Table I) 
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m x
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 (11) 

where ix  is the effective transmission time achieved by 
flows i  and m  is the number of flows in the same class. 

VI. CONCLUSIONS 
In this paper, we introduced an uplink two-layer 

channel-aware scheduler for centralized scheduling 
algorithm in mesh mode. The scheduler employs the 
proposed adaptive scheduling algorithm named ACFQ 
in its two layers. The ACFQ develops the error-free CBFQ  
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Fig. 7.  Normalized transmission time in fair temporal and fair throughput 
over ideal and non-ideal channel. 
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Fig. 8.  Throughput in adaptive and fixed channel rate over non-
ideal channel. 
 
algorithm to support the multi-rate wireless error-prone 
channel in IEEE 802.16 mesh networks. As some nodes 
can be located more than one hop away from the MBS, a 

strategy was implemented in the MBS to provide the 
fairness among all flows in terms of throughput and 
temporal fairness. Finally, the performance of the scheduler 
was evaluated in various conditions such as ideal channel 
and Rayleigh fading channel in the presence of various 
types of traffic flows. Sharing the bandwidth in terms of 
time and service was discussed and shown that the 
scheduler presents higher throughput in fair temporal 
access than service access. Furthermore, it was illustrated 
that using channel data rate selection scheme based on the 
channel quality and compensation technique, the scheduler 
can provide a well temporal fairness among the flows in 
non-ideal channel. Finally, simplicity of the scheduler can 
highlight it in the practical implementation. 
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