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Abstract:The traditional congestion control mechanism TCP, performs very poorly in MANETs Because 
there are a number of new challenges such as wireless link error, medium contention and frequent route 
failures in this kind of networks. In this paper, we propose a fuzzy adhoc rate-based congestion control 
(FARCC) to enhance the efficiency of network in MANETs. In FARCC, we use a rate-based transmission 
scheme using two fuzzy controller of zero order Takagi Sugeno Kang (TSK) model to congestion 
detection and congestion control. The FARCC sender adjusts data rate by receiving a feedback packet 
from FARCC destination. NS2-based simulation results show that FARCC outperforms ITP and ATP to 
achieve, in terms of channel utilization, end-to-end average delay, and efficient and fair resource 
allocation in Ad Hoc networks under three scenarios, including chain topology, grid topology and random 
topology. 
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1. Introduction 

Ad Hoc networks are autonomous collection* of nodes communicating over wireless links any 
centralized administration which are communicating with each other by intermediate nodes. Their 
intrinsic flexibility, ease of maintenance, and lack of required infrastructure make them suitable for 
personal communication. Mobile adhoc networks (MANETs) have had many applications in battlefield, 
disaster rescue and conventions, where fixed communications infrastructures are not available and quick 
network configurations are needed. Congestion control is a critical issue to achieve optimal network 
resource utilization and fairness among end-to-end flows. In a network with shared resources, where 
multiple senders compete for link bandwidth, it is necessary to adjust the data rate used by each sender in 
order not to overload the network. Packets that arrive into router and cannot be forwarded are dropped, 
consequently an excessive amount of packets arriving at a network bottleneck leads to many packet 
drops. These dropped packets might already have travelled a long way in the network. Thus consumed 
significant resources. 

Additionally, the lost packets often triggers retransmissions, which means that even more packets are 
sent into the network. Thus network congestion can severely deteriorate network throughput. If no 
appropriate congestion control is performed this can lead to a congestion collapse of the network. That 
lead to increased delay and network throughput is reduced. 

Unfortunately, traditional TCP congestion control mechanism performs very poorly in MANET. TCP 
congestion control has an implicit assumption, that is any packet loss leads to network congestion. 
However, this assumption is no longer valid i2n the MANET as packet losses may well be due to channel 
bit errors, medium contention, and route failures. 

 The recent studies in [12] shows that under the impact of medium contention, window based 
congestion control algorithm is unstable and hence may not be appropriate for MANET, because the 
optimum congestion window size is very small and may be even less than one. Therefore the source 
should send less than one packet in one round trip time (RTT) which decreases the end-to-end 
throughtput. 

In recent years, the whole congestion control mechanism designed in manet, specify the number of 
packets that are droped lead to congestion. These approaches are divided into three categories: window-
based, rate-based and a hybrid between a window-based and a rate-based approach. 

Window-based congestion control algorithms only control the total number of packets that source 
should send in one round trip time (RTT). Window based congestion control is quite different from the 
Rate-based congestion control. This process tries to adjust the interval of the two packets sending event 
every round. The change of the interval is equivalent to the change of the sending rate and adjusting to the 
sending rate depends on the current network situation. Approaches of ATP[9], ADTFRC[4] are in this 
category. The third category is hybrid of both the rate-based and window-based congestion control 
approaches to congestion control such as RBCC[12] and TCP-AP[3] mechanisms. window-based 
congestion control is not appropriate for MANET to provide high throughput, short delay and stable 
performance with few packet collisions. 

Rate based transmissions aid in improving performance in three ways: (i) The improvement of the 
performance On the shared medium with avoiding the drawbacks lead to burstiness (ii) Since the 
transmissions are scheduled by a timer at the sender, the need for selfclocking through the arrival of 
SACKs is eliminated and (iii) Substantial reduction in intra-flow contention which exists between 
successive data packets[2].  

In this paper, we focus on the problems resulting from the medium contention and propose a novel 
Fuzzy Adhoc Rate based end-to-end Congestion Control scheme (FARCC). This is unlike TCP, a rate-
based congestion control and tuning of rate is operated in destination node. Extensive simulations show 
that our scheme significantly outperforms ITP and ATP in terms of channel utilization, average delay, and 
fairness between different flows. 
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The rest of the paper is organized as follows : Section 2 describes the related work. Section 3 discusses 
about congestion indications and congestion control. Section 4 describes behavior of different nodes in 
network and provides a brief description of FARCC protocol. Section 5 introduces the experimental 
environment used for performance evaluation of proposed protocol and discusses the results obtained 
from the experiments with using simulation. Finally, We draw the conclusion in Section 6. 

2. Related Work 

In this section, we will introduce ATP as well as Fuzzy concepts. In addition, we also describe the 
concepts of ITP[10]. It is a rate-based transmission scheme with fuzzy logic control to determine the 
proper data rate. 

2.1. Ad Hoc Transport Protocol (ATP) 

ATP[2] is a transport protocol which was developed for MANETs and is different from TCP protocol. 
Because of the difference in environment between traditional networks and MANETs, TCP will face 
many problems if used in MANETs. Several researchers have desired to solve the problems of mobility, 
limited bandwidth and wireless communication which TCP faces. ATP uses rate based transmissions 
instead of the window based transmissions performed by TCP. 

The rate-based transmission of ATP uses exponential weight moving average (EWMA) to get the data 
rate. The equation for EWMA is shown in (1). EWMA uses recursion to calculate the average data rate 
(Davg). The parameter α is a constant.  

 
( ) CurAvgAvg DDD ×−+×= αα 1  

 
(1) 

Where Dcur is current data rate. 
ATP provides reliable end-to-end transmission using selective ack(sack). It needs to coordinate with 

other layers, such as the MAC and routing layers, to function. In coordinating with other layers, the MAC 
layer needs to gather information which is used to adjust the data rate and to detect link failure to prevent 
packet loss. The routing layer sends out a notification of link failure. It also sends the information on the 
calculated data rate. The traditional TCP protocol does not have this function.  

2.2. Fuzzy Logic Control 

Fuzzy logic starts builds on a set of user supplied human language rules. The fuzzy systems convert 
these rules to their mathematical equivalents. 

Additional benefits of fuzzy logic include its simplicity and its flexibility. Fuzzy logic can handle 
problems with incomplete data, and it can model nonlinear functions. Fuzzy logic models, called fuzzy 
inference systems, consist of a number of conditional “if-then” rules. For the designer who understands 
the system, these rules are easy to write, and as many rules as necessary can be supplied to describe the 
system adequately[6]. In fuzzy logic, unlike in standard conditional logic, the truth of any statement is a 
matter of degree. Fuzzy inference systems rely on membership functions to explain to the computer how 
to calculate the correct value between 0 and 1. The degree to which any fuzzy statement is true is denoted 
by a value between 0 and 1. Not only do the rule-based approach and flexible membership function 
scheme make fuzzy systems straightforward to create, but they also simplify the design of systems and 
ensure that you can easily update and maintain the system over time. 

2.3. Improved Transport Protocol (ITP) 

Wang et al.[10] proposed an improved transport protocol (ITP) to enhance the efficiency of the 
transport protocol in MANETs. ITP gets the MAC layer information and uses a rate based transmission 
scheme applying fuzzy logic controller to estimate the appropriate data rate for transmission. Then ITP 
uses a feedback scheme to adjust data flow rate by receiving a feedback packet. The difference between 
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traditional TCP and ITP is that, ITP adjusts its transmission rate using the received packet instead of the 
acknowledgments or lost packets. 

When the ITP protocol starts, the source node will send a probe packet to gather the information of the 
entire route. This packet will trace all the nodes of the route. This tracing procedure is called the probe 
state. The probe packet can get the state of each node on the route. 

3. Background 

3.1. Operations of the IEEE 802.11 DCF protocol 

IEEE 802.11 is a standard for wireless LANs. The basic access method in its MAC layer protocol is the 
distributed coordination function(DCF) for the ad hoc networks. It is based on the mechanism of carrier 
sense multiple access with collision avoidance (CSMA/CA). DCF is used to support Asynchronous data 
transmission. Before starting a transmission, each node performs a backoff procedure, with the backoff 
timer uniformly chosen from [0, CW] in terms of time slots, where CW is the current contention window. 
If the channel is determined to be idle for a backoff slot, the backoff timer is decreased by one. 
Otherwise, it is suspended. When the backoff timer reaches zero, the node transmits a DATA packet. If 
the receiver successfully receives the packet, it acknowledges the packet by sending an acknowledgment 
(ACK) after an interval called short inter-frame space (SIFS). So this is a two-way DATA/ACK 
handshake. If no acknowledgment is received within a specified period, the packet is considered as lost; 
so the transmitter will double the size of CW and choose a new backoff timer, and start the above process 
again. When the transmission of a packet fails for a maximum number of times, the packet is dropped[8]. 
To reduce collisions caused by hidden terminals, the RTS/CTS (request to send/clear to send) mechanism 
is employed. Therefore, a four-way RTS/CTS/DATA/ACK handshake is used for a packet 
transmission[1]. 

3.2. Congestion indications 

In TCP congestion control mechanism, a missing packet is interpreted as a sign for network congestion 
but packet losses, which are not caused by network congestion, can be much more frequent in mobile 
adhoc networks. 

To conduct accurate end-to-end rate control, each node needs to robust and easily measured metrics for 
congestion detection and congestion control. Metrics such as channel busyness ratio which is the accurate 
sign of the network utilization as well as congestion. Thus we propose to use two metrics:1- channel 
busyness ratio 2- Average queuing delay in bottleneck nodes. 

In this subsection, we give the definition of the channel busyness ratio and elaborate on why and how it 
can be used to represent the network status. 

3.3. Definition of channel busyness ratio 

The channel busyness ratio is accurate metric for the network utilization as well as congestion. It is 
defined as the ratio of time intervals when the channel is busy due to successful transmission or collision 
to the total time.  

At the MAC layer, a backoff time slot could be an empty slot, which is one of these three kinds of slots; 
if respectively Tsuc is the average time period associated with one successful transmission, Tcol is the 
average time period associated with collisions and Tidle is the average time period that channel is idle. 
These metrics can be calculated as given in[2] : 

 
difssifsackdataTsuc +++=  (2) 

 
difstimeoutackdataTcol ++= _  (3) 
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All the parameters involved are indicated in Table1[13] and mostly the parameters are the default values 
in the IEEE 802.11. it is assumed that RTS/CTS mechanism to start transmission is not used in the sender 
node. 

At a backoff time slot if pi, ps and pc are respectively assumed as the probabilities that backoff time slot 
is an empty slot, a period associated with a successful transmission, and a period associated with a 
collision. It is assumed the total number of nodes in a WLAN is n. The transmission probability for each 
node in any backoff time slot isτ . We obtained the following equations[2]: 

n
ip )1( τ−=  (4) 
 

1)1( −−= n
s np ττ  (5) 
 

sic ppp −−=1  (6) 
 
Channel utilization (CU) is the ratio of time that channel has sent packets to the destination 

successfully. It can be calculated according to (7). 
 

colcsucsidli

sucs

TPTPTP
TPCU

++
=  (7) 

 
The channel busyness ratio (BR) can also be thought of as the ratio of time that the channel is busy due 

to successful transmissions as well as collisions to the total time. The channel is determined to be busy 
when the measuring node is sending, receiving, or is at its network allocation vector (NAV) condition and 
to be idle otherwise. 

We obtain BR, directly in each node by CSMA-based MAC protocol according to[5]. 

colcsucsidli

colcsucs

TPTPTP
TPTP

BR
++

+
=  (8) 

The recent studies [14] both theoretical and simulation studies,ones demonstrated that the IEEE 802.11 
DCF protocol could achieve the maximal channel utilization when it is working at the optimal point 
corresponding to a certain amount of arriving traffic that is denoted by Th_br. If the arriving traffic is 
heavier than this threshold, the network enters into saturation. This status results in significant increase in 
delay and decrease in throughput due to severe collisions. On the other hand, if the arriving traffic is less 
than this threshold, the channel capacity is wasted. 

 
Table 1. IEEE 802.11 system parameters 

 
 
As shown in fig.1., channel utilization is increased when channel load is increased and channel 

utilization will be maximum when the arriving traffic is %92 of the channel capacity. If the arriving 
traffic is heavier than this threshold causes decrease in channel utilization. As shown in [14], th_br is 
almost the same for different number of active nodes and different packet sizes. 
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Fig.1. Channel busyness ratio versus channel utilization 

3.4. Average queueing delay 

The average queuing delay is the average time spent by a packet from the time it is inserted into the 
queue of the nodes to the time it reaches the head of the queue to be dequeued by the MAC layer. 

If the number of arriving packets at a node is more than available bandwidth to be sent, this causes 
increase in the queue length of node. Therefore, delay and packet waiting time will increase in queue of 
the node. Average queuing delay is the other measurement that we used in FARCC congestion control 
mechanism and we obtained it in each node according to (9). 

( )( ) ( )( )
( ) ( )( )tqdelay

tqdelayAvgtqdelayAvg
×−+

×=
α

α
1

__

 
 

(9)

Where delay(q(t)) is amount of time which during a packet that is arrived at sampling period of T, 
spends in the node queue. Avg_delay(q(t)) is the average waiting time for the whole packets, which at 
sampling period of T passed through node. 

4. Fuzzy Adhoc Ratebase Congestion Control (FARCC) 
 

In this section, we will elaborate on the specific mechanisms used by FARCC. FARCC primarily 
consists of mechanisms at the sender to achieve effective congestion control and reliability. This 
approach, unlike TCP, uses rate-based congestion control instead of window-based congestion control 
and relies on feedback from the destination node. 

 Each time the FARCC sender transmits a packet, it attaches a congestion header to the packet as shown 
in Table2, which is used to communicate between the intermediate nodes and destination node. The rate-
stamp field is sender’s current Rate. Which is filled in by the sender and never modified in transit. The 
br_stamp field is channel busyness ratio that all the intermediate nodes along the path are calculated and 
may modify it to control the packet sending rate of the sources. The delay_stamp field is the average 
queuing delay that all the intermediate nodes along the path may modify it. The destination node is 
similar to a TCP receiver except that when it receives acknowledging a packet, it copies the congestion 
header from the data packet to its ACK. It also acts as a collator of the congestion information provided 
by the intermediate nodes in the network before the information is sent back to the sender. The 
destination node provides the reliability, flow control, and collated congestion control information 
through periodic messages. FARCC sender is responsible for the connection management and the start-up 
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rate [16]. 
Estimation and controls the sending rate of each flow by the explicit feedback carried in the ACKs. 

Table 2. Congestion header 

  

4.1. Intermediate node 

Delay(q(t)) is queuing delay experienced by per packet traversing the intermediate node. The 
intermediate nodes maintain an average queuing delay as avg_delay(q(t)) irrespective of the specific flow. 
It is performed over all the packets traversing through them. 

Average queuing delay is impacted by the contention between different flows traversing the node. This 
value is maintained using exponential averaging according to(9). For every outgoing packet, an 
intermediate node updates its avg_delay(q(t)) and delay(q(t)) values.  

Every packet consists of delay_stamp field. It refers to the maximum avg_delay(q(t)) value at the 
upstream nodes that packet has traversed through. When the packet is dequeued for transmission, the 
intermediate node updates the delay_stamp field in the packet with avg_delay(q(t)) value if delay_stamp 
field is smaller than avg_delay(q(t)) value. The Intermediate node runs an epoch timer of period E. This 
period E should be larger than the round trip time of a connection, but at the same time must be small 
enough to track the dynamics of the path characteristics. E is empirically chosen to be one second in our 
simulations. 

In addition, the intermediate node computes channel busyness ratio periodically For the whole channels 
communicating with it according to (8). Intermediate nodes in the network maintain maximum br(t) 
values.  

Each packet consists of a br_stamp field that refers to maximum br(t) value at the upstream nodes which 
packet traversed through. When the packet is dequeued for transmission, the intermediate node updates 
the br_stamp field in the packet with br(t) value, If it is smaller than br(t) value. 

Fig. 2 presents the pseudo code to behavior of the intermediate node. Where last br_time is the latest 
time that br(t) is computed. Total_channel is the number of  whole channels that a node communicats 
with them. 

4.2. Destination node 

The destination node provides periodic feedback to sender for the collates congestion information which 
are provided by the intermediate nodes (through the br-stamp and delay_stamp fields on the packets). 
When destination node receives a packet, delay_stamp and br_stamp fields in the packet refer to as 
maximum average queuing delay and maximum channel busyness ratio which are experienced by the 
packets traversed through intermediate nodes. Fig.3 presents the pseudo-code for behavior of the 
destination node. 

For every incoming packet belonging to a flow, the destination node performs an exponential averaging 
of the Delay_stamp value. In addition it performs  
periodically an exponential averaging of the br_stamp value which is specified in the packet. 
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Fig.2. Pseudo-code for intermediate node 
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Fig.3. Pseudo-code for destination node.  

 
The destination nodes in the network maintain avg(br_stamp) and avg(delay_stamp) values. In order to 

send the feedback periodically, the destination node runs an epoch timer of period T. Note that the period 
T should be larger than the round-trip time of a connection, but at the same time must be small enough to 
track the dynamics of the path characteristics. T is empirically chosen to be one second in simulations. 
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4.2.1.Congestion probability Estimation using Fuzzy Logic Controller 

The destination node gets packets and passes them through both the fuzzy logic congesion detection 
system and fuzzy logic congestion control system. Then it calculates appropriate transmission rate and 
piggybacks new rate on packet to the sender node. The fuzzy logic congestion detection system will 
calculate the probability of congestion using congestion header of packets. In the following section, we 
will introduce how use the fuzzy logic controller to estimate congestion probability. 

The system model of FARCC is shown in Fig.4. All inputs to fuzzy logic congestion probability system 
are considered as T, where T is the sampling period. The fuzzy congestion probability system consist of 
three inputs.  

 
Fig.4. system controller to transmission rate 

The input avg_delay(T) is avg(delay_stamp) and The input avg_br(T) is avg(br_stamp) that are both 
calculated by destination node. The input rate(T) to primary system is current data rate in congestion 
header of packet. The inputs avg_delay(T) and avg_br(T) are fuzzified into three linguistic terms: Low, 
Medium and High. The inputs rate(T) is fuzzified into four linguistic terms: Low, Medium, High, Vhigh.  

Usually, to define the linguistic rules of a fuzzy variable, Gaussian, triangular or trapezoidal shaped 
membership functions are used[7]. Since triangular shaped function offers more computational simplicity, 
we have selected it for three input variables. 

The fuzzification membership function of the avg_delay(T) and avg_br(T) and current data rate are 
shown in Figs 5 ,6 and 7 respectively. 

 
Fig.5. Fuzzification membership function Average queuing delay 
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Fig.6. Fuzzification membership function of channel busyness ratio. 

 
Fig.7. Fuzzification membership function of current send rate. 

 
In this paper, the Fuzzy rules are determined based on a full combination of the input variables. Hence, 

there will be 36 (3*3*4) Fuzzy rules. There are two types of Fuzzy set operations that are usually used in 
the rules, which are ‘AND’ and ‘OR’. In this paper, all of the Fuzzy rules are use ‘AND’ operator and 
‘Product’ operator is applied as implication method to avoid monotonic result. Each one of these 36 fuzzy 
rules are mapped into a constant value as zr where r is the index of rules. 

A zero-order TSK model is very simple, as it is a compact and computationally efficient representation, 
and uses adaptive techniques for constructing fuzzy models. These adaptive techniques may be used to 
customize the membership functions so that the fuzzy system best models the data. Moreover this kind of 
model is at the same time powerful enough to define a quite complex behaviour, if it is used with properly 
defined if-then fuzzy rules. The fuzzy system In FARCC is zero order TSK-Fuzzy system. If rth rule is 
denoted by Rr then the Fuzzy rule can be described generally as shown in the following equation: 

 
Rr: IF avg_delay(T) is C AND avg_br(T) is D AND rate(T) is P THEN prob(T) is zr. 
 
Where C, D and P are Fuzzy sets on a universe of discourses [0 10], [0 1] and [0 200] respectively. 
The output of fuzzy model as prob(T) is the probability of congestion, that is a value in the range [0,1] 

and how input variables are mapped to the probability of congestion detemined by simulation.  
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Parameters zr (probability of congestion) are initialized using simulations and gathered experiences. 
Simulation is performed according to scenario 3 over 200 simulation runs in section 7.  

In order to increase accuracy, the number of simulation runs is such that specified rule runs at least 20 
times in the system and determines whether network status is congestion or no in each run. 

Decision making to congestion detection is based on buffer overflow in nodes. For total rules the ratio 
of the number of times that congestion occurs to the total number of times that implemented i th rule. The 
result of this ratio is considered as conclusion Ith rule is calculated. 

The goal of the proposed fuzzy controller is to determine the probability of congestion using current 
Network Status and parameters except packet loss rate in the network. 

In Fig.8 the smooth surface which is defined by the fuzzy model is shown. The control surface is shaped 
by rule base and linguistic values of the linguistic variables. 

 
Fig.8. Decision surface of the fuzzy logic congestion probability. 

4.2.2.Congestion control using fuzzy logic controller 
In FARCC approache, There are 3 congestion levels low, medium and high. The destination node 

determines network congestion level using secondary fuzzy system at each sampling period according to 
Fig.4. The transmission rate tuned depends on specified congestion level through one of the three phases; 
multiplicative increase, additive increase and multiplicative decrease. 

two inputs of fuzzy logic congestion control system are considered at T, where T is the sampling period. 
The input prob(T) is congestion probability and output of primary Fuzzy system. The input rate(T) is 
current data rate in congestion header of packet. 

Where prob(T) and rate(T) are Fuzzy sets on a universe of discourses [0 1] and [0 200] respectively. 
Since triangular shaped function offers more computational simplicity, we have selected it for two input 

variables of fuzzy logic congestion control. The zero order T-S fuzzy model has been selected for this 
system. 

The fuzzification membership function of the prob(T) and current data rate are shown in Figs 9 and 10 
respectively. 
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Fig.9. Fuzzification membership function of congestion probability. 

  
Fig.10. Fuzzification membership function of current send rate.  

 
The output of secondary Fuzzy system detemineds by one of the congestion levels (Low, medium and 

High) according to table 3.  
 

Table 3. The output of fuzzy logic congestion control 

Congestion 
level 

Output

Low Z=0 

Medium Z=1 

High Z=2 

4.2.3.Plant modeling 

Plant based on one of the congestion levels(i.e. low, medium and high) which is specified in output 
secondary fuzzy system performs one of three phases of multiplicative increase, additive increase and 
multiplicative decrease on current transmission raterespectively. 

4.2.3.1. Multiplicative increase 

If specified congestion level is low, then network status is not congestion. Therefore inorder for the 
improvement of network throughput transmission rate should be increased so that avoiding occured 
contention and congestion in network as shown in (10)[13]. 

 
 
 

 
( )⎟

⎟
⎠

⎞
⎜⎜
⎝

⎛
×=

stampbravg
brThrateoldratenew

_
___  (10) 
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4.2.3.2. Additive increase 

if congestion level is medium then increases in transmission rate belong to average queuing delay of 
path nodes according to (11)[13].  

4.2.3.3. Multiplicative decrease 

If congestion level is high, then network status is 
congestion or probability of congestion event is high lead to decrease of network throughput. 

Therefore FARCC decreases send rate using average queuing delay and average channel busyness ratio, 
according to (12)[13]. 

 
 
 

 
The increase and decrease operations performed by FARCC are more accurate because of received 

feedback. The destination node compares the new transmission rate with the current rate. If difference is 
greater than E then the new transmission rate is stamped on ACK packet and is sent to the sender, since 
increase in the number of feedbacks lead to an increase in congestion and network load. 

4.3. Sender node 

Figs.12 and 13 present the pseudo code to the sender node behavior. The sender node immediately 
enters to connection initiation phase as part of its recovery mechanism after a route switch. In connection 
initiation phase, the sender node, sends a probe packet to receiver. The probe packet is piggybacked on 
the next data packet in sequence queued for transmission. When a new path is used, the connection is not 
aware of the available bandwidth on path. The probe packet perform bandwidth estimation once again 
allows the connection to operate at the true available bandwidth instead of either over utilizing or under 
utilizing the resources available along the new path. The sender node sets rate= th_br/150 in the 
congestion header of packet and sends into receiver. 

The fb_interval is the period associated with feedback sending into sender by destination node. 
According to Fig.11, when the value of fb_interval selected 0.8 second, the number of packets that are 
successfully received at the destination node is over the other values. Therefore The fb_interval value is 
set to 0.8 second. 

The br_interval is the period associated with channel busyness ratio computing in intermediate nodes 
and is set to 0.6 second in simulation.  

The sender node calculates time interval packets sending using send rate according to (13) as 
send_interval. After send_interval time the packet delivery function takes a packet from the buffer then 
sends it to the destination node and addes congestion header to the packet. 

⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
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Fig.11. Aggregate utility under 3 different fb_interval 

 

ratesend
packetsizeIntervalsend

_
_ =

 
(13) 

4.4. Reliability Control 

Congestion control and reliability control are coupled. In this paper we choose SACK (Selective 
Acknowledgment) as the reliability mechanism because it allows the sender node selectively retransmit 
only those missing packets, which reduce the number of unnecessary retransmissions due to out-of-order 
packet delivery in MANET. 

 

 
Fig.12. Pseudo-code start connection for sender node. 
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Fig.13. Pseudo-code normal operation for sender node 

5. Simulation result 

We used the NS2Error! Reference source not found.15] simulator to evaluate FRBCC under three 
scenarios, including a single chain topology, a grid topology and a random topology. These three 
scenarios provide the various interactions among the nodes in place. Unless otherwise stated, the default 
parameter settings are as follows: the two-ray ground reflection model is used as the radio propagation 
model, IEEE 802.11 DCF as the MAC protocol, and AODV as the routing protocol. The parameters in 
FRBCC are as follows: the initial values of the transmission rates are 110 kbps; The step sizes are 
appropriately tuned according to the scale of the network and the number of flows in network. In these 
topologies, each node is 200 meters away from its closest neighbors. The transmission range and the 
interference range are 250 m and 550 m, respectively. The data transmission rate is 2Mbps. The packets 
generated are of size 512 bytes in all the simulations. All the simulations are run for 100s. Every flow in 
both grid topology and chain topology exists for the entire simulation run, and each data point on the 
figure is averaged over 10 simulation runs. 

5.1. Scenario I:Performance in chain topology 

The simulation evaluates and compares ATP and ITP, and FARCC for the chain topology. The metrics 
employed to measure the performance of three mechanisms for the chain topology are the aggregate 
throughput and fairness index. The number of nodes in the chain topology is nine. The aggregate 
throughput is measured in bps and reflects the number of packets successfully received at the destination.  
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Fig.14. Fairness index in chain topology with eight flows (for 2,4,6 and 8 hops) 

The well-known fairness index is defined according to (14)[11], where n is the number of active flows 
and xi is throughput of flows. By this index, the fairer congestion control algorithm, the closer to one is 
the fairness index.  

Fig.14 shows the fairness index of ITP, ATP and FARCC. FARCC exhibits a remarkable fairness and 
as the number of hops increases, ITP and ATP tends to perform much more unfairly than FARCC. 

The end-to-end throughput over a chain topology as 
depicted in Fig.15, but with 8 hops only, is investigated 
here. It is interesting to note that, in general, the more 
flows, the better improvement of FARCC over the 
other congestion control algorithms. As is shown, 

throughput has average improvement of around 18% over ATP, and around 2% over ITP, on various 
flows . 

5.2. Scenario II: Performance in grid topology 

Aggregate throughput of FARCC is evaluated and compared against ATP, and ITP for the grid topology 
shown in Fig.16. In these evaluations, we firstly have only two flows crossing the topology vertically 
(flows 1 and 3 in Fig. 10). In the next step, four flows (flows 1, 3, 4 and 6 in Fig. 10) are injected into the 
network concurrently. In the final step, six flows are injected into the network concurrently. 
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Fig. 15. Throughput in chain topology (for 2,4,6,8 and 10 different flows) 

 
Fig. 16. Grid topology 

Fig. 17 shows the number of packets of each flow that successfully received at the destination and 
explicitly shows resource allocation among the competing flows. In this case, ATP and ITP failed to 
fairly allocate resource to these flows. The flows 2 and 5 were eventually starved, only received 16.5% 
and 7% of the overall sending packet in ATP, and 23% and 11% in ITP respectively, while The 5 flow 
1,3,4, and 6 almost occupied all channel resource and achieved high throughput. We see that FARCC 
preserves fairness pretty well for all flows. And improves the overall throughput around 53 percent over 
ATP, and around 36 percent over ITP. 
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Fig. 17. Aggregate throughput for ATP, ITP and FARCC approach with six flows in grid topology. 

 
The result of the fairness index is depicted in Fig.18 which shows a remarkable fairness of FARCC: the 

more concurrent flows, the better the improvement of FARCC over the congestion control algorithms and 
the mount of fairness index have an improvement of around 9 percent over ATP,and around 20 percent 
over ITP. 

 

 
Fig. 18. Fairness index in grid topology (for 2, 4 and 6 concurrent flows) 

5.3. Scenario III: Performance in random topology 

In this scenario the random topologies are generated for the simulations. The mobility model used for 
topology generation is the random waypoint model. All the simulations are performed for a grid 
consisting of 50 nodes, distributed randomly over the two dimensional grid. The sourcedestination pairs 
are randomly chosen from the set of 50 nodes in the network. Load on the network is 15 flows and FTP is 
the application that is used for all the flows in the network. 
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The first metric that is employed to measure the performance of FRBCC over ATP and ITP is the overall 
throughput shown in Fig.19. We observe for the random topology, with The larger speed of the node 
mobility, the aggregate throughput achieved by FARCC is able to provide an improvement of around 
13.8%–48.4% over default ATP, and around 0.7% 23.6% over ITP.  

 
Fig.19. Throughput versus mobility in random topology 

In mobile adhoc network fb_interval value should be selected so that feedback containing the 
appropriate rate can be sent to the sender in the due time.  

6. Conclusion 

In this paper, we proposed an improved congestion control mechanism called FARCC in MANETs. The 
proposed scheme uses the fuzzy logic control mechanism to determine an appropriate data rate for 
sending packets. using the fuzzy logic congestion detection, probability of congestion is estimated. then 
fuzzy logic congestion control specifies network congestion level based on probability of congestion. The 
congestion level is used to tune the data Rate in plant. FARCC uses a feedback scheme to adjust data flow 
rate. Simulation results show that the proposed FARCC performs better than ITP and ATP for aggregate 
throughput and end-to-end average delay. Consequently, our method supports higher fair resource 
allocation. 
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