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Abstract 

A set of wireless nodes or routers coming together to form a network in which every node acts as a router can be defined as a 
mobile ad hoc network (MANET). Mobility causes a number of issues in ad hoc networks. To overcome this, routing protocols 
using various mobility metrics have been suggested. One such protocol is proposed in this paper, whereby the most commonly 
used ad hoc on-demand distance vector (AODV) routing protocol is modified so that it uses the improve the performance, 
throughput and decrease the delay by using in  addition, the route cache timeout or the Route expiry timeout is set to the value of 
the route lifetime. To achieve these metrics the author will attach the cache memory and also include the route discovery expired 
time. If route is available in cache then we will check the expired time of route. If expired time of route remaining then it will be 
replaced with the broken link and connection reestablished. The author will implement modify AODV (MAODV) using the ns-2 
simulator.  
  
Keywords :-  AODV , MAODV, Wireless network, NS-2. 
 
 
1. Introduction 
 

Wireless communication    technology   has    rapidly increased in the last few decades. People wish to 
use their network terminals (laptops, PDAs, etc.) anywhere and anytime. Wireless connectivity has given users the 
freedom   to   move   where   they   desire.   There   exist numerous different wireless networks varying in the way 
the nodes interconnect. They can be broadly classified in two categories Networks with fixed infrastructure and 
Ad hoc wireless networks. Typical for networks with fixed infrastructure is using of access points. An access point 
(AP) can act as a router in the network, or as a bridge. Examples for this type of networks are GSM and UMTS 
cellular networks. In ad-hoc wireless networks the nodes themselves use each other as routers, so these nodes 
should be more intelligent than the nodes in a centralized network with APs [1]. 
 

In communication networks, such as Ethernet or packet radio, throughput or network throughput is the 
average rate of successful message delivery over a communication channel.  This data may be delivered over a 
physical or logical link, or pass through a certain network node. The throughput is usually measured in bits per 
second (bit/s or bps), and sometimes in data packets per second or data packets per time slot. Thus the term 
throughput is essentially synonymous to digital bandwidth consumption [1].  
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1.1 The throughput of a communication system will be limited by a huge number of factors such as 
 
 
 

1.1.1 Analog limitations  
 

The maximum achievable throughput (the channel capacity) is affected by the bandwidth in 
hertz and signal-to-noise ratio of the analog physical medium.  Wireless Channel Effects, Skin effect etc. 
fall into this category affect the throughput of the system adversely. 

 
1.1.2 IC hardware considerations   
 
   Computational systems have finite processing power, and can drive   finite   current.   Limited   

current   drive Capability can limit the effective signal to noise ratio for high capacitance links. 
 
1.1.3 Multi-user considerations  
 
  Ensuring that multiple users can harmoniously share a single communications link requires 
some kind of equitable sharing of the link. If a bottle neck communication  link  offering  data  rate  R  is 
shared by "N" active users (with at least one data packet in queue), every user typically achieves a throughput of 
approximately R/N, if fair queuing best-effort communication is assumed. Packet loss due to Network 
congestion, bit errors etc. are crucial here [1]. 

 
 
 
The Ad-Hoc On-demand Distance Vector (AODV) routing protocol [2] is one of several published routing 

protocols for mobile ad-hoc networking. Wireless ad- hoc routing protocols such as AODV are currently an 
area of much research among the networking community. 
 
 

AODV is a relative of the Bellmann-Ford distant vector algorithm,   but   is   adapted   to   work   in   a   
mobile environment. Each AODV router is essentially a state machine t h a t  processes incoming requests  from  
the network   entity.   AODV   determines   a   route   to   a destination only when a node wants to send a packet 
to that destination. Routes are maintained as long as they are needed by the source. Sequence numbers ensure 
the freshness of routes and guarantee the loop-free routing. Whenever an AODV router receives a request to send a 
message, it  checks  its  routing table  to  see  if  a  route exists. Each routing table entry consists of the following 
fields: 

 
1)   Destination address 
2)   Next hop address 
3)   Destination sequence number 
4)   Hop count 
 
If a route exists, the router simply forwards the message to the next hop. Otherwise, it saves the message in a 

message queue, and then it initiates a route request to determine a route. The following flow chart illustrates this 
process: 
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Figure1. AODV routing process 
 

AODV nodes use four types of messages to communicate among each other. Route Request (RREQ) and 
Route Reply (RREP) messages are used for route discovery. Route Error (RERR) messages and HELLO messages 
are used for route maintenance. 

 
 
1.2 AODV Route Discovery 
 

When a node needs to determine a route to a destination node, i t  floods the network with a  Route  
Request (RREQ)  message.  The originating node broadcasts a RREQ message to its neighboring nodes, which 
broadcast the message to their neighbors, and so on. To prevent cycles, each node remembers recently forwarded 
route r e q u e s t s  i n  a  r o u t e  request buffer (see next section). As these requests spread through the network, 
intermediate nodes store reverse r o u t e s  back to  the originating node. Since an intermediate node could have 
many reverse routes, it always picks the route with the smallest hop count. 
 

When a node receiving the request either knows of a “fresh enough” route to the destination (see section 
on sequence numbers), or is itself the destination, the node generates a Route Reply (RREP) message, and 
sends this message along the reverse path back towards the originating node. As the RREP message passes through 
intermediate nodes, these nodes update their routing tables, so that in the future, messages can be routed though 
these nodes to the destination. 
 

Notice that it is possible for the RREQ originator to receive a RREP message from more than one node. 
In this case, the RREQ originator will update its routing table with the most “recent” routing information; that is, it 
uses the route with the greatest destination sequence number. (See section on sequence numbers). 
 

The vowels (modifiers) can be placed at the left, right (or both), top or bottom of the consonant. The 
vowels above the header line are called ascenders or upper modifiers and vowels below the consonants are 
called descanters or lower modifiers. Two consecutive lines touch or overlap each other due to these modifiers. 
This makes the   segmentation   of   handwritten   Hindi   text   very complex. 
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1.3 The Route Request Buffer 
 

In the flooding protocol described above, when a node originates  or  forwards  a  route  request  message  to  
its neighbors, the node will likely receive the same route resending the same RREQs (causing infinite cycles),  
each  node  maintains  a  route  request  buffer, which contains a list of recently broadcasted route requests. Before 
forwarding a RREQ message, a node always checks the buffer to make sure it has not already forwarded the request. 
RREQ messages are also stored in the buffer by a node that originates a RREP message. The purpose for this is so a 
node does not send multiple RREPs for duplicate RREQs that may have arrived from different paths. The exception 
is if the node receives a RREQ with a better route (i.e. smaller hop count), in which case a new RREP will be sent. 
 

Each entry in the route request buffer consists of a pair of values: the address of the node that originated 
the request,   and   a   route   request   identification   number (RREQ id). The RREQ id uniquely identifies a request 
originated by a given node. Therefore, the pair uniquely identifies a request across all nodes in the network. 
 

To prevent the route request buffers from growing indefinitely, each entry expires after a certain period of 
time, and then is removed. Furthermore, each node’s buffer has a maximum size. If nodes are to be added beyond 
this maximum, then the oldest entries will be removed to make room. 
 
1.4 Expanding Ring Search 
 

The flooding protocol described above has a scalability problem, because whenever a node requests a route, 
it sends a message that passes through potentially every node in the network. When the network is small, this is not a 
major concern.  However, when the network is large, this can be extremely wasteful, especially if the destination 
node is relatively close to the RREQ originator.  Preferably, we would like  to  set  the  TTL value on the RREQ 
message to be just large enough so that the message reaches the destination, but no larger. However, it is difficult 
for a node to determine this optimal TTL without prior global knowledge of the network. 
 

To solve this problem, I have implemented an expanding ring search algorithm, which works as follows. 
When a node initiates a route request,  it  first  broadcasts  the RREQ message with a small TTL value (say, 1). If the 
originating node does not receive a RREP message within a certain period of time, it rebroadcasts the RREQ 
message with a larger TTL value (and also a new RREQ request message back from its neighbors. To prevent nodes 
from identifier to distinguish the new request from the old ones). The node continues to broadcast messages with 
increasing TTL and RREQ ID values until it receives a route reply. 
 

If the TTL values in the route request have reached a certain threshold, and still no RREP messages have 
been received, then the destination is assumed to be unreachable,  and  the  messages  queued  for  this destination 
are thrown out. 

 
 
1.5 Sequence Numbers 
 

Each destination (node) maintains a monotonically increasing sequence number, which serves as a 
logical time at that node.  Also, every route entry includes a destination sequence number, which indicates the 
“time” at the destination node when the route was created. The protocol uses sequence numbers to ensure that  
nodes only update routes with “newer” ones. Doing so, we also ensure loop- freedom for all routes to a destination. 
All RREQ messages include the originator’s sequence number, and its (latest known) destination sequence number. 
Nodes receiving the RREQ add/update routes to the originator with the originator sequence number, assuming this 
new number is greater than that of any existing entry. If the node receives an identical RREQ message via another 
path, the originator sequence numbers would be the same, so in this case, the node would pick the route with the 
smaller hop count. 
 

If a node receiving the RREQ message has a route to the desired destination, then we use sequence 
numbers to determine whether this route is “fresh enough” to use as a reply to the route request. To do this, we 
check if this node’s destination sequence number is at least as great as the maximum destination sequence 
number of all nodes through which the RREQ message has passed. If this is the case, then we can roughly guess 
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that this route is not terribly out-of-date, and we send a RREP back to the originator. As with RREQ messages, 
RREP messages also include destination sequence numbers. This is so nodes along the route path can update their 
routing table entries with the latest destination sequence number. 
 

Where all routes are bi-directional, these lists are essentially the same. Each node periodically sends 
HELLO messages toots precursors. A node decides to send a HELLO message to a given precursor only if no 
message has been sent to that precursor recently. Correspondingly, each node expects to periodically receive 
messages (not limited to HELLO messages) from each of its outgoing nodes. If a node has received no 
messages from some  outgoing node for an extended period of time, then that node is presumed to be no longer 
reachable. 
 

Whenever a node determines one of its next- hops to be unreachable, it removes all affected route entries, 
and generates a Route Error (RERR) message. This RERR message contains a list of all destinations that have 
become unreachable as a result of the broken link. The node sends the RERR to each of its precursors. These 
precursors update  their  routing  tables,  and  in  turn forward the RERR to their precursors, and so on. To 
prevent RERR message loops, a node only forwards a RERR message if at least one route has been removed. 
 

 

 
2. Literature survey 
 

The motivation for this paper began with a study of the analysis of the link/path duration. Much research 
and effort has gone into this field. Initially, most of the analyses were based on simulations, and later, analytical 
models for the path/link durations were proposed. This paper was based on one such analytical model. First, 
previous research in the design of a model to calculate the route lifetime is considered, and then, research on the 
various mobility metrics and their implementation on routing protocols are discussed.  

 
The effect of mobility on MANETs was initially studied by Sadagopan et al. [3] using statistical analysis of 

simulation data. In this paper, the authors studied the relationship between the path/route duration (mobility metrics) 
and the performance of a protocol across different mobility models. They suggested that for moderate- to high-
mobility models, the path duration PDFs could be approximated to have an exponential distribution, and for small 
velocities they would have multi-modal distributions. The analytical model in this paper showed the relationship 
between the path/link duration and other parameters such as transmission range, velocity of the nodes, etc. Node 
density was a parameter that was not taken into consideration in this analysis. 
 

A conditional probability model was designed by Wei and Wei [2] to analyze the relationship between the 
link reliability and the link lifetime. Here, path reliability was calculated to be a function of path lifetime. The 
mathematical model was based on the random-walk mobility model. This analysis was the inspiration for using the 
link lifetime or route lifetime as the routing metric, instead of using the first route available or the hop count. 
 

In [4], Han et al. demonstrated that the nature of path duration is exponential and can be viewed as a 
random variable. Using Palm's theorem the exponential behavior was proved. It was also proved that the correlation 
between the excess lifetimes of two neighboring links is very weak for the random waypoint (RW) mobility model. 
The models developed by Sadagopan et al. [3] and Han et al. [4] is based on the assumption that the existing routing 
protocols are based on the principle of shortest path. This assumption has also been made in the research described 
in[5]. 

 
Yangcheng et al. [1] analyzed all the route dynamics for routing protocols with the shortest-path-first 

strategy. Most on-demand routing protocols use the shortest-path-first strategy, which was also used in this paper. 
The analysis by Yangcheng et al. concentrated on the study of route dynamics for proactive routing protocols [1]. 
Route dynamics, such as route duration, depend on the routing protocol being used. It has been analyzed and proven 
that for MANETs with a moderate or high rate of mobility, the route duration is approximated by an exponential 
distribution, while the route duration of specific lengths cannot be approximated. An empirical approach was 
developed to obtain the network statistics of link and route durations, including probability density functions and 
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cumulative density functions (CDFs). Improving on this, a model for reactive routing protocols was analyzed in this 
paper. 
 

[6] Concentrates on the relationship between link distances and hop count. This paper assumes that the 
relay node is selected based on the principle of least remaining distance (LRD) to the destination. An analytical 
model was developed for a given Euclidean distance between nodes, assuming that the LRD forwarding can be 
approximated to shortest path forwarding. 
 

In the analysis by Srinivasan [7], a mathematical model for the path/route duration was developed. This 
analysis was done assuming that routing protocols in ad hoc networks follow the LRD forwarding scheme, which is 
similar to the shortest path first. This paper concentrated on only reactive routing protocols of mobile ad hoc 
networks. Since node density is an important parameter in mobile ad hoc networks, it was included in this analysis. 
This model supports the findings in which the PDF of the path duration is exponential for high speeds and multi-
modal for speeds lower than 10 m/sec [3]. It also proves that the distribution is exponential when the number of hops 
is greater than 2. In simulations, it was observed that as the number of nodes in a network increase, there is an 
exponential drop in the distribution of path duration. It was explained that this was due to “the edge effect.” This 
unusual behavior needs to be taken into consideration while analyzing the distribution. One of the assumptions made 
was that the node locations in the network follow Poisson’s distribution, with node density as the variable parameter. 
This analysis is the most up-to-date analysis for path duration, and this is the model that was considered for this 
paper. 
 

In [8], Cheng and Heinzelman proposed a long-lifetime routing scheme in MANETS. This paper proposes 
that shortest path is not the most optimal path, if path duration will be taken into consideration. Also expanding the 
route length will not increase the life of the route. The authors' proposed that estimation of link life time is essential 
for finding routes with a longer lifetime. An algorithm for implementation of long lifetime route selection was 
proposed in this paper. 
 

The analysis by Xu [9] was a major motivation for the second part of this paper. In on demand routing 
protocols, stale-route cache entries and new-route discoveries cause routing delays and excessive overhead. This 
study proposed a practical route-caching strategy in which the route cache timeout is set to the mobility metric, or 
expected path residual time. Since this strategy is independent of the network traffic load or the path duration 
distribution that is used, it is feasible to implement. This strategy was implemented in the routing protocol DSR. It 
was shown that the end-to-end routing delay and the control overhead was minimized by using path duration as a 
mobility metric. These values were further minimized when the timeout value was set to twice the path residual 
time. 
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3. Proposed Work 
 
 

 
 
 

 
Figure 2   Modify AODV Flow Chart 
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4.  Implementation proposed work 

The author implemented AODV and Advance MAODV Protocols using the NS-2 simulator.  

 

Figure   3   AODV with broken link 

 

 

               Figure  4   MAODV with Check Cache 
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               Figure   5   MAODV with Link Replacement  

 

      Figure   6   MAODV with Connection reestablished   
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5. Experimental results 

In the result green line show MAODV AND pink line show AODV outputs.  

 

               Figure   7   Total Packets transmitted using AODV and MAODV  

 

 

Figure   8 Total Packets received using AODV and MAODV  
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        Figure   9   Total Packets lost using AODV and MAODV 

 

 

Figure   10 Total Packets received using AODV and MAODV  
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Metrics AODV MAODV 
Total packets 
transmitted 

 

3000 3000 

Total packets received 
 

2500 2900 

 
Total packets lost 

500 100 

 

Table 1. Performance comparison between AODV and MAODV. 

 

6. Conclusion and Future work 

In this paper the author proposed the Modify AODV (MAODV) protocol. Then the author performed the 
comparison between both AODV and Modify AODV (MAODV) protocol based on the packets received, packets 
lost. So based on the result the author found Modify AODV (MAODV) protocols is better than the AODV 
protocols. So in the future work the author will use the Modify AODV (MAODV) protocol for large network. 
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