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Abstract— TCP performance is a critical factor in the successful deployment of HTTP-based applications in mobile
ad hoc networks (MANETs). In this study, we evaluate a
sender-based heuristic, which has been shown to improve
performance for large FTP file transfers, for HTTP traffic
loads. Using the ns-2 simulator, we examine the impact of
the proposed technique on the HTTP performance of three
on-demand (AODV and DSR) and adaptive proactive (ADV)
routing protocols. Our results show that the sender-side
heuristic yields higher HTTP performance for the two ondemand algorithms; for the proactive ADV, the improvements
are not as significant. Furthermore, ADV performs well compared to AODV and DSR in terms of service time and throughput.

I. I NTRODUCTION
Mobile ad hoc networks (MANETs)provide communication without relying on any existing infrastructure. So
MANETs can be particularly useful in military situations
where a mobile group of soldiers backed by equipment such
as tanks and helicopters, need to communicate and retrieve
data during a military operation. Given the success and
widespread use of Web-based interface for diverse applications, it is imperative that any communication network
used for military purposes shall support Web-based applications. The successful deployment of Web-based applications in mobile ad hoc networks (MANETs) requires good
HTTP performance, which in turn depends to a large extent
on good TCP performance. In this paper, we evaluate the
suitability of MANETs for supporting HTTP traffic with and
without interfering background traffic from other sources.
Because TCP’s congestion control mechanisms were not
designed for the mobile wireless environment, in which the
network topology may change rapidly and wireless links are
shared, TCP performance is known to suffer in MANETs.
A TCP sender assumes that the network is congested if
a data packet it sent is not acknowledged by the receiver
within a certain duration, called the retransmit timeout interval (RTO). The normal TCP sender response to this situation
is to retransmit the oldest unacknowledged packet and then
double the RTO. If the current retransmission is not successThis research has been partially supported by DOD/AFOSR grant
F49620-96-1-0472, NSF grants EIA-9633299 and EIA-0117255.

ful, the sender must wait twice as long before trying again
so as not to add to the network congestion presumed to have
caused the packet loss. In a MANET, when the failed retransmission is due to a temporary route failure rather than
congestion, this approach can hurt TCP performance. For
a MANET routing protocol which relies on route discovery, the exponential backoff of the RTO results in an everincreasing delay between attempts to repair the broken route.
To mitigate TCP performance problems, we have recently
proposed a heuristic which can be employed by a TCP
sender to respond to network changes faster and improve
overall performance. This technique, called TCP Reno-F,
has been shown in simulations to substantially increase TCP
throughput for FTP file transfers [5]. However, these results
are not directly applicable for HTTP traffic, which consists
of interleaving quiescent and bursty communication periods.
Another factor that impacts TCP performance is the
choice of underlying routing protocol used to discover and
maintain routes in a routing table or route cache. Based on
several studies which considered primarily UDP traffic (simulated using constant bit rate, CBR, sources), on-demand
algorithms, which do not attempt to maintain routes by exchanging information among nodes unless a currently used
path is affected, perform better than proactive algorithms,
which refresh routes by exchanging routing tables or neighbor connectivity information even when active paths are unchanged.
In this paper, we evaluate Reno-F in the context of Webbased client-server transactions in which HTTP traffic is injected at variable rates over relatively short-lived TCP connections. We believe this type of traffic is more representative of the network loads one might anticipate in a real-world
MANET. Another contribution of this paper is evaluation
of the effectiveness of three routing algorithms in supporting HTTP and CBR traffic. More specifically, we compared
two on-demand algorithms called AODV [12] and DSR [9]
and one proactive algorithm called ADV [1]. The results of
our performance analysis demonstrate that with the use of
Reno-F, the on-demand protocols AODV and DSR achieve
higher throughput and shorter response times. Among the
three routing algorithms, ADV outperforms the other on demand algorithms, especially in the presence of background
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Fig. 1. Simplified TCP state diagram illustrating normal operation of the TCP Reno protocol after the connection has been
established. The RTO is doubled on the first timeout and every
consecutive timeout thereafter.

traffic.
II. TCP R ENO -F
In MANETs, the loss of a route causes multiple packets
to be lost or delayed. (The loss of a route can be temporary, in which case one of the wireless links is down due
to interference from other nodes or external sources, or permanent, in which case one of the intermediate nodes has
moved away from the radio range of its neighbors for the
route.) In the TCP Reno protocol, the TCP sender detects
the loss of a packet when its retransmit timer expires before an ACK has been received for that packet. The sender
responds by retransmitting the lost packet until it has been
acknowledged by the receiver. This is illustrated using a
simplified state diagram in Figure 1. When a route failure
occurs, the sender is likely to experience multiple timeouts
until the route has been repaired and data and ACK packets
start moving again. On the other hand, if a TCP sender experiences a single timeout followed by regular flow of ACKs
from receiver, then the packet loss is likely due to network
congestion or random transmission error [11]. Hence, a TCP
sender that is using a wireless interface for its flow can distinguish between the two types of packet loss by interpreting
two or more consecutive retransmit timeouts, i.e. timeouts
which occur with no intervening acknowledgment of the retransmitted data packet, as a sign of route loss rather than
network congestion.
In the proposed modification to the TCP sender, the RTO
is fixed rather than doubled when consecutive timeouts occur. The sender doubles the retransmit timeout value just as
in the regular TCP protocol for the first timeout; but when
another timeout occurs while the sender is in the backoff
mode, the sender does not double the retransmit timeout interval. Figure 2 gives the modified state diagram. All other
actions performed by a TCP sender are unchanged. Thus the
TCP sender retransmits the lost packet at a constant rate, in

Fig. 2. Simplified TCP state diagram illustrating the fixed-RTO
protocol modification. The RTO is doubled on the first timeout, but remains fixed on succeeding consecutive timeouts.

effect probing the network at regular intervals. The probe
interval is based on the current RTO value, and thus is adaptive to network conditions. We denote this modified protocol
as TCP Reno-F.
To show the possible impact of fixed RTO, we contrast
AODV performance with standard TCP Reno and Reno-F
for an FTP transfer. We choose one of the worst-case scenarios for easier illustration. There is a 50 Kbps background
network load from 40 different CBR flows. Statistics are
collected after warming up the network for 100 seconds. In
Figures 3 and 4, the upper graph shows the congestion window size as a function of time along with two sets of hash
marks; the upper (darker) hash marks denote retransmissions and the lower (lighter) hash marks denote transmission of a new packet by the sender. The size of the congestion window was limited to a maximum of eight. The lower
graph shows the route repair times observed during the simulation; the horizontal dotted line indicates the average route
repair time.
In Figure 3, at approximately time 375 a route failure occurs causing the congestion window size to drop to its minimum value of one. Retransmit timeouts follow at progressively longer intervals until the maximum of eight backoffs is reached. The upper hash marks indicate that the
sender is probing the network at increasingly longer intervals; the lower hash marks indicate the lack of progress by
the TCP sender. The route is not successfully re-established
until about time 600, and during this period the observed
route repair times shown in the lower graph are generally
much longer than those before the route failure at time 375.
Longer route repair times, along with fewer attempts to utilize a repaired route before node mobility breaks it again,
cause the TCP sender to be stuck in retransmission mode as
indicated by a congestion window of size 1 and the big gap
in the lower hash marks. With the use of Reno-F in Figure
4, packet retransmissions due to timeouts are more frequent,
which in turn stimulates AODV to discover new routes to
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Fig. 3. AODV congestion window sizes and route repair times
for 1 TCP Reno connection with a 50 Kbps background load
from 40 CBR connections. The upper graph shows the congestion window size as a function of time along with two
sets of hash marks; the upper (darker) hash marks denote
retransmissions and the lower (lighter) hash marks denote
transmission of a new packet by the sender. Average route
repair time = 1.627 seconds. Throughput = 0.0914 Mbps.

the TCP receiver more frequently, thus reducing route repair
time. Looking at the lower graphs, Reno-F reduces the average route repair delay (indicated by horizontal lines) by
more than 70% and maximum route repair delay by 80%.
So the TCP sender is able to utilize repaired routes quickly
and keep the congestion window open.
Since HTTP traffic has interleaving quiescent periods between communication among nodes, which is different from
FTP traffic, it will be interesting to see if Reno-F yields any
performance improvements over Reno.
III. S IMULATION M ETHODS
We have used the ns-2 network simulator [6] with 802.11
MAC extensions by the CMU Monarch group [4] to simulate an ad hoc network comprised of 50 mobile nodes on a
1000m x 1000m field. The simulation model that we used
for a mobile node is depicted in Figure 5. Node speeds were
uniformly distributed between 0 m/s and 20/ms, yielding a
mean node speed of 10 m/s. We used CMU’s implementation of DSR, and all parameter values and optimizations
used for DSR are as described by Broch et al. [2]. The
AODV and ADV implementations are by the AODV and
ADV groups, respectively. The local route repair option is
turned on for AODV. The maximum size of both the TCP
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Fig. 4. AODV congestion window sizes and route repair times
for 1 TCP Reno-F connection with a 50 Kbps background
load from 40 CBR connections. Average route repair time =
0.446 seconds. Throughput = 0.2023 Mbps.

send and receive windows is 8.
We considered two variants of the ADV protocol. In the
first version, denoted ADV 30s/30s in the graphs, any data
packet (TCP or UDP) may be buffered for up to 30 seconds
(denoted buffer refresh time) in the source or an intermediate node when there is no route. In the second version,
denoted ADV 30s/1s, the buffer refresh time is 1 second for
UDP packets and 30 seconds for TCP packets. In AODV
and DSR, a packet may be buffered for up to 30 seconds
in its source node; packets that do not have a valid route
upon reaching an intermediate node are dropped. The main
purpose of using two buffer refresh times for UDP packets
in ADV is to see if buffering UDP packets has any adverse
impact on the HTTP traffic.
Using an HTTP traffic generator [7], we have simulated
10 Web sessions in which browsers on 10 different mobile
nodes issue requests and receive replies from Web servers
running on 3 other nodes. Each session consists of an alternating sequence of think and HTTP transaction modes.
In the think mode, the client thinks for a random period of
time and does not generate any network traffic. In an HTTP
transaction, the client issues a request, and the server then responds with a random number of replies of variable length.
The think times, the number of replies, and the length of the
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Fig. 5. ns-2 simulation model of a mobile node.

replies that we used were drawn from the distributions supplied with the traffic generator. However, to keep the Web
sessions short enough so that the client-server exchanges
could be completed within the duration of the simulation,
we truncated the think time distribution at 15 seconds. To
make the simulations repeatable, we generated several sessions and stored them in files, which are used as inputs to
the simulator.
In addition to Web traffic, we have simulated for some of
the experiments a 100 Kbps background UDP traffic load
generated by 10 constant bit rate connections. The CBR
packet sizes were fixed at 512 bytes. Performance measurements were collected for 100 seconds following an initial
warm-up time of 100 seconds. Each data point presented in
this paper is an average of values obtained from 50 different
mobility scenarios with all other input values identical.
In each simulation run, we have measured service time
and throughput for the HTTP connections. Service time is
the time taken to complete a client-server session.
IV. P ERFORMANCE R ESULTS
To begin with, we have evaluated the performance of
the three routing protocols for HTTP traffic with no background CBR traffic. Figure 6 gives the mean service time
and throughput achieved by each routing algorithm. Since
ADV 30s/30s and 30s/1s perform exactly the same in the
absence of background traffic, we give results for only one.
The following observations can be made from the figure.
First, Reno-F improves the performance of AODV and DSR
substantially, but not that of ADV. Because ADV refreshes
routes using routing table exchanges as in a typical distance
vector routing protocol, (a) routes do not break as often, and
(b) broken routes are repaired in about the same time regard-

less of how frequently the TCP layer is transmitting (or retransmitting) data packets. Among the two table-based algorithms, ADV has marginally higher throughput than AODV.
With Reno-F, AODV service times are decreased by 6% and
throughputs are up by over 12%. ADV’s performance is not
impacted significantly by Reno-F. DSR performance with
TCP Reno is low because of its well-documented stale route
problem; Reno-F mitigates the stale route problem, however,
which can be seen by an over 90% improvement in throughput and 16% reduction in service time.
To evaluate Reno-F and the three routing protocols further, we present results from simulations with CBR background traffic. The observed mean service time and HTTP
throughput for each routing protocol are shown in Figure
7. Of the three algorithms, AODV is affected the most by
the background traffic because of its high overhead in discovering and maintaining routes; DSR is benefited the most
because the stale route problem is mitigated greatly by the
additional routing activity needed for the background traffic; and ADV is affected the least because the cost of routing update (when measured in packets) remains nearly the
same. ADV gives at least 50% more throughput than AODV
and DSR in all cases. DSR underperforms both AODV and
ADV, but by a smaller margin when Reno-F is used.
Reno-F improves DSR’s performance significantly:
throughput is improved by 31% and service time reduced
by 22%. The impact of Reno-F on AODV and ADV is not
significant. AODV’s performance does not improve because
the impact of background traffic and because of relatively
short duration of HTTP sessions. In a separate set of simulations with longer HTTP sessions, not shown here, AODV’s
performance is improved by Reno-F. ADV’s performance
does not improve for the reasons given in the case of no
background traffic.
To explore further, we present the service times observed
for each of the 10 client-server pairs in Figure 8. With RenoF, the service times for DSR are more comparable to AODV
service times, and for 2 client-server pairs DSR achieved
slightly shorter times than AODV. ADV maintained its advantage in service times in every case. Finally, the shorter
buffer refresh time for UDP packets marginally improves
ADV’s HTTP performance.
V. R ELATED W ORK
Several mechanisms have been proposed for improving
TCP performance in MANETs. In two of the proposed
methods, TCP-F [3] and TCP-BuS [10], an intermediate
node informs the TCP sender of a route failure and the
sender then stops its transmissions, freezing its timers and
congestion window. The sender resumes sending packets
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Fig. 6. Combined service times and throughputs for 10 HTTP connections with no CBR background traffic.
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when it receives an explicit notification that the route has
been re-established. In addition, packets may be buffered
by intermediate nodes in TCP-BuS. Another proposed technique, ELFN [8], also employs route failure notification.
The TCP sender freezes its state as in TCP-F and TCPBuS, but rather than waiting for a route re-establishment
message, in ELFN the sender probes the network at regular intervals and resumes normal TCP mode when a new
ACK is received. With these three methods, the explicit
route loss and route establishment messages (for TCP-F and
TCP-BuS) create more overhead and require feedback from
routing layer protocols. Also ELFN uses a constant probe
interval of 2 seconds, while Reno-F uses an adaptive probe
interval.
Our earlier work [5], which evaluates Reno-F in the context of FTP traffic with interfering CBR traffic, indicates the
following: (a) Reno-F improves the performances of AODV

and DSR substantially, and (b) AODV and DSR slightly outperform ADV with 10 FTP flows. The results presented here
complement the results given in [5].
VI. C ONCLUSIONS
In this paper, we have evaluated the performance of
MANETs for HTTP traffic, which mimics bursty communication interleaved by quiescent periods. So HTTP traffic could be typical of the communication that need to be
supported in a military operation. We have considered the
impact of transport and routing protocols on the overall performance. Of the three routing protocols we have simulated,
ADV performs as well or better than AODV and DSR when
TCP Reno is used as the transport protocol. With a simple sender-side heuristic called fixed RTO, which prevents
doubling of the retransmit time out interval for consecutive
timeouts, we have shown that AODV and DSR perform bet-

ter, while ADV does not improve.
The primary benefit of the fixed RTO heuristic is to let
TCP probe the network much more frequently than it would
otherwise. The frequency at which a TCP sender probes
the network while in backoff mode is based on the current
RTO, and thus is adaptive to the existing network conditions. Since AODV and DSR can discover routes on demand, more frequent probing results in shorter route repair
times and overall higher performance. ADV’s performance
does not improve significantly with the fixed RTO technique
for the following reasons: (a) broken routes are repaired only
through routing updates among neighbor nodes and more
frequent retransmissions by TCP with the fixed RTO heuristic do not have any significant impact on the route repair
time, (b) ADV buffers packets at intermediate nodes and
delivers packets to destinations in reasonably short enough
time that more frequent retransmissions by TCP sender are
ineffective, and (c) ADV exhibits relatively good performance with TCP Reno, which means there is less room for
improvement.
A possible alternative to fixing the RTO would be to replace the exponential backoff of the RTO with fractional increases in the RTO. Such an approach could lower the number of packet retransmissions while still reducing the negative impact of doubling the RTO. However, the reduction in
retransmissions would be somewhat limited. For example,
if an increase of 5% were applied to the RTO at each consecutive timeout, only about a 20% decrease in the number
of packet retransmissions would accrue after ten timeouts.
Moreover, a reduction in packet retransmissions may reduce
the degree to which Reno-F is able to stimulate route repair.
Comparing the results for FTP traffic in [5] and those for
HTTP traffic in this paper, we note that the performances differ substantially for HTTP traffic: ADV outperforms AODV
and DSR significantly when there is interfering non-TCP
friendly traffic. Another result of our study is that background CBR traffic can adversely impact the TCP performance when TCP Reno and AODV are used as transport
and routing protocols.
Our results show that TCP performance must be evaluated with some background non-TCP friendly traffic. In the
future, we would like to expand the study by including UDPbased multimedia traffic.
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