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Abstract: The performance of TCP (Transmission Control Protocol) is often degraded when the end-to-end path 
includes a satellite link. Among the factors that can adversely affect TCP performances over satellite links, we 
give the long round trip time (RTT), the high bit error rate (BER) and the variable RTT. With regard to the long 
RTT problem which implies two major problems (TCP fairness and the inefficient use of the bandwidth), we 
proposed a new policy for TCP congestion avoidance. This policy, which we referred to CANIT (Congestion 
Avoidance with Normalized Interval of Time) allows TCP senders of all connections sharing the same network 
resource to accelerate their rates similarly during congestion avoidance phase.  In former work, we showed, in a 
no satellite environment, that this policy is  fairer than the standard one, and provides an efficient use of the 
bandwidth. In this paper, we study the performance of CANIT algorithm taking into account the satellite 
environment and especially the problems of the variable RTT. 
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1 INTRODUCTION 
 
For many years, satellite communication has played 
a major role in the development of 
telecommunication networks. Today, satellite 
systems are becoming deeply involved in the 
Internet, particularly in the areas of providing 
broadband access, content distribution and 
multicast applications, all of which can benefit 
from the inherent capabilities of satellite solutions.  
  
Although satellite links have formed part of he 
Internet from the beginning, the rapid expansion of 
the Internet and the need to introduce congestion 
control have highlighted certain performance 
limitations imposed by the satellite links.  Among 
the factors that can adversely affect TCP 
performances over satellite links, we give the 
following [Roddy, 2001]: 
 

Bit error rate (BER),  Satellite links have a 
higher bit error rate (on the order of 10-7) than the 
terrestrial links forming the Internet. The 
comparatively low BER on terrestrial links means 
that most packet losses  are the result of congestion, 
and the TCP sender reduces the size of its sliding 
window even though these packet losses don’t 
signal congestion in the network.  This slows the 
throughput.  
  

Round-trip time (RTT),  The round-trip time 
(RTT) is the time interval that elapses between 

sending a TCP segment and receiving its 
acknowledgment (ACK). With geostationary 
(GEO) satellites, the round-trip propagation path is 
ground station to satellite to ground station and 
back again. The propagation delay is thus on the 
order of 0.5 seconds.  This is just the space 
propagation delay. The total round-trip time must 
take into account the propagation delays on the 
terrestrial circuits and the delays resulting from 
signal processing. For order of magnitude 
calculations, an RTT value of 0.55 s would be 
appropriate [Roddy, 2001]. The TCP sender must 
wait this length of time to receive the ACKs, and of 
course, it cannot send new segment until the ACKs 
are received, which is going to slow the throughput. 
Also, this delay hurts interactive applications such 
as Telnet as well as some of the TCP congestion 
control algorithms.  
    

Bandwidth-delay product (BDP), The RTT is 
also used in determining an important factor known 
as the bandwidth-delay product (BDP). This last 
defines the amount of data a protocol should have 
"in flight". Because RTT is large, TCP will  need 
to keep a large number of packets "in flight" which 
affects the performances of TCP.   
   

Variable round-trip time , Where lower earth 
orbiting satellites are used such as those in low 
earth orbit (LEOs) and medium earth orbit (MEOs), 
the propagation delays will be much less than that 
for the GEO. The problem now is no so much the 
absolute value of delay as the variability. Because 
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these satellites are not geostationary, the slant range 
varies, and for continuous communications there is 
the need for inter-satellite links, which also adds to 
the delay and the variability. This can of course, 
have an impact on TCP performance.  
 

Asymmetric use, Due to the expense of the 
equipment used to send data to satellites, 
asymmetric satellite networks are often constructed.      
For example, a host connected to a satellite network 
will send all outgoing traffic over a slow terrestrial 
link and receive incoming traffic via the satellite 
link.  Another common situation arises when both 
the incoming and outgoing traffic are sent using a 
satellite link, but the uplink has less available 
capacity than the downlink due to the expense of 
the transmitter required to provide a high 
bandwidth back channel.  This asymmetry may 
have an impact on TCP performance. 
 
In this paper, we focus on the problems due to the 
long RTTs and the high bit error rate. The most 
challenging problem is the TCP fairness. TCP's 
congestion avoidance algorithm leads to unfair 
bandwidth allocations when multiple connections 
with different RTTs share a bottleneck link. The 
long RTT connections (such as satellite 
connections) obtain only a small fraction of their 
fair share of the bandwidth. Several researchers 
have observed these problems but a viable solution 
has not been proposed. [Allman and al, 2000] 
outlines possible TCP enhancements that may 
allow TCP to better use the available bandwidth 
provided by networks containing satellite links. 
[Allman and al, 1998] and [Allman and Floyd, 
2002] specify an increase in the permitted initial 
window for TCP from one segment to roughly 4K 
bytes, and The "Constant-Rate" increase policy has 
been studied in [Floyd, 1991; Henderson and Katz, 
1998].  
  
We proposed in [Benaboud and Mikou, 2001] a 
new congestion avoidance algorithm which we 
referred to CANIT (Congestion Avoidance with 
Normalized Interval of Time). This last allows all 
TCP senders of connections sharing the same 
network resources to accelerate their rate similarly 
during congestion avoidance phase. In former 
works, we showed that using our algorithm instead 
of the standard one1, in a no satellite environment, 
improves the TCP fairness as well as the utilisation 
of network resources. This paper consists of 
studying the performance of CANIT algorithm 
taking into account the satellite environment and 
the problems given above.  
  
The paper is organised as follows. Section 2 briefly 
quotes the TCP congestion control algorithms. In 

                                                                 
1 We use the TCP Reno as standard in this paper. 

Section 3, we describe our algorithm CANIT and 
discuss some additional mechanisms, which are 
necessary to implement it. Section 4 presents the 
CANIT performances study using several testing 
configuration and their simu lations. Finally, a 
conclusion is given in section 5. 

2 TCP CONGESTION CONTROL 
 
TCP [Postel, 1981] is a sliding window protocol, 
which allows the sender to transmit a given number 
of segments before receiving an acknowledgement. 
Each segment has a sequence number to identify its 
order in the stream. TCP acknowledgements always 
acknowledge the highest in-order segment that has 
arrived. Furthermore, if a segment arrives out-of-
order the ACK triggered will be for the highest in-
order segment, rather than the segment that just 
arrived and then the receiver is going to send a 
duplicate ACK covering the highest-in-order 
segment. These duplicate acknowledgments are 
used in certain versions of TCP to detect lost 
segments. TCP's default mechanism to detect 
dropped segments is a timeout [Postel, 1981].  In 
other words, if the sender does not receive an ACK 
for a given packet within the expected amount of 
time, a retransmission timeout, RTO, occurs and 
the segment will be retransmitted.  The RTO is 
based on observations of the RTT. (more details are 
given in [Postel, 1981]).  
 
TCP uses a set of congestion control algorithms 
[Allman and al 2002; Floyd, 1991, Henderson and 
Katz, 1998; Stevens, 1997] in order to prevent 
congestion collapse by detecting congestion and 
reducing the transmission rate accordingly. For 
that, TCP congestion control uses two variables, the 
Congestion Window   (CWnd) which is the size of 
the sliding window used by the sender, and the 
Slow Start Threshold (SSThresh). CWnd can’t 
exceed the size of the receiver’s advertising 
window. Therefore, TCP can’t inject more than 
CWnd segments of unacknowledged data into the 
network (in practice, CWnd is measured in bytes, 
but, to simplify discussion, it is expressed in this 
section in terms of segments). TCP's four 
congestion control algorithms are slow start, 
congestion avoidance, fast retransmit and fast 
recovery [Floyd, 1991, Henderson and Katz, 1998; 
Stevens, 1997]. The following is a brief outline of 
these algorithms. 

2.1 Slow Start 

The slow start algorithm is used at the beginning of 
a TCP connection or after congestion detection by a 
retransmission timeout. The sliding window size 
used by the sender (CWnd) is initialised by 1 
segment and for every ACK received, add one 
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segment to the CWnd. This algorithm provides an 
exponential growth rate. The sender can send the 
minimum of the conges tion window or SSThresh. 
This last is initialized to the receiver’s advertising 
window. When CWnd is greater than or equal 
SSThresh, the connection enters the congestion 
avoidance phase. If the capacity of the link is 
reached before CWnd is greater than SSTresh, a 
gateway will signal congestion by dropping 
segments and TCP will enter the fast retransmit 
phase after 3 duplicates ACKs.   

2.2 Congestion Avoidance 

Congestion avoidance takes control when CWnd 
becomes greater than SSThresh after the end of 
slow start phase or after fast retransmit and fast 
recovery phases [Stevens, 1997]. In congestion 
avoidance phase, for each segment acknowledged, 
the TCP sender increments its current CWnd by 

CWnd
1  each time an ACK is received; i.e. CWnd is 

increased by one segment after each RTT. This is a 
linear growth rate compared to slow start 
exponential growth rate. In terms of bytes, CWnd is 
increased by 

CWnd
SegSizeSegSize × after reception of an 

ACK where SegSize is the segment size.  

2.3 Fast Retransmit and Fast Recovery 

The fast retransmit and Fast recovery algorithms 
allow TCP to detect and recover from segment 
drops. The fast retransmit algorithm uses the 
duplicate acknowledgments to detect lost segments. 
If 3 duplicate ACKs for a segment are received, 
TCP assumes that a segment has been lost and 
retransmits the missing segment without waiting for 
the RTO to expire.  After a segment is retransmitted 
using fast retransmit, the fast recovery algorithm is 
used to adjust the congestion window.  First, the 
value of SSThresh is set to half of the value of 
CWnd.  Next, the value of CWnd is halved and 
increased by the number of duplicate ACKs. 
Finally, the value of CWnd is increased by 1 
segment for each duplicate ACK received. When an 
ACK for the retransmitted packet arrives, the value 
of CWnd is reduced back to SSThresh (half the 
value of CWnd when the congestion was detected) 
and picks up again the congestion avoidance phase. 
 
Generally, fast retransmit can retransmit only one 
segment per window of data sent.  When multiple 
segments are lost in a given window of data, one of 
the segments will be retransmitted using fast 
retransmit and the rest of the dropped segments 
must usually wait for the RTO to expire, which 
causes TCP to revert to slow start. 

 
In this paper, we are interested in congestion 
avoidance phase. As mentioned above, during this 
phase and in the absence of loss, the TCP sender 
increases its congestion window by approximately 
one segment after each RTT. This policy leads to 
unfair sharing of bandwidth when multiple 
connections with different RTTs share a same 
resource in the network. The long RTT connections 
obtain a small fraction of the bandwidth. In fact, 
they open their windows more slowly, after 
reacting to congestion, compared to those with 
short RTTs.  
 
In order to improve the TCP fairness, we proposed 
in   [Benaboud and Mikou, 2001] CANIT 
algorithm, which is able to increase CWnds of all 
connections sharing the same network resource by 
approximately the same number of segments during 
a certain interval of time. That makes it fairer than 
the standard algorithm. CANIT algorithm is more 
detailed in the following section. 

3 CANIT ALGORITHM 
 
CANIT is proposed in [Benaboud and Mike, 2001] 
in order to improve congestion avoidance fairness. 
It increases congestion window sizes for all 
connections sharing the same network resources, by 
approximately the same number of segments during 
the longest RTT of these connections. For that, it 
uses a new parameter NIT (Normalised Interval of 
Time), which represents an interval of time, during 
which, each connection must increase its CWnd by 
one segment. Thus, the following policy is used by 
all connections:   
 
For a connection, after the reception of an 
acknowledgement ACK, TCP sender increments its 
CWnd by:  
 
 
 
 
 
where, RTT is the round trip time of the connection, 
SegSize is the segment size and NIT is the 
normalised interval of time. 
 
As mentioned earlier, in order to make discussion 
easier, we express CWnd in number of segments. 
The additive increase for CANIT is then given as 
follows: 

 
Consequently, in absence of disorder or loss of 
segments, TCP sender must receive CWnd(t-RTT)  
acknowledgements during RTT, which implies an 
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FIGURE 1 : Curve of CWnd as a function of time 
for Congestion Avoidance Algorithm 
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FIGURE 2  : Curve of CWnd as a function of 
time for CANIT Algorithm 

increase of  CWnd  by  RTT/NIT segments after 
each RTT. If we consider the interval of time NIT  
(less than RTT) then CWnd must be incremented 
by one segment during this interval regardless of 
the value of RTT. However, it is not the case since 
the ACKs don't arrive uniformly. Indeed, TCP 
sender receives usually the ACKs in burst because 
the segments are sent in burst at the beginning. 
However, our aim is that all connections increase 
their congestion windows by the same size during 
an interval of time even if the short RTT 
connections open their windows more frequently 
than those with long RTTs.  
 
FIGURE 1 and FIGURE 2 show an example of 
CWnd behaviour of two connections, the first with 
RTT1 and the second with 2×RTT1. Curves in 
FIGURE 1 show the CWnd behaviour when using 
the standard congestion avoidance algorithm, and in 
FIGURE 2 show the CWnd behaviour when using 
the CANIT algorithm where NIT is equal half to 
RTT1. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

We assume that both of connections enter 
congestion avoidance phase at the same instant and 
have the same SSThreshold. 
 
3.1 How to Choose NIT Parameter? 
 
The main role of CANIT is to speed up all 
connections where RTTs are more than NIT, and to 
slow down all connections where RTTs are less 
than NIT. The question now is: What is the optimal 
value of NIT, which provides both of fairness and 
an efficient use of bandwidth.  
 
The value of NIT must be between the minimum 
and the maximum of RTTs:  
 
 
  
Indeed, if NIT is more than the maximum of RTTs 
then all connections will be slowed down and we 
will have an inefficient utilization of resources, and 
if NIT is less than the minimum of RTTs, then 
CANIT will speed up all connections and then the 
network risks congestion quickly.  
 
In   [Benaboud and Mike, 2001], we simulated two 
configuration schemas using various values of NIT, 
and we showed that, when using CANIT algorithm, 
the performance parameters (fairness and 
bandwidth utilisation) are more efficient than those 
are when using standard congestion avoidance. 
And, when using CANIT algorithm with NIT 
equals to the minimum of RTTs of connections 
sharing the same bottleneck, the network is fairer 
and the resources utilisation is more efficient. 
However, we cannot say that the minimum of RTTs 
is the optimal value of RTTs, wh ich provides good 
performances. The optimal value of NIT is an open 
question and we intend to give it using an analytical 
or statistic studies.   
 
Whatever is the optimal formula of NIT, the 
sources must be informed by its value. For that, an 
additional mechanism is necessary to compute the 
new NIT value, and to send the information at TCP 
sources. NIT depends on RTTs of all connections 
sharing the same bottleneck, so, each time there is a 
new connection establishment or a disconnection of 
an old connection, the mechanism re -compute the 
new value of NIT.  We give some algorithms for 
the additional mechanism in the next section.   

3.2 Additional Mechanism  

In this section we propose two algorithms for the 
additional mechanism. The first has to be 
implemented at the gateways and the second must 
be implemented in the destinations.  
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 3.2.1 At Gateways Level 
 
In this case, the gateways must be more intelligent 
because it must save the minimum of RTTs and 
must be able to re-compute this value each time 
there is a new state of the network (new connection 
establishment or disconnection of an old 
connection).   
  
At connection establishment, TCP sender sends one 
segment to the receiver in order to : 
 
- estimate the RTT of the connection and then, 

to deduce the time period before retranslating a 
segment (RTO, Retransmission Timeout). 

- initialize the value of slow start threshold 
- have the value of window advertisement 

(advertised by the receiver) 
- and to have other information of the network 

resources. 
 
A TCP sender, who uses CANIT algorithm, must 
take advantage of this first segment in order to have 
the current NIT value. The gateway puts the current 
value of NIT in a field in the segment and waits of 
the next segment of the same connection in order to 
estimate its RTT. Then it compares it with the 
current NIT. If the new value is less than the old, 
then the gateway must save it and send it to all 
sources. 
 
Problem: What’s happened in case there are more 
than one gateway in the path as depicted in 
FIGURE5? 

 3.2.2 At Destination Level 

This case is recommended because it doesn't have 
to change gateways used by standard TCP, and 
then, all the network components can be used.  
 
However, destinations must generate a segment 
each time there is a new state of the network 
because they are responsible, in this case, of saving 
the value of NIT parameter.   
 
When the destination receives a segment of a new 
connection, it waits the next segment in order to 
estimate the RTT of this connection, and compares 
it with the current NIT value. Then, it generates 
duplicate segments and sends them to all sources in 
order to inform this last by the new NIT value  (if it 
is changed, else, it sends only one segment to the 
new connection). The source doesn't have to wait 
this information before beginning the slow start 
because this phase doesn't use NIT parameter.  

Problem: What’s happened in case there are 
different destinations for different sources sharing 
the same bottleneck? 
In this paper we don't take into account the 
additional mechanism and we simulate our model 
with various value of NIT parameter and especially 
with NIT= min {RTTs}. 

4 PERFORMANCES STUDY 

4.1 Performance Metrics 

In order to study and compare the performances of 
both of algorithms, we use the following metrics: 
Fairness and Utilisation. The same metrics are used 
in [Benaboud and Mikou, 2001; Henderson and al, 
1998] 

Fairness: 

If there are N flows through a bottleneck link, each 
flow has right to 1/Nth of the capacity of that 
bottleneck link. In this paper, we use Jain's metric 
[Chiu and Jain, 1989] of fairness:  
 

For N flows, with flow i receiving a fraction bi 
on a given link, the fairness of the allocation is 
defined as: 

(Fairness=1) corresponds to equal allocation 
for all users. 

Utilisation 

We define Utilisation as the fraction -of the 
available bandwidth- used by connections.  
 
Transferred segments counted are original segments 
(not counting retransmission).   

 
 
4.2 Test Configurations 
 
First, we use a configuration (FIGURE 3) which is 
composed of 5 connections, with various delays of 
propagation, sharing a single bottleneck link and 
having the same destination.  
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FIGURE 3  : Configuration 1, with 5 connections 

 
 
Let Si  the source of connection i, and link i (i=1..5) 
the link between Si and the shared gateway. Link i 
(i=1..5) has a propagation delay equal to 10, 20, 
100, 200 and 400 ms respectively, and each link i 
has a capacity equal to 10 Mb/s. The shared link 
(linksh) has a propagation delay equal to 5ms and a 
capacity equal to 1,5 Mb/s.  
 
For this configuration, we don’t take into account 
the problems of the variable RTT and we use in our 
simulations the fixed RTTi. We assume that ACK's 
path has the same propagation delay as the forward 
path. We consider then the following values of 
RTTi  (i=1..5):  30, 50, 220, 420 and 820 ms with, 
RTTi=2 × (delay of linki  + delay of linksh). 
 
Subsequently, we use two configurations with 3 
connections each (FIGURE 4 and 5). This time, 
we take into account the satellite environment and 
of course the major problem of variable RTT. The 
first configuration (configuration 2 FIGURE 4) is 
composed of three connections with 10, 50 and 250 
ms as delay of propagation from sources to the 
gateway. In fact, we use a satellite link in the third 
connection and so the propagation delay of this 
connection varies (its values are given in section 
4.3). The second configuration (configuration 3 
FIGURE 5) is composed of three connections. The 
first two connections across the same gateways 
(Gateway 1 and Gateway 2) and have the same 
destination. The third connection across the 
Gateway 2 with the connections 1 and 2, however, 
it has its own destination. The propagation delays 
as well as the link capacities are depicted in 
FIGURE 5 .  
 
For all configurations we use the segments 
containing 512 bytes in our simulations. The slow 
start threshold is equal to 128 segments. 

 

FIGURE 4 : Configuration 2, with 3 connections 
sharing the same link. 

FIGURE 5  : Configuration 3,  with 3 connections 
with different destinations 

4.3 Modelling 

Each link in each configuration is modelled by a 
FIFO multiple-server queue (FIGURE 6).  

. 

 
FIGURE 6 : Queuing Model of links 

 
The number of servers represents the link capacity 
(measured in time segments), and the service time 
represents the link propagation delay.  
 
The gateways are modelled as simple buffer of 
segments. 
 
The sources are modelled by FIFO queues which 
hold an infinity of segments (here, long life 
connections are considered) and the service 
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depends on ACK received and on TCP congestion 
algorithm used. 

4.4 Simulation Results 

4.4.1 Configuration 1 
 
FIGURES 7 and 8 show the Fairness and the 
Utilisation behaviour when we vary the normalised 
interval time values. We notice that fairness is 
improved when using CANIT algorithm compared 
to when the standard congestion avoidance 
algorithm is used. We remark that CANIT with NIT 
≈ min{RTTs} (30ms) is the fairest and the 
Utilisation is more efficient .    
 

FIGURE 7 : Utilization vs. NIT in configuration 1. 
 
 

 
FIGURE 8 : Utilisation vs. NIT in configuration 1 

 
In FIGURES 9 and 10, we give a comparison 
between CANIT and the standard congestion 
avoidance algorithm for the bandwidth utilisation 
by connections with long RTTs in configuration 1 

(connections 4 and 5). We use NIT equal to the 
shortest RTT (here =30ms), and we simulate our 
configuration with different values of buffer 
capacity.  These figures show that the bandwidth 
utilisation is more efficient for CANIT algorithm 
than for the standard one for both connections, 
 

 

FIGURE 9 : Utilisation of the link 4 vs. capacity in 
configuration 1 

 

 
FIGURE 10: Utilisation of the link 5 vs. capacity 

in configuration 1 
 
FIGURES 11, 12 and 13 show, respectively, the 
fairness, the utilisation of the link4 and the 
utilisation of the link5 vs. BER in a loss 
environment using NIT=min{RTTs}.  
 
Another important performance parameter is the 
loss probability. FIGURE 14 show that, even if 
CANIT improves fairness and utilisation 
bandwidth, the losses are equivalent to those of 
standard algorithm, especially, when the buffer 
capacities are greater than 800 segments (in this 
case).  
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4.4.2 Configurations 2 and 3 before loss event . 
 
The results given in this subsection are the 
simulation of our configurations (2 and 3) before a 
loss is occurred. We give the congestion window 
evolution in slow start and congestion avoidance 

phases for both of algorithms. Based on 
configuration 2, in FIGURES 15, 16 and 17, we 
give a comparison between the window size 
evolution using respectively CANIT and the 
standard algorithm. In FIGURE 15, the evolution of 
the cwnd (1) size is the same for both CANIT and 

FIGURE 14: Loss probability vs. capacity 
in configuration 1 

 

FIGURE 15: cwnd(1) in configuration 2 
 

FIGURE 16: cwnd(2) in configuration 2 
 

FIGURE 13 : Utilisation of link 5 vs. BER 
in configuration 1 

FIGURE 11: Fairness vs. BER in configuration 1 

FIGURE 12 : Utilisation of link 4 vs. BER in 
configuration 1 
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CA. FIGURE 16 (respectively FIGURE 17) shows 
the evolution of the cwnd (2) (respectively cwnd 
(3)) size for CANIT and CA.   
 

We observe that when we reach the congestion 
avoidance, cwnd (2) (respectively cwnd (3)) size 
for the standard TCP is less than the window size 
for CANIT. 
 
In FIGURES 18 and 19 we put cwnd (i) (i=1,2,3) in 
the same figure for respectively the standard 
algorithm CA and CANIT. We observe that for the 
standard CA (as it’s shown in FIGURE 18) and 
during the same interval of time, connections with 
small RTT (for example connection 1) send more 
segments since their windows of transmission grow 
more quickly than those of connections with a long 
RTT. However, by using CANIT algorithm, the 

windows vary almost in the same way for all 
connections  (FIGURE 19). 
 
In the same way FIGURES 20, 21 and 22 represent 
a comparison between the congestion  window size 
evolution using respectively CANIT and the 

FIGURE 18: cwnd (i) for CA  

FIGURE 19: cwnd (i) for CANIT 

FIGURE 17: cwnd (3) in configuration 2 
 

FIGURE 2 0: cwnd (1) in configuration 3 

FIGURE 21: cwnd (2) in configuration 3 
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FIGURE 25: Fairness vs. BER config 3 

Fairness 

BER 

FIGURE 26 : Bandwidth Utilisationconfig 3 

Bandwidth 
Utilisation 

BER 

standard algorithm CA and based this time on 
configuration 3. Then, we put in the same figure for 
respectively the standard algorithm CA (FIGURE 
23) and CANIT (FIGURE 24) the cwnd of the three 
connections. 
 

4.4.3 Configurations 3 after loss event. 
 
This time, we take into account the variation of 
RTT(3) and we simulate the configuration with 
various values of BER. FIGURE 25 illustrates the 
parameter Fairness  vs. BER for both of  
algorithms. FIGURE 26 show the Bandwidth 
Utilisation of the satellite link when varrying the 
BER. We can observe that for BER less than 10-06, 
CANIT allows more fairness and bandwidth 
utilisation than the standard CA. However, in a 
very lossy environment  (BER >10-06) CANIT and 
CA have the same performance. 
 

 
 
 
 
 

FIGURE 23 : cwnd (i) for standard CA 

FIGURE 24 : cwnd(1 2 et 3) CANIT 

FIGURE 22: cwnd(3) in Config. 3 
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5 CONCLUSION 
In this paper we presented a number of 
configurations to evaluate the performance of 
CANIT algorithm in a satellite environment. The 
results show that this CANIT version (that is a Beta 
version), can be an alternative to the standard TCP 
if we can improve it and implement it on the levels 
of the gateways and/or on the level of the 
equipment at the ends. 

REFERENCES 
 
M. Allman, D. Glover and L. Sanchez, Enhancing 
TCP over Satellite Channels using Standard 
Mechanisms, RFC 2488, January 1999. 
 
M. Allman and V. Richard Stevens, TCP 
Congestion Control, RFC 2581, April 1999. 
 
M. Allman and al., Ongoing TCP research Related 
to Satellites, RFC 2760, February 2000. 
 
M. Allman and S. Floyd, Increasing TCP’s Initial 
Window, Internet Draft, February 2002. 
  
H. BENABOUD and N. MIKOU, CANIT: A New 
Algorithm to Improve the Fairness of TCP 
Congestion Avoidance, ISCC‘2001 . IEEE 
Computer Society Publication ISBN 0-7695-1177-
5, pp. 702-707  
 
D. Chiu and R. Jain  Analysis of the Increase and 
Decrease Algorithms for congestion avoidance in 
computer Networks,  Computer Networks and 
ISDN Systems, 17: 1-14, 1989. 
 
S. Floyd, Connections with Multiple Congested 
Gateways in Packet-Switched Networks, Part 1: 
One-way Traffic, ACM Computer Communications 
Review, V 21, N 5, October 1991. 
 
T. Henderson, R. Katz, On Improving the Fairness 
of TCP Congestion Avoidance, Proccedings of 
IEEE Globecom. 1998. 
 
V. Jacobson, Congestion Avoidance and Control, 
Computer Communication Review, vol 18. no 4, pp 
314-329, August 1988.  
ftp://ftp.ee.lbl.gov/papers/congavoid.ps.Z 
 
V. Jacobson, Modified TCP Congestion Avoidance 
Algorithm, end2end-interest mailing list, April 30, 
1990. 
 
J. Postel, Transmission Control Protocol, RFC793, 
September 1981. 
 

W. Richard Stevens, TCP Slow Start, Congestion 
Avoidance, Fast Retransmit and Fast Recovery 
Algorithms, RFC2001, January 1997. 
 
D. Roddy, Satellite communications, third edition, 
ISBN 0-07-137176-1. 2001. 
 
 
Biographies: 
 

Hafssa Benaboud received the Master  
degree in Applied Mathematics and 
Computer Science from University of 
Rabat in 1996. Currently, she is 
preparing a PhD on improving TCP 

performances over satellite networks at the 
University of Burungdy – France in the team 
‘Communication Computer Networks’. She is 
research assistant in the Department of Computer 
Science at University of Geneva.  
 

Amine Berqia is Assistant Professor in 
the Department of Computer Science, 
University of Geneva and Co-ordinator 
of the project VITELS (Virtual Internet 
Telecommunications Laboratory of 

Switzerland) which is a part of the global project 
SVC (Swiss Virtual Campus). He has his PhD 
degree in Computer Science from the University of 
Bourgogne, Dijon, France. Its current research 
topics are performance modelling, evaluation and 
prediction of computer systems and 
telecommunication networks, mobile and wireless 
networks and remote learning for Computer 
Science and Telecommunications. 
 

Noufissa Mikou obtained the 
‘Doctorat d’Etat’ in Applied       
Mathematics and Computer Science 
from the University of Paris -Sud 
(France) in 1981. Currently, she holds 
a Full Professor position at the 

University of Burungdy – France, and is head of the 
research team ‘Communication Computer 
Networks’. Her main research interests are related 
to traffic modelling, traffic control functions and 
access control protocols in computer systems and 
telecommunication networks, mobile and wireless 
networks. She has published papers in international 
journals and conferences on these research areas. 
She has been member of many program committees 
of international conferences. She also takes part in 
European and international projects. 
 
 
 

 

 


