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Abstract

Most of the studies on TCP have assumed than the bot-
tleneck bandwidth remains constant over time. In wired net-
works, the available bandwidth for best-effort traffic is usu-
ally constant but major changes are foreseen as many telco
operators and Internet providers (ISP) are beginning to de-
ploy Quality of Service (QoS) features with reservation-
like or priority-like mechanisms in their networks. These
new technologies, along with the strong desire to provide
bandwidth-on-demand features, may turn wired networks
into highly variable-bandwidth environments (VBE) for the
best-effort traffic. In this paper we present a preliminary
study of TCP in VBE and show simulation results to better
understand the behavior and the performances of TCP in
such environments. Both sine-based and step-based band-
width variations models are used.

1 Introduction

TCP (Transmission Control Protocol) defined in RFC
793 is used by more than 80% of the traffic on the Inter-
net. One key point of TCP is its congestion control mecha-
nism which regulates the millions of flows of the Internet to
provide both efficiency and fairness. TCP’s performances
have been extensively studied by the research community
this last decade, both theoretically [16, 3, 11, 17, 18] and
experimentally [2, 7], and many enhancements and opti-
mizations to the original proposition have also been made
in order to support a wider range of network conditions
([4, 12, 9, 14, 15] to name a few).

Most of the studies have assumed than the bottleneck
bandwidth remains constant over time. This assumption
is not true in wireless networks because of the natural de-
pendency of bandwidth to the transmission quality (which
is very subject to climatic and interference phenomenon).
Hand-overs may also introduce bandwidth variations if the
user moves to a lower capacity cell. In wired networks, the
available bandwidth for best-effort traffic is usually constant
and is set to the link capacity most of the time (because the
Internet is mainly a best-effort network). However, major
changes are foreseen as many telco operators and Internet

providers (ISP) are beginning to deploy Quality of Service
(QoS) features with reservation-like or priority-like mech-
anisms in their networks (both access and backbone net-
works) to guarantee a given QoS level. Note that some
network technologies may also introduce dynamic band-
width features [5, 10]. These new technologies, along with
the strong desire to provide bandwidth-on-demand features,
may turn wired networks into highly variable-bandwidth
environments (VBE) for the best-effort traffic.

Dutta and Zhang [8] showed in a preliminary that TCP
(NewReno) behaves quite badly when the bandwidth is var-
ied over time. In this paper, we try to better understand the
behavior of TCP in VBE and make some fundamental ob-
servations for TCP in VBE. For this purpose, we use both
sine-based and step-based variations to study the general
behavior of TCP and then use simulations to validate the
impact of several system parameters such as router’s buffer
size and the RTT (Round Trip Time). The impact of queue
management strategies will be left for future works. The
paper is organized as follows. Section 2 presents the band-
width variation models. Section 3 investigates the behavior
of TCP in VBE and presents the main characteristics we
identified. Section 4 presents simulation results that vali-
date the previous investigations. Section 5 concludes the
paper and gives future work directions.

2 Bandwidth variation models

Two variation models are used in this paper to investigate
the performance of TCP: a continuous variation and a dis-
crete variation model. In the rest of the paper, a guaranteed
TCP flow or traffic will be referred to as a TCP flow or traf-
fic with negotiated resources enabling strong QoS guaran-
tees. We do not assume how these resources are negotiated
and assigned to the flow, but only assume that the resulting
effect on the best effort traffic is a decrease in the available
bandwidth.

2.1 Continuous variations

So-called continuous variation models are those where
the increase or decrease of the available bandwidth for the
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best effort traffic does not present significant jumps as time
is varied. In the real world, pure continuous variations (in
the mathematical meaning) do not exist as the granularity of
bandwidth is at the packet level, however, if the change in
bandwidth is not significant when ∆t is small then we will
refer such variations to as continuous.

Figure 1 shows a 200Mbps link with both a pure sine-
based bandwidth variations from 200Mbps to 20Mbps with
a period of 30s (dash line) and a more complex varia-
tion model (plain line). The y-axis represent the band-
width available for best-effort traffic over time (therefore
the bandwidth reserved for guaranteed traffic is 200-y). This
bandwidth variation model could represent a large number
of guaranteed TCP flows coming in and out, resulting in
variations for the best effort traffic.
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Figure 1. Sine-based continuous bandwidth
variation model.

Dutta and Zhang [8] used a pure sine-based variation
model to study TCP’s performances. They did not claim
that such a simple function could represent closely the real
variations that could be found in the Internet, but rather that
such a model could be used to evaluate TCP in a VBE. We
totally agree with this statement and use sine-based varia-
tions to model continuous variations and believe that such
patterns (especially the more complex one) could be used to
evaluate the behavior of TCP in core network’s links where
the aggregation level is very high.

2.2 Discrete variations

So-called discrete variation models are those where the
increase or decrease of the available bandwidth for the best
effort traffic does present significant jumps (with disconti-
nuity) as time is varied. Figure 2 illustrates the step model
we use in this paper to represent a discrete variation model.
When compared to the previous model, the discrete model
tries to represent large and sudden variations of the available
bandwidth. Such variation patterns could model dynamic
bandwidth provisioning of guaranteed traffic, especially in
the access networks where the aggregation is not so high.

Figure 2. Step-based discrete bandwidth vari-
ation model.

3 Understanding TCP on variable-
bandwidth environments

3.1 A quick review of TCP Tahoe/Reno/NewReno

TCP Tahoe is the TCP protocol proposed by Jacobson
after the congestion collapse observed in 1986. In TCP
Tahoe, the sender maintains a congestion window (usually
noted cwnd) that limits the amount of packets that it is
allowed to send into the network without waiting for ac-
knowledgments. The congestion control mechanism is a
2-phase control: a slow-start phase and a congestion avoid-
ance phase. Following is a very simple description of the
TCP Tahoe/Reno/NewReno protocols, readers are invited
to read the original papers ([13], RFC 2581, RFC 2582)
for the detailed and full description of the algorithms. TCP
Reno/NewReno are evolutions of TCP Tahoe.
TCP Tahoe: the TCP sender dynamically in-
creases/decreases the congestion window size according
to the congestion level of the network, which is conjec-
tured by packet losses. Switching from the first phase
to the second phase depends on the slow-start threshold
(usually noted ssthres): starting with cwnd = 1pkt, if
cwnd < ssthres then cwnd is doubled at every RTT
(1, 2, 4, 8,. . . ), otherwise, it is increased by 1 pkt. When
a timeout occurs or more than 3 duplicated ACKs are
received (indicating either severe losses or maybe a single
segment loss), ssthres is divided by 2 and cwnd is set to
1 in order to start a new slow-start phase. ssthres could
initially be set as high as possible. Note that fast retransmit
can be used to retransmit the lost packet (and only this one)
when duplicated ACKs are received without waiting for
the timeout. This congestion control follows the Additive
Increase Multiplicative Decrease (AIMD) principle to
achieve fairness with additive increase of 1 packet in the
congestion avoidance phase and a multiplicative decrease
of 1/2 when a congestion occurs.
TCP Reno: when more than 3 duplicated ACKs are re-
ceived, fast retransmit is used as in TCP Tahoe but a
new fast recovery mechanism is implemented by dividing
ssthres by 2 and setting cwnd = ssthres, followed with
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a congestion avoidance phase (and not a slow-start phase as
in TCP Tahoe, slow-start is only triggered by a timeout).
TCP NewReno (RFC 2582): in case of multiple losses
within the same window of data, TCP NewReno uses the
first acknowledgment received after the fast retransmit pro-
cedure to decide if more retransmissions should be per-
formed. TCP NewReno is the most deployed version of
TCP on the Internet.

TCP achieves good fairness among other flows but
known problems of TCP are low efficiency and high oscil-
lations on high bandwidth.delay product networks.

3.2 TCP on variable-bandwidth environments

On a steady-state, TCP is most of the time in the con-
gestion avoidance phase and therefore most of the studies
have focused on evaluating TCP’s performances when the
congestion window is increased by 1 packet every RTT. As
the RTT increases, the throughput increment per second is
decreased. When RTT is not too small, we can use a simple
relation to link the sender instantaneous throughput (T ) to
the congestion window size (cwnd) as follows:

T (t) =
cwnd(t) ∗ 8 ∗ MSS

RTT
(1)

where T is expressed in bits/s and MSS the maximum seg-
ment size in bytes (usually a value of 1024 is used). Since
we consider the congestion avoidance phase, cwnd(t) could
be expressed as:

cwnd(t) = cwnd(ta) +
(t − ta)

RTT
(2)

and T could be expressed as a function of t with a linear
function as follows:

T (t) =
Tb − Ta

tb − ta
(t − ta) + Ta

where Ta and Tb are respectively the throughput at time ta

and tb. When cwnd(ta) is known this relation could be
rewritten as follows:

T (t) =
8 ∗ MSS

RTT 2
(RTT ∗ cwnd(ta) + (t − ta)) (3)

by using equations (2) and (1) to express Ta and Tb as a
function of cwnd(ta). This very simple relation links the
throughput increase slope to the RTT. In the rest of this sec-
tion, we will use these relations to either get cwnd in func-
tion of T , or T in function of cwnd.

3.2.1 Sine-based bandwidth variations

Under sine-based variations, figure 3 depicts a simple view
of a TCP connection and shows as an example a throughput

increase slope of about 0.02 (dashed line) in the congestion
avoidance phase (meaning that throughput is increased at
the rate of 0.02Mbps per second) when there are no packet
losses. We have then represented with the dashed-arrows
one possible evolution of the sender throughput (this is a
simple view since slow-start has not been taken into ac-
count): when the throughput line crosses the bandwidth
variation curve while it is decreasing (it is actually the only
possibility), there are drops and cwnd will eventually restart
from 1. There may be several re-initialization phases until
the bandwidth curve increases again. When this happens,
if the throughput increase slope is much smaller than the
bandwidth increase slope then the efficiency is very low
(when the RTT is small, it is possible to have a higher
throughput increase slope). The amount of wasted band-
width is the surface captured by the bandwidth variation
curve and the throughput increase line, between time ta and
time tb.

Figure 3. Simple view of a TCP connection.

We could expressed the inefficiency between time ta and
time tb with the following relation:

Iab = 1 −

Tab

Bab

(4)

where Bab is the available bandwidth and Tab the achieved
throughput between time ta and time tb. Bab and Tab could
be expressed by:

{

Bab =
∫ b

a
B(t)dt

Tab =
∫ b

a
T (t)dt

T (t) is known and has been expressed in equation 3. If
we get back to the simple sine variation depicted in figure
3 where we used a sine-based B(t) function defined as fol-
lows:

B(t) = (max−
max − min

2
)+

max − min

2
∗sin(

2π

τ
t+

π

2
)

with max = 1Mbps, min = 0.2Mbps and τ = 32s; then
it is not difficult to obtain the inefficiency in this case, espe-
cially if we set cwnd(ta) = 0 in equation (3).
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However, this model assumes that the packet losses are
detected immediately by the sender who then react by halv-
ing or reinitializing its congestion window. The real sys-
tem is a bit different because intermediate routers do have
some buffers to store packets. In this case, 2 scenario are
possible when the bandwidth decreases: (i) the buffer is
almost empty and (ii) the buffer is almost full. In the
first scenario, buffers at the bottleneck link would fill up
and compensate in some extend the bandwidth decrease.
Eventually some packets will be dropped when the buffer
becomes full (if Drop Tail router are considered). In the
second scenario, the buffer saturates quickly and packets
are rapidly dropped, however the receiver still receives in-
sequence packets (those still in the queue) and thus keeps
sending outstanding ACK packets. Both cases give a simi-
lar result: the behavior of TCP looks more like the one de-
picted in figure 4 where we identified 3 phases. In phase a,
the throughput curve matches the bandwidth curve, at least
until the packet losses are detected at the receiver (with a
gap in the sequence number) which would then send dupli-
cated ACK making the throughput to decrease.

Figure 4. More accurate TCP behavior with
sine-based variations: 3 possible scenario.

Depending on the number of packet losses, either fast re-
transmit/fast recovery would be enough to handle the losses,
or a timeout would be triggered. Actually, when the ca-
pacity of the buffer is small, timeout are not likely to oc-
cur both because packet losses are more frequent (so cwnd

can not increase very much) and because loss indications
arrive faster with fewer packets in the backlog queue. Fig-
ure 4 shows the case where several packet losses are han-
dled with the fast retransmit/fast recovery procedure (phase
b). The throughput could go up quickly if the retransmit-
ted packets fill the gap at the receiver. This explains why
the throughput curve matches the bandwidth curve again.
When the available bandwidth increases again, depending
on the amount of packets left in the buffers, the throughput
curve could match for a while the bandwidth curve until be-
ing regulated by the sender throughput increase rate (which
greatly depends on the RTT: small RTTs give high through-

put increase rate): this is phase c. Several attempts to model
the router’s buffer occupancy under TCP traffic have been
done ([19] for instance) but very complex hypothesis on the
arrival pattern must be made. This is beyond the scope of
this paper to build such a model. In order to reduce the inef-
ficiency, the throughput curve should be close to the band-
width curve when bandwidth is increasing. To do so, time-
out should be avoided when the bandwidth curve is at its
minimum in order to not start from too ”low” (an example
of high inefficiency is shown in the right part of figure 4).
In summary, high inefficiency can be expected when both
RTT and buffers are large.

3.2.2 Step-based bandwidth variations

For step-based variations, the main difference with sine-
based variations is that the available bandwidth can drop
significantly in a very short amount of time (possibly in sev-
eral times). We illustrate in figure 5 the 2 cases that can be
found in step-based variations models.

Figure 5. Step-based variations scenario.

Figure 5a shows an increase of the throughput to the
maximum value Cn before bandwidth is decreased to a
smaller amount. In this case, the inefficiency defined by
equation 4 can be expressed by:

Iab = 1 −

Tab

Cn ∗ (tb − ta)
=

(tb − ta)(Cn+Ta

2
)

Cn ∗ (tb − ta)
=

4 ∗MSS

RTT 2
∗Cn

(tb − ta) −
1

2

which is obtained by using equations (2) and (3) to express
Ta as a function of Cn and tb. In figure 5b, the bandwidth is
decreased before the throughput could reach the maximum
value. We show the general case where the ith variation
makes the throughput to decrease while several harmless
bandwidth variations could happen before. Again, we iden-
tified 3 phases in this case which are identical to those of
the sine-based variation model explained previously. In this
case, which we believe is more frequently encountered, the
inefficiency could be exactly computed if all the variations
are known (which is practically not possible). However, if
only the mean available bandwidth is known (that we note
by Cab) then the inefficiency could simply be written as a
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function of Ta (Ta is usually the value of the previous avail-
able bandwidth) using once again equations (1) and (2):

Iab = 1−
Tab

Cab ∗ (tb − ta)
= 1−

{

Ta + 4∗MSS

RTT 2 (tb − tb)
}

Cab

We can see that the larger Cab and RTT , the higher Iab.
However, inefficiency can be low in phase a, b and c when
fast retransmit/fast recovery can be used instead of time-
outs, which is the case when the buffer size is large.

4 Simulations results

The network model on which we simulate TCP is shown
in figure 6. The bottleneck link is link b which propagation
delay is either 50ms, 150ms or 300ms (i.e. RTT of 100ms,
300ms and 600ms respectively). 2 configurations are used
which are detailed in the figure as case 1 and case 2.

Figure 6. Network model for ns simulations.

R1 and R2 refer to the number of buffer slots (expressed
in packets) that are available for each incoming link in the
router. The optimal buffer size usually follows the rule of
thumb of bandwidth.rtt product, e.g. for a 1Mbps link
with RTT of 300ms (i.e. one way delay of 150ms), the
buffer in number of 1Kbytes packets should be around 36.
For 50Mbps, it is about 1831. For case 2, the buffer size is
clearly not optimal but reflects the reality. In case 1, we vary
the buffer size from 5 packets to 50 packets. All routers use
the Drop Tail queue management strategy.

We use both pure sine-based variations with period of
about 30s and step-based variations with changes every 30s.
The variation range is 0.2Mbps-1Mbps (that is the band-
width available for best-effort traffic) and 10-50Mbps for
respectively the 1Mbps-link and the 50Mbps-link case. For
the step-based variation, we draw a random evolution and
used it in all simulations. The ns simulator [1] is used for
all the simulations. All graphics show the bottleneck link
delay, therefore the RTT is twice this value. The through-
put is measured by monitoring the ACK packets sent back
by the receiver so packet losses causing duplicated ACKs
make the throughput to decrease.

4.1 No bandwidth variations

Figure 7 shows the TCP throughput with network con-
figuration 1 (1Mbps) when there are no bandwidth varia-
tions. The no variation case is included in this paper in or-
der to serve as a reference. On the 1Mbps link, the window
size advertised by the receiver is increased from 20 (default
value in ns) to 256 in order to not being limited by the re-
ceiver window. Without bandwidth variations standard TCP
on a rather low-speed 1Mbps link is very efficient and can
grab all available bandwidth provided that sufficient buffer
slots are available in routers (10 buffer slots are enough to
considerably limit packet drops).
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Figure 7. TCP with no variations.

4.2 Sine-based variations

Figure 8 shows for a 1Mbps link the throughput of the
TCP sender. As could be expected, when RTT is high TCP
is not able to follow the bandwidth variations. For small
to medium RTT values (100ms and 300ms), the throughput
curve follows quite closely the bandwidth variation curve
because the router’s buffers can compensate in some ex-
tent the bandwidth variations. Figure 8 also shows that
the throughput is more stable when the buffer size is small
(figure 8(a,b,c)). The reason is that small buffers intro-
duce more frequent packet losses that limit the growth of
the sender cwnd. If we plot cwnd, we would see that the
TCP sender always uses fast retransmit/fast recovery. On
the contrary, when the buffer size is larger (30 packets and
more), it compensates for the bandwidth variations and lets
cwnd to grow. Eventually, with a large cwnd, the router’s
buffer will become full and severe losses, and then timeout,
would occur which would trigger slow-start phases (this be-
havior has been verified when we plotted cwnd for the 30-
packet case). In figure 8(d,e,f) we can clearly see the behav-
ior described in figure 4.

In figure 8f, we can see an interesting behavior at time
80s: the throughput curve matches the bandwidth curve in-
dicating that when bandwidth increases again, the buffer is
drained out to make use of all the available bandwidth. This
is the result of having large buffers.
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Figure 8. Sine variations, 1Mbps link. Buffer size (a) 5, (b) 10, (c) 20, (d) 30, (e) 40, (f) 50.
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Figure 9. Step variations, 1Mbps link. Buffer size 5, 30 and 50 (left to right).
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Figure 10. 50Mbps link. Sine: buffer (a) 200, (b) 500, (c) 1000. Step: buffer (d) 200, (e) 500, (f) 1000.
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The results presented in figure 8 show a better behav-
ior of TCP on a low-speed link than those previously pre-
sented by Dutta et al in [8]. We believe the authors in [8]
did not tune the TCP agent in ns (receiver window size for
instance), and especially did not increase the router buffer
size set by default to 1 packet. With the default TCP agent
parameters, we indeed got the same curves than those pre-
sented in [8]. However, we believe that our results presented
in this paper are more realistic.

Figure 10(a,b,c) show the 50Mbps-link case. Here the
behavior of TCP is not different from the TCP problem of
inefficiency on a high bandwidth.delay product network:
when cwnd is reset to 1, the congestion avoidance phase is
too slow to grab the available bandwidth. The only problem
specific to VBE is that packet losses are unavoidable.

4.3 Step-based variations

For the step-based variation model, figure 9 shows the
sender throughput on a 1Mbps link for 3 buffer sizes: 5, 30
and 50 packets. As the buffer size increases, the number
of packet losses decreases (and so the number of timeouts).
Once again, we can clearly see the behavior predicted in
figure 5b. When the bandwidth reduction is high, phase a is
very short and most of the time leads to a timeout instead of
a fast retransmit/fast recovery phase. However, inefficiency
is rather low as the buffer size increases (50 packets for in-
stance) which was also predicted.

On a 50Mbps link, the TCP behavior is quite differ-
ent because of the additional problem of having a high
bandwidth.delay product. Once again, we can see the be-
havior predicted in figure 5b and when a large amount of
buffers is available, several bandwidth reductions can be
handled without difficulties.

5 Conclusions and future works

In this paper, we studied the behavior of TCP on vari-
able bandwidth environments and compared it to simula-
tions performed with the ns simulator. Both the study and
the simulation results show that VBE are challenging net-
working environments for TCP where packet losses are very
frequently encountered. In this case it is tempting to let the
TCP congestion control performs the regulation of band-
width which would limit the growth of cwnd, but there is
at the same time the need to grab very quickly the band-
width when it increases. There are new propositions that
increases the TCP increase slope in congestion avoidance
phase [9, 14] for very high bandwidth.delay product net-
works, but then a bandwidth drop is very costly and some
preliminary simulations of such approaches suggest that the
inefficiency problem is still not completely solved. Regard-
ing the buffer size, the results suggest that the larger the

buffer, the lower the inefficiency. However, as we did not
look at the end-to-end performance issues such as the trans-
mission completion time, it is still early to say that large
buffers is better because large buffers also means more time-
outs. We are currently performing more simulations to in-
vestigate this issue and also fairness issues. We are also
looking at the impact of queue management in VBE.
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