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Abstract
We analyze the performance of an Additive Increase Multiplicative Decrease (AIMD)-like ﬂow control mechanism.
The transmission rate is considered to increase linearly in time until the receipt of a congestion notiﬁcation, when the
transmission rate is multiplicatively decreased. AIMD captures the steady state behavior of TCP in the absence of timeouts and in the absence of maximum window size limitation. We introduce a general ﬂuid model based on a multi-state
Markov chain for the moments at which the congestion is detected. With this model, we are able to account for correlation and burstiness in congestion moments. Furthermore, we specify several simple versions of our general model
and then we identify their parameters from real TCP traces.
 2004 Elsevier B.V. All rights reserved.
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1. Introduction
We present a framework to study the performance of Additive Increase Multiplicative Decrease (AIMD)
type ﬂow control mechanisms. This is the kind of control used by TCP, the widely used transport protocol
of the Internet [26]. However, we anticipate that our results will also be applicable for other ﬂow control
mechanisms (e.g., the ABR mechanism in ATM networks). We employ a ﬂuid approach [1,2,4–6] to model
the controlled ﬂow. Our model studies a general window-based ﬂuid AIMD mechanism. Our model applies
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to the TCP protocol when the window size is large enough so that the packet nature of TCP is eﬀectively
diluted. The transmission rate of the source is assumed to grow linearly at a rate a. In the case of TCP where
the ﬂow is controlled via a congestion window, the transmission rate at any instant is equal to the window
size divided by the Round Trip Time (RTT) of the connection. The growth of the transmission rate continues until the source receives a notiﬁcation of congestion from the network or until the maximum window
size is reached. In the case of TCP, the congestion is inferred from the loss of packets. It is an implicit notiﬁcation compared to the explicit notiﬁcation used by other ﬂow control protocols as the ABR service in
ATM or the ECN proposal in the Internet. We call the moment at which the source reduces its transmission
rate a loss event. Upon detection of a loss, the transmission rate is scaled down by a (possibly random) factor a 2 [0, 1]. The scaling factor depends on many factors. In the case of TCP, it depends on the version
used, on the number of packet losses in the congestion period and on the way by which the loss is detected
(e.g., duplicate ACKs or Timeout [26]). The Reno version of TCP divides its window by two for every
packet loss [12]. The Newreno and SACK versions do not divide their windows by more than two in a
RTT, regardless of the number of packet losses during the RTT [12].
We adopt an end-to-end approach for modeling the AIMD congestion control mechanism [8]. The endto-end approach considers the network as a black box whose output is the process of loss events. The physical characteristics of the network (topology, capacity, etc.) and the parameters of the traﬃc of other users
are all summarized by the process of loss events that we shall consider in our analysis. The opposite of the
end-to-end approach is the network speciﬁc approach [8] which considers directly the characteristics of the
network when modeling the AIMD type protocols (e.g., [3,10,21] for TCP). The advantage of the end-toend approach is that it can be applied to all networks resulting in the same loss process as that considered
by the model. It is clear that the more general the loss process is, the larger the number of networks the
model is able to cover.
The process of loss events can be seen as a point process, where the appearance of a point corresponds to
the appearance of a congestion signal, interpreted as a loss in the context of TCP, causing a reduction in the
transmission rate. Diﬀerent models have been proposed to study the performance of an AIMD mechanism
using the end-to-end approach [6,11,23,20], but these models make in general simple assumptions on the
loss process, as periodic, Poisson, iid, etc. These assumptions may not hold on some Internet paths where
losses are clustered or when the rate of the loss process changes following some underlying Markov chain.
Our aim in this paper is to consider such paths. For example in Fig. 1, one can observe a scenario where the
moments of transmission rate reduction are clustered together. This ﬁgure corresponds to the window size
evolution of a New Reno [12] TCP connection running between two sites at the technology park Sophia
Antipolis in south of France.
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Fig. 1. TCP window evolution.
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