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Abstract—We propose a recursive, analytical model to predict
the TCP performance in terms of completion time for short-lived
flows. Based on the knowledge of the average dropping probability,
the average roundtrip time and the flow length, the model provides
very good results when compared to simulation.

Index Terms—HTTP flows, TCP, traffic modeling.

I. INTRODUCTION

ACCORDING to recent studies [1], TCP [2], [3] accounts
for 95% of the total traffic volume, and 80% of the total

number of flows in the Internet. Among the TCP flows, a large
majority are short lived flows with the average and the median
lengths no larger than 10 KB. These figures highlight the impor-
tance of understanding the behavior of short lived TCP flows.

In recent years, the modeling of the TCP behavior has
received considerable attention [4]–[6]. However, most of the
proposed models focus on characterizing the TCP performance
in steady-state. In contrast, modeling the TCP behavior in the
Slow Start phase was largely ignored. This letter addresses this
problem, by presenting a simple TCP model to estimate the
completion time of short lived flows in the presence of segment
losses. Our model computes the average completion time as
a function of the roundtrip time (RTT), the loss probability,
and the flow length. To evaluate the model, we use a variety of
simulations which show that the measured average completion
times matches the predicted values very well.

II. ASSUMPTION

WeconsiderthereferenceSlowStartalgorithmimplementedin
BSDUNIX[7].SinceallmajorTCPproposals,suchasTCPReno,
Newreno, and SACK implement the same Slow Start and similar
loss recovery algorithms, our model accurately predicts the av-
erage completion times for all these TCP variants. For simplicity,
we do not model the delayed acknowledgment mechanism.

We assume that the sender is limited only by the congestion
window size, and not by the receiver window size. We consider
a unidirectional data transfer of maximum nine data segments.
This translates into a maximum transfer of 13.5 KB [assuming
a maximum transfer unit (MTU) of 1.5 KB], which should be
enough to cover most of the short-lived TCP flows. The short
size of the TCP transfers considered in this paper has two im-
mediate implications. First, many of the TCP flows never exit
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the Slow Start phase. Second, the probability that a packet loss
will trigger the Fast Recovery algorithm is very low. This is be-
cause the window size will be small during the entire duration of
the transfer, and thus the sender will not be able to send enough
segments to generate three duplicate acknowledgments.1 As a
result, most losses trigger a retransmission timeout (RTO) which
will cause the TCP flow to reenter the Slow Start Phase.

We do not model the Congestion Avoidance algorithm, and
consider that the congestion window always grows exponen-
tially, i.e., the congestion window always increases by one upon
receiving an acknowledgment. As demonstrated by the simula-
tion results, this assumption has minimal effects on the accuracy
of our model. The main reason for this is twofold. First, when
the window size is very small, the increase of the congestion
window under Slow Start is relatively close to the increase of
the congestion window under Congestion Avoidance. Second,
TCP enters the Congestion Avoidance phase only when the con-
gestion window size is greater or equal to two [2], [3], [7].

We assume that all segments of a flow traverse the same path
and that the loss rate is uniformly distributed, i.e., each segment
is dropped with the same probability. Note that the assumption
that the loss rate is uniformly distributed is likely to hold in
practice for short lived flows. Indeed, in the case of high speed
links, the correlation between subsequent losses affecting the
same flow is highly reduced by the high statistical multiplexing
on the link. In addition, modern buffer management schemes
such as RED reduce further the probability of dropping consec-
utive segments of the same flow. The average RTT is assumed
to be known. We consider the transmission time to be negli-
gible compared to the propagation time. This allows us to ig-
nore the dependencies between RTT and the segment size, and
the queueing delay due to waiting for the previous segment of
the same flow to be transmitted.

The main goal of this work is to estimate the completion time,
i.e., the time it takes a source to successfully transfer a given
amount of data using a TCP congestion control algorithm. A
transfer is considered successful when the source receives the
ACK for the last segment (we ignore the closing procedure).

The completion time consists of two terms:
• connection establishing time, i.e., the time it takes to suc-

cessfully complete the three-way handshake algorithm [2],
[3];

• time to complete the transfer of the actual data segments.

III. MODEL DESCRIPTION

To describe our model, we use the following variables:
average RTT;
SYN segment dropping probability;

1Fast Recovery can be triggered only when the congestion window is larger
or equal to four segments, which can happen only when the flow has at least
seven segments.
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RTO for SYN segments (which is set to 3 s [2]);
data segment dropping probability, ;
estimated RTO for data segments.

A. Connection Setup

During the connection setup, the TCP sender transmits one
SYN segment and waits for the SYN-ACK segment. Upon re-
ceiving this segment, the sender acknowledges the SYN-ACK
segment and starts sending data segments. At each stage of this
process, if either party does not receive the ACK within , it re-
transmits the SYN segment and doubles the SYN timeout value.
Thus, similarly to [6], the average connection setup time can
be expressed as

(1)

Note that this holds only if , otherwise the sum does not
converge. In practice, TCP gives up setting up the connection
after a limited number of retries.

B. Data Transfer

Immediately after receiving the SYN-ACK, the sender starts
transmitting data segments and waits for ACK segments. Upon
sending a data segment, the sender initializes a timer . If the
timer expires, the sender assumes that the data segment was lost,
and it retransmits the original data segment. At the same time the
value of the timer is doubled. An important point to note here
is that, in accordance to most TCP implementations, here we
assume that the sender maintains only one timer for all in-flight
segments [3], [7]. The timer is associated to the segment with
the lowest sequence number that has not been acknowledged
yet. When an ACK segment is received, the timer is reset and
re-assigned to the subsequent segment.

Next, we make two important observations:

• is modified during the evolution of the connection. It is
initially set to three seconds, and updated upon receiving
each ACK by using Karn’s algorithm.

• the granularity of estimating the average and variance of
RTT is typically very large, i.e., 500 ms.

On terrestrial links, the RTT is usually much smaller then the
timer granularity, thus the RTT estimation algorithm converges
to the minimum value immediately after that the first estimation
(i.e., the first ACK) is received. Thus, in our model we consider

s for the first data segment, and s for all the
remaining ones.

Let denote the average time spent to successfully send
segments with an initial congestion window of size . Thus,
is the average completion time of a flows of size , and

is the average time to successfully transfer a burst of seg-
ments that belong to the same congestion window. Obviously,

for . This allows us to derive a recursive
model, that explicitly considers as a function of
and .

Note that , since after the TCP source re-
ceives the ACK for the first segment, it transmits the remaining

segments using an initial congestion window of two.

Next we derive . If , the completion time is similar
to (1):

With a burst of two segments we have

Upon receiving the ACK of the first segment, the sender
reschedules the retransmission timer. As a result, the detection
of a possible loss of the second segment is delayed by one RTT.
Similarly to the previous cases, we can write

Note that when evaluating , if the first segment in the burst
is dropped, then the Fast Recovery algorithm will be triggered,
and the source will retransmit the segment immediately without
waiting for an RTO.

We next derive . If , three packets have to be sent,
with an initial congestion window of two. Thus, after the burst
of two segments is sent, one of the following cases occurs. 1)
No loss. The third packet is sent as soon as the first ACK is re-
ceived. 2) Or the first packet in the burst is lost. The RTO triggers
the packet retransmission, and the congestion window is reset to
one. At this point the sender has still two packets to send. 3) Or
the second packet in the burst is lost. Upon receiving the ACK
for the first packet, the sender increases its congestion window
and sends the third packet. At the same time, the retransmission
timer is rescheduled. Since TCP uses cumulative acknowledg-
ments and employs only one retransmission timer, the possible
loss of the third segment can be detected only when the ACK of
the second segment is received (assuming that the second seg-
ment is not lost). This fact in conjunction with the assumption
that the transmission time is negligible allow us to consider the
equivalent scenario in which the retransmission of the second
segment and of the original segment happen at the same time,
that is, the two segments are sent in a burst, and therefore the
completion time is . 4) Or both packets in the burst are lost.
After the retransmission timer expires, the sender starts all over
again. The only difference is that now the retransmission timer
value is double.

Thus:

Using the same reasoning as before, we can write
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Fig. 1. Comparison between the proposed model and the simulation
measurements: single source.

The Fast Recovery algorithm can be triggered when evalu-
ating , as the number of in-flight segments can ex-
ceed four. Thus

and

This procedure can be repeated to evaluate for ,
but the complexity grows exponentially due to all the possible
combinations that must be taken into account. We note that this
model can be completed with a steady state model to estimate
the TCP performance of long lived flows, as proposed in [6].

Model Validation: We evaluate our model by simulation
using the ns-2 simulator. In the first set of simulations, we
consider a single TCP flow that transmits exactly segments
on a 50 ms bidirectional link that directly connects the source
and the receiver. The link capacity is 10 Gbps, which makes
the transmission time negligible. Data segments are randomly
dropped with probability . We repeat the experiment 100 000
times to get accurate results.

Using the model, we then evaluated the TCP performance in
terms of completion time for different dropping probabilities,
where ms and is fixed. The measured and the esti-
mated completion times are plotted in Fig. 1 as functions of the
loss rate. As it can be seen, the model tracks very accurately the
simulation results.

A second and more realistic scenario simulates WWW-like
traffic pattern, where a number of TCP-RENO sources and re-
ceivers are connected via a bottleneck link of 10-Mbps capacity,
and 50 ms propagation delay. All routers implement RED, with
a maximum queue size of 50 segments. The flow arrival rates are

TABLE I
AVERAGE FLOW LENGTH PER GROUP (MTU = 576 BYTES)

Fig. 2. Comparison between the proposed model and the simulation
measurements: multiple sources.

modeled by Poisson processes. The flow lengths are drawn from
the distribution shown in Table I, that was derived to best match
the AT&T Labs’ recent measurements of the Internet traffic [1].
Note that more than 60% of the flows are shorter than ten seg-
ments.

Finally, we run a variety of simulations under different of-
fered loads, and measure the flow completion time and the drop-
ping probability along the flow path. Fig. 2 presents a compar-
ison between the measured and the predicted completion times.
As it can be seen the predicted values are very close to the sim-
ulation results. Note that these results show that the TCP perfor-
mance is mainly dominated by the RTO, observation that sup-
ports our assumptions.

IV. CONCLUSIONS

We have presented a TCP model for short-lived flows to esti-
mate the completion time as a function of the average loss rate
and the RTT along the flow path. The simulation results show
that our model is highly accurate over a variety of scenarios.
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