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Abstract— Delay spikes on Internet paths can cause spuri-
ous TCP timeouts leading to significant throughput degradation.
However, if TCP is too slow to detect that a retransmission is nec-
essary, it can stay idle for a long time instead of transmitting. The
goal is to find a Retransmission Timeout (RTO) value that bal-
ances the throughput degradation between both of these cases. In
the current TCP implementations, RTO is a function of the Round
Trip Time (RTT) alone. We show that the optimal RTO that max-
imizes the TCP throughput need to depend also on the TCP win-
dow size. Intuitively, the larger the TCP window size, the longer
the optimal RTO. We derive the optimal RTO for several RTT dis-
tributions. An important advantage of our algorithm is that it can
be easily implemented based on the existing TCP timeout mecha-
nism.

I. INTRODUCTION

Most of today’s popular Internet applications use TCP as a
transport protocol [6]. However, with its explosive growth, the
Internet backbone faces the challenge of operating at its capac-
ity. Many remote TCP connections experience high loss rates
due to gateway congestion during peak hours. When TCP ac-
quires information about the current network conditions, there
exists a strong tension between keeping a large amount of data
in flight in order to fill the bandwidth-delay product versus hav-
ing to wait lengthy periods of time to attain feedback regarding
changing network conditions at the onset of congestion.

Since in most cases the Internet does not provide any explicit
information about the network conditions, it is up to the trans-
port protocol to form its own estimates, and then to use them
to adapt as efficiently as possible. For these reasons congestion
avoidance and control have become critical to the use of the In-
ternet. Jacobson [13] pioneered the concepts of TCP congestion
avoidance and control based on additive increase/multiplicative
decrease (AIMD). This scheme allows to avoid the congestion
collapse as shown by Floyd and Fall [10]. TCP was later aug-
mented with fast retransmission and fast recovery algorithms to
avoid inefficiency caused by retransmission timeouts [14], [26].

Despite the conventional wisdom of relying less on timeout-
based mechanisms, it has been indicated that a large number
of lost packets in the Internet is recovered by retransmission
timeouts [3], [22]. The problem is that delays on Internet paths
can be highly variable resulting for instance from route flipping
[4], [2]. On the one hand, underestimation of RTT leads to

The work of the first author was supported by AvH-Stiftung.

a premature retransmission timeout in case there is no loss or
the retransmission could be handled by the fast retransmission
mechanism. On the other hand, overestimation of RTT leads to
a late retransmission timeout, in case there is a loss that cannot
be captured by the fast retransmission mechanism. Therefore,
it is crucial for the TCP performance to find a Retransmission
Timeout (RTO) value that is an equilibrium point balancing be-
tween both of these cases.

Dolev et al. [7] study retransmission timeout setting for a
simple transmission protocol by means of competitive analysis.
Ludwig and Katz [18] propose the Eifel algorithm to eliminate
the unnecessary retransmissions that can result from a spurious
retransmission timeout. Gurtov and Ludwig [12] present an en-
hanced version of the Eifel algorithm and show its performance
benefits on paths with a high bandwidth-delay product. Ekstr
and Ludwig [8] propose a new algorithm for calculating the
RTO, named the Peak-Hopper-RTO (PH-RTO), that improves
upon the performance of TCP in high loss environments.

Recently, significant efforts have been devoted to modeling
such a complex protocol as TCP. Lakshman and Madhow [17]
and Kumar [16] use Markovian analysis to express the TCP
throughput. Mathis et al. [19] introduce an analytic model
of macroscopic behavior of TCP. Padhye et al. [21] consider
the impact of the retransmission timeout mechanism on TCP
throughput.

In this paper we study how to find the optimal RTO maxi-
mizing the TCP throughput using the model of [21]. Our main
contribution is to show that the optimal RTO need to depend on
the TCP window size. We derive the optimal RTO as a function
of RTT and the TCP window size for a general and some spe-
cific distributions of RTT. Intuitively, the larger the TCP win-
dow size, the longer the optimal RTO. We note that the heavy-
tailed Pareto distribution has been shown to approximate most
accurately the actual RTT distribution in the Internet [1], [2],
[11], [5]. An important advantage of our algorithm is that it can
be easily implemented on the top of the existing TCP timeout
mechanism (see Section VII).

RFC 3649 [9] proposes a modification of TCP congestion
control that adapts the increase strategy and makes it more
aggressive for high bandwidth links (i.e. for large window
sizes). In this work we demonstrate that for such scenarios
TCP throughput could be further increased by selecting a larger
RTO. Our results are strengthened by simulations in [12], which
show that proper handling of spurious timeouts on paths with a



high bandwidth-delay product can increase TCP throughput by
up to

�������
. Note that for a high bandwidth-delay product the

window size and thus the RTO value under our algorithm would
be large, which reduces the number of spurious timeouts.

The rest of the paper is organized as follows. Summary of
our results appears in Section II. In Section III we present the
TCP model. Section IV contains an analytic derivation of the
optimal RTO. A general RTT distribution and some specific dis-
tributions are considered in Section V and Section VI, respec-
tively. We discuss the practical implementation of the proposed
algorithm in Section VII. Section VIII contains concluding re-
marks.

II. SUMMARY OF RESULTS

In this section we give an overview of our main results while
the formal definitions and proofs are deferred to the following
sections. We assume that RTT behaves like a random variable
and derive the optimal retransmission timeout as a function of
the mean and the variance of RTT and the TCP window size.

The input parameters to our algorithm are the RTT mean � ,
the RTT variance �	� and the TCP window size 
 . (We assume
that both � and � are finite.) Our goal is to find the optimal
RTO maximizing the TCP throughput. We show that it is an
increasing function on 
 .

First we obtain some upper bounds on the optimal RTO
for a general RTT distribution. These bounds may be con-
sidered as worst-case bounds since they hold for any distribu-
tion. The results are presented in Table I. We show that for
any RTT distribution the optimal RTO is bounded from above
by 
�� 
�����
���� times the mean of RTT. Provided that higher
moments of RTT exist, we establish bounds which are mostly
driven by those moments while the effect of the window size
becomes insignificant. Notice that when RTT is a fixed con-
stant, we obtain an upper bound which tends to RTT.

Moment RTO – Upper Bound
First moment �� � 
 � 
�����
���� ��� �"!#

’th moment $&%('�) *,+-%� .0/1,2 /43 ��� ��� �"!5��� �6�7�689!;:</1,2 /
TABLE I

GENERAL DISTRIBUTION.

Next we derive the optimal RTO for some specific distribu-
tions. The corresponding results are presented in Table II. Basi-
cally, we would like the probability of a premature retransmis-
sion timeout to be very small. The rational is that the through-
put degradation due to a premature retransmission timeout is
much higher than that due to a late retransmission timeout. Our
model sets the probability of a premature retransmission time-
out at about =��>
?� , for optimizing the TCP throughput.

In case RTT is distributed according to the Normal distribu-
tion, one would expect the optimal RTO to be a sum of the mean
plus the standard deviation times some factor, as our analysis
indeed shows. The factor of �@��� is due to the fact that when���6A�BC�EDF�HGJI , the expected number of rounds wasted as a
result of a late retransmission timeout is IKGL�M�N� . This setting is

RTT Distribution RTO – Optimal Value
Normal �ODF�PGJA 3RQ 
�S7
TDU
VS�WX :
Exponential �YGJA(Z;
VS6
?[
Pareto $ % ' ) *,+-% W� . �9\	�^] W

TABLE II
SPECIFIC DISTRIBUTIONS.

similar to the RTO calculation of Jacobson [13] while the main
difference is the dependence on the window size. Throughput
degradation versus RTO for the Normal distribution of RTT
with parameters �_B �

and �_B`= is considered on Figure
1. The expected throughput degradation due to a late retrans-
mission timeout grows almost linearly with increase of RTO
while the expected throughput degradation due to a premature
retransmission timeout is high when RTO is close to the mean
and drops sharply when RTO increases. The optimal RTO is
close to RTT mean since the variance is relatively small. When
we double the TCP window size, the optimal RTO only slightly
increases.

For the Exponential RTT distribution, we show that the opti-
mal RTO is proportional to the mean of RTT and the logarithm
of the window size. The logarithmic factor of the window size
follows from the form of the density function. On Figure 2 we
consider throughput degradation versus RTO for the Exponen-
tial distribution of RTT with mean �aB � . The behavior of the
expected throughput degradation due to a late retransmission
timeout is similar to that of the Normal distribution. However,
the decrease of the expected throughput degradation due to a
premature retransmission timeout when RTO increases is much
slower than that for the Normal distribution. Doubling of the
TCP window size results in increasing of the optimal RTO by a
constant factor.

Finally, we consider the heavy-tailed Pareto distribution of
RTT and establish that the optimal RTO is the mean of RTT
multiplied by a power of the window size. Such a depen-
dence is due to the heavy-tail property of the Pareto distribu-
tion. Throughput degradation versus RTO for the Pareto distri-
bution of the RTT with mean ��B �

is considered on Figure
3. Like for the Normal and Exponential distributions, the de-
pendence of the expected throughput degradation due to a late
retransmission timeout on RTO is nearly linear. However, with
increase of RTO, the expected throughput degradation due to
a premature retransmission timeout falls more slowly for high
values of the TCP window size 
 . As a result, for small values
of 
 the optimal retransmission timeout for the Exponential
distribution is larger than that for the Pareto distribution while
for large values of 
 the opposite is true.

III. TCP MODEL

We adopt the model of [21] that is based on Reno version of
TCP. The TCP’s congestion avoidance behavior is modeled in
terms of ”rounds.” The duration of a round is equal to the round
trip time and is assumed to be independent of the window size.
We define a round of TCP to be a time period starting from
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Fig. 1. Normal distribution example.
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Fig. 2. Exponential distribution example.
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Fig. 3. Pareto distribution example.

transmitting a window of 
 packets back-to-back and ending
upon receiving the acknowledgments for these packets.

We make the following simplifying assumptions. There is al-
ways data pending at the sender, such that the sender can always
transmit data as permitted by the congestion window while the
receiver’s advertised window is sufficiently large to never con-
strain the congestion window. Every packet is assumed to be
individually acknowledged (the delayed acknowledgment algo-
rithm is not in effect). A packet is lost in a round independently
of any packets lost in other rounds. However, packet losses
are correlated among the back-to-back transmissions within a
round: if a packet is lost, all the consequent packets transmitted
until the end of that round are also lost1. We define packet loss
probability b to be the probability that a packet is lost, given that
either it is the first packet in a round or the preceding packet in
the round is not lost.

We call the congestion avoidance phase a steady state. We
assume that timeout expiration does not occur during a slow
start phase and concentrate on the timeout setting in a steadyc

Such situation naturally occurs when the tail-drop policy is deployed by the
bottleneck router

state. We also assume that the mean and the variance of RTT
are available or could be estimated.

Throughout this paper we use the following terminology:d 
 is the average TCP window size in a steady state,d RTO is the retransmission timeout,d RTT is the round trip time.
We approximate the packet loss probability as a function of

the TCP window size in a steady state, which is a simplification
of [21], as bfe �% ' . We note that the model of [21] captures
the effect of TCP’s timeout mechanism on throughput.

IV. TCP TIMEOUT OPTIMIZATION

In this section we consider optimization of the retransmission
timeout. The goal is to maximize the throughput of TCP. No-
tice that the optimal RTO is the actual RTT, which is unknown
to our algorithm. Thus, the online decision must be based only
on the available estimates of the mean and the variance of RTT.
We try to find the value of RTO that balances throughput degra-
dation between a premature retransmission timeout and a late
retransmission timeout, which are so called “bad events” (that



will be formally defined later). Recall that in our model bad
events occur only in a steady state.

When a bad event happens, we consider the convergence pe-
riod � that takes to TCP to reach a steady state. We compare
the throughput of TCP during � with that of an optimal algo-
rithm that uses the actual RTT as its RTO and sends in average
 packets every round. We call to the number of extra packets
sent by the optimal algorithm during � throughput degradation.
The goal is to minimize the expected throughput degradation
due to bad events.

First we will derive the expected duration of the convergence
period. In the case of a premature retransmission timeout, it
takes exactly 
�����
 rounds for TCP to reach a steady state since
the TCP window grows exponentially during a slow start phase.
In the case of a late retransmission timeout, TCP is idle instead
of transmitting during ���6Ahgi��� � time units. Thus, the ex-
pectation of the length of � in rounds is:�E� jlkJm&npo^q@Z;�6[	r^���6Ahst��� � !uB=v � ���6Awsf��� �"!yxFz|{y}~ Z����6A<ga�6�7�6[������ � �
We approximate the expected number of rounds using the Law
of Large Numbers as ��� j�k�m&n�o^q@Z;��[�!��N� :����� rounds in �Ur^���6A?sC��� �"!ue=v � ���6A�st��� � !ux z|{y}~ ���6A�ga��� �� ����� �7�

Assuming that there is a sequence of one or more losses
in a given round, the probability of retransmission timeout is�(� SMZ�=�� �% [ [21]. In the sequel, we assume that 
�s�� . Next
we will define the bad events more formally.
Premature retransmission timeout. We say that a timeout
occurred prematurely if no packet in the round is lost or the loss
can be captured by the fast retransmission mechanism. Note
that RTO must be smaller than RTT. The probability of this
event is:

v � B v � �6��A?�C�6�7�"!�G� Z^="gHb&[ % D 3 ="gCZ�= gPby[ % : � ="g �
0� �e v � �6��A?�C�6�7�"! � ="g �
 � �e v � �6��A?�C�6�7�"!��
The throughput degradation due to this event is:� � B<
�
�����
a�

Observe that during the slow start phase, TCP sends at most 

packets. We obtain that the expected throughput degradation as
a result of a premature retransmission timeout is:v � G � � B v � ���6A?�C��� �"!�G�
�
V����
U�
Late retransmission timeout. We say that a timeout occurred
lately if some packets in the round are lost and the loss cannot

be captured by the fast retransmission mechanism. Note that
RTO must be larger than RTT. The probability of this event is:v � B v � ���6A�st��� �"!�G3 ="gCZ�="gPby[ % : �
 e v � ���6A?sC��� �"! �
 � �
The throughput degradation due to this event is:� � B�
 =v � ���6A?sC��� �"! G x z|{y}~ �6��A�ga��� �� ����� � �
We get that the expected throughput degradation as a result of a
late retransmission timeout is:v � G � � B �
�x z|{y}~ ���6A<g���� �� ����� � �

The optimal RTO, �6��A�� , minimizes the expected through-
put degradation, that is:v � Z����6A4[�G � � Z����6A4[	D v � Z����6A4[�G � � Zl�6��A4[��
Thus, given the probability distribution of RTT, the optimal
RTO minimizes:��� �����C� ���¡�¡¢�£�¤¦¥¨§J©ª¤¬«T­¤ xF®�¯�°± �����i²H���¡�³ ´ ���¡�¡µ
For simplicity, we will derive an approximation for the optimal RTO,

the balanced
�����7¶,¶

, for which the expected throughput degradation
is the same for both of the bad events:��� �·�¸�C�����¡�¡¢�£¹¤¦¥¨§J©ª¤»º

(1)

­¤ x ®�¯�°± �����a²P���¡�³ ´ ���¡�½¼,µ
Note that in the worst case the expected throughput degradation for

the balanced RTO is at most twice as large as that for the optimal RTO:� c¹¾ ����� ¶^¶ ¼|£9¿ c¹¾ �·�¸� ¶^¶ ¼-«À�|Á ¾ �·�¸� ¶^¶ ¼&£¹¿�Á ¾ ����� ¶,¶ ¼ÂaÃ ¾ � c ¾ ����� ¶ ¼&£¹¿ c ¾ �·�¸� ¶ ¼u«Ä� Á ¾ ����� ¶ ¼|£9¿ Á ¾ �·�¸� ¶ ¼L¼,µ
V. GENERAL DISTRIBUTION

In this section we study what is the worst case effect of the TCP
window size on the maximal value of the optimal RTO. We derive
upper bounds on the optimal RTO that hold for any distribution of
RTT. In our analysis we use a simplified form of (1):��� �����C���·�·�¡¢V¤Å¥¨§�©Æ¤»º ­¤ �����³ µ

First we show that for any RTT distribution with finite mean, the
optimal RTO is bounded from above by

¤�Ç ¥¨§J©ª¤tÈ ­ times the mean
of RTT. Applying Markov inequality to (1) we get:³����� ¤¦¥¨§J©ª¤ÊÉ ­¤ �·�¸�³�Ë

����� Â�Ì­ ¤ Q ¥¨§�©Æ¤ ³ µ



In case higher moments of RTT exist, applying the general form
of Chebyshev inequality and using (1) we obtain an upper bound that
depends on both those moments and the window size:Í�� ���¡�¸Î9¢����� Î ¤Ï¥¨§�©Æ¤ÐÉÑ­¤ �����³ Ë
�·�¸� Â $ Ì­ ¤ Á ¥¨§�©Æ¤ . /1^2 / 3 Í4� �·�·�¡¢�Í4� ���¡� Î ¢ : /1^2 / µ

Notice that when RTT is almost constant, that is
Í4� �·�·�½Î9¢uÒ ³ Î , for

sufficiently large Ó the resulting upper bound tends to ³ .

VI. SPECIFIC DISTRIBUTIONS

In this section we study the case in which RTT is distributed accord-
ing to a given known distribution and derive the optimal value of RTO
for some well-known distributions.

A. Normal Distribution
In this section we consider the Normal distribution of RTT with

the mean ³ and the variance Ô Á , the density function Õ ¾5Ö ¼×ºcØ�Ù Á�ÚyÛ�Ü-Ý¨Þ�Ü�ßJà ',á Á Ø ' and distribution function â ¾5Ö ¼4º¦ã ¾ Þ�Ü�ßØ ¼ . To
avoid negative values, we can take RTT to be ä�åçæ ¾;è Ë�é ¾ ³ Ë Ô ¼L¼ for
some è � ³ , which does not really affect the analysis that is concen-
trated on the tail of RTT values larger than ³ . Since the Normal dis-
tribution is invariable under transforming the mean, one would expect
the RTO bound to be a sum of the mean plus the standard deviation
times some factor, which is indeed the case as we show.

Substituting to (1),
��� �������ê���¡�¡¢Cº Ì ²�ã ¾ ®�¯�° ÜpßØ ¼

,Í4� �·�·�¡¢�º ³ , ´ ¾ �·�·�¸¼(º cØNÙ Á�ÚyÛNÜyÝ¨Þ�Üpß�à 'Rá Á Ø ' ´ Ö and ë º Þ�ÜpßØ
we obtain: � Ì ² xiì± ÌÇ Ã¹í Û ÜÆî '' ´ ë � ¤Ï¥¨§�©Æ¤ïº
­¤ ³ � �·�¸� x ì± ÌÇ Ãçí Û Ü î '' ´ ë ²PÍ4� �·�·�Yð����¡�i� �����¸¢ � µ
Provided that RTT is sufficiently large, we can assume thatÍ4� �·�·�6ð ���¡�ñ�×�����¸¢ Ò ³ . Having done some calculations we

obtain that the optimal RTO is:�����Fº ³ « Ô £�� $�ò ¥¨ó�¤¬«Ä¥¨ó ³Ô . µ
The interesting factor is

� ¾ Ç ¥¨ó�¤t¼ , which guarantees that the
probability of a premature retransmission timeout is small.

B. Exponential Distribution
In this section we consider the Exponential distribution of RTT with

the rate parameter ô , the mean
Í4� Ö ¢õº Ì È ô , the density functionÕ ¾5Ö ¼·º ô Û Ü÷ö¹Þ and the distribution function â ¾5Ö ¼·º Ì ² Û Ü÷ö¹Þ . We

show that the optimal RTO is proportional to the mean of RTT and the
logarithm of the TCP window size.

Substituting to (1),
��� �·�¸�ø�¦���¡�¡¢½º ÛNÜ÷ö ®÷¯p° ,

Í�� ���¡�¡¢ ºÌ È ô and ´ ¾ �·�·�¸¼&º ô Û Ü÷ö¹Þ ´ Ö we get:Û Ü�ö ®�¯�° ¤Ï¥¨§�©ª¤ïº­¤ ô � 3 Ì ² Û Ü÷ö ®÷¯p° : �����U² x ®÷¯p°± Ö ô Û Ü�öçÞ ´ Ö � µ
This gives us the following RTO:�����FÒ Ìô ¥¨ó � ¤ Á ¥¨§J©ª¤­ � º Ìô � ¾ ¥¨ó½¤C¼,µ
The logarithm of

¤
achieves the effect of setting the premature re-

transmission timeout probability to be order of Ì È�¤ Á .

C. Pareto Distribution
In this section we consider the heavy-tailed Pareto distribution of

RTT with the shape parameter ùfú Ì , the mean
Í4� Ö ¢7º ûû Ü c , the

density function Õ ¾5Ö ¼¸º ûÞ¹ü 2 / and the distribution function â ¾5Ö ¼·ºÌ ² ¾ cÞ ¼ û . We show that the optimal RTO is the mean of RTT multiplied
by a power of the window size, which is due to the heavy-tail property
of the Pareto.

Substituting to (1),
��� �·�¸�ý�Å���¡�¡¢½º 3 c

®�¯�° :
û
,
Í4� �·�·�¡¢¸ºûû Ü c and ´ ¾ ���¡�¸¼&º ûÞ ü 2 / ´ Ö gives us:

$ Ì����� . û ¤Ï¥þ§J©ª¤ïº
­¤ ù ² Ìù £ � $ Ì ² $ Ì����� . û . �����i² x ®�¯�°c �·�·� ùÖ û¹ÿ c ´ Ö � µ

Solving this equation derives the following RTO:�����fÒ � ¤ Á ¥¨§�©ª¤ ³­ � c Ü c á ß µ
An interesting setting is ù º Ã where

Í�� ���¡�¡¢yº Ã
. In this case we

get that
�����FÒi¤ Ç ¥¨§�©Æ¤

, which justifies the form of the bound we
have for an arbitrary distribution.

VII. IMPLEMENTATION ISSUES

In this section we discuss the practical implementation of our algo-
rithm. Using the existing TCP timeout mechanism, one can get the
estimates of the RTT mean ³ and the RTT variance Ô Á while the TCP
window size

¤
is known to the algorithm. In order to calculate RTO,

these parameters are just substituted to the formula for a specific dis-
tribution.

It remains to select the distribution that best describes the actual
distribution of RTT in the Internet. Fujimoto et al. [11] measured
the distribution of RTT, and determined the suitable distribution func-
tion among the Normal, the Exponential and the Pareto distributions
through a statistical analytic approach. Results in [11] demonstrate
that the RTT distribution is approximated most accurately by the
heavy-tailed Pareto distribution. That coincides with the empirical re-
sults in the other works, which showed that the distribution of end-to-
end packet delay in the Internet is heavy-tailed [1], [2], [5].

We suggest that the Pareto distribution should be selected as the
default distribution. Although other distributions may prove to per-
form better in different environments, selecting a distribution in ad-
vance based on the extensive analysis of the environment allows to
avoid the overhead of sampling the right distribution online. Since the
mean and the variance of RTT are updated dynamically, our algorithm
continuously adapts to the current network conditions.

In RFC 2988 [23] the minimum RTO has been set to a fixed value ofÌ second. However, following [8] our results suggest a need for a more
flexible implementation, especially for connections with small RTT’s.
We note that under our algorithm packets are not retransmitted too
aggressively since the penalty of a premature retransmission timeout
is rather high. That helps to avoid unfairness while competing with
regular TCP connections.

VIII. CONCLUDING REMARKS

Spurious TCP timeouts can cause significant throughput degrada-
tion, especially on paths with a high bandwidth-delay product. In this
paper we show that the optimal RTO maximizing the TCP throughput
need to depend on the TCP window size, that is the larger the TCP win-
dow size, the longer the optimal RTO. We consider a theoretical model
of TCP and derive the optimal RTO as a function of RTT and the TCP
window size for a general and some specific distributions of RTT. We
believe that the proposed scheme may suggest new directions for fur-
ther improvements of the current TCP timeout setting mechanism.
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