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Abstract—Round-trip time (RTT) between hosts provides
valuable information about host proximity. Path RTT plays
a crucial role in several overlay network construction proto-
cols, peer-to-peer applications, and proximity-based server
redirection in such applications as multiplayer gaming and
content distribution network. Despite this important role,
there is no systematic study of the RTT measurement pro-
cess that we know of, where the problems involved in the
measurement procedure have been studied, e.g., measure-
ment accuracy under path congestion. The RTT of a path is
usually estimated as the minimum of a number of measure-
ments. Furthermore, the number of probes needed for the
measurement procedure ranges from a few probes to more
than 200 probes in different services and applications. Given
the potential for wide deployment of these services and ap-
plications, the bandwidth consumed in measuring path RTT
becomes significant. In this paper, we study the RTT mea-
surement process trying to pinpoint the main challenges in
capturing the minimum RTT along a path and how to min-
imize bandwidth requirement while maintaining measured
RTT close to minimum path RTT. Our analysis builds upon
the RTT phase-plot used by Bolot [1]. We also develop and
evaluate a set of measurement techniques using simulation
and real Internet experiments.

Keywords— Distance Measurement, Round-Trip Time,
Proximity-based Application.

I. INTRODUCTION

Several Internet applications have adopted the round-
trip time (RTT) between hosts as a basic tool to approx-
imate distance and to estimate location of hosts on the In-
ternet. Overlay network such as Content-Addressable Net-
work (CAN) [2], peer-to-peer applications such as Nap-
ster [3], various multiplayer game servers such as Game-
spy [4], end-to-end Internet distance estimation services
such as GNP [5] and IDMaps [6], geographical IP map-
ping services such as GeoPing [7], and end-host multicast
applications such as Narada [8] and HMTP [9] all rely on
measured RTT as a fundamental tool to determine the lo-
cation of an Internet host relative to one or more measure-
ment points. To elaborate:

� CAN is a distributed indexing application that builds an
overlay network addressed by the indices. Routing on the
overlay network is accomplished by hashing on the in-
dices. The addressable space (range of index values) is di-

vided into a number of zones. Each zone is hosted by one
or more physical nodes. Hosting nodes determine which
zone they are in by measuring the RTTs to a given set
of landmarks, which are then ordered according to their
RTTs in ascending order. The ordering of the landmarks
determines the zone a node is in. Inaccurate RTT measure-
ments may result in landmark ordering that eventually lead
to longer search time through the address space.

� Napster is a peer-to-peer file sharing application. When
a Napster user searches for a file, Napster returns a list of
peers hosting the requested file. The RTTs between the
user and each peer are listed alongside. The user would
then try to download first from the peer with the smallest
RTT.

� Gamespy is an online gaming “lobby” where players can
meet other players interested in playing one of a number of
games. To use the Gamespy service, a player downloads
and runs its client application. For each game a player is
interested in, the Gamespy client lists existing servers and
other players with their corresponding RTTs. Gamespy
clients continuously monitor the RTTs between players.

� GNP is a distance estimation service that constructs a
coordinate system to estimate distances between hosts. To
determine the coordinate of a host, the host measures its
RTTs to a set of Landmark machines (not the same land-
marks as CAN’s) distributed across the Internet. These
measurements are then used to position the host in a ge-
ometric space. In this space, the end-to-end distance be-
tween hosts is estimated by their geometric distance.

� IDMaps provides a distance estimation service by plac-
ing a set of measurement machines called Tracers on the
Internet. Each Tracer measures its RTTs to various hosts
on the Internet as well as to other Tracers. These measure-
ments are used to build a virtual topology of the Internet,
where the RTTs represent the cost (distance) of each link.
End-to-end distance between any pair of IP addresses can
then be computed on this virtual map.

� GeoPing locates an Internet host in a geographic region
by mapping network delay to geographic distance. To esti-
mate the geographic location of a host, GeoPing measures
the RTTs between that host and a number of probe ma-
chines distributed across the Internet. The geographic lo-
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cation of the host is then estimated by triangulation based
on these RTTs.

� Narada and HMTP are examples of protocols to build
end-host multicast overlay network. Both use measured
RTTs between hosts to restructure the overlay network for
improved performance. Each member of a multicast group
periodically measures its RTTs to a handful of other mem-
bers and adjusts the overlay network as necessary based
on these measurements. The authors of [10] show the im-
portance of adjusting the overlay network to the underly-
ing physical network’s conditions to achieve good perfor-
mance for a teleconferencing application running on top of
the overlay network.

Most of these applications and services rely on measur-
ing minimum path RTT for the correct operation of their
services. The minimum path RTT is a property related
to the topology of the network rather than the load of the
network. This quantity is of most interest to applications
and services that are sensitive to the topology of the net-
work, such as GeoPing, GNP, IDMaps, CAN, and end-host
multicast overlay applications. Other applications that use
RTT for peer selection, such as Napster and Gamespy are
interested in capturing the load on the network. Neverthe-
less, minimum path RTT still provides a valuable informa-
tion for topological selection of different peers. Despite
the great role of path RTT, there is no consensus among
different applications and services on the RTT measure-
ment process. For example, to measure the minimum RTT
of a path, GeoPing sends 10–15 probes along the path. On
the other hand, according to [5], GNP sends 220 probes to
estimate the minimum path RTT. GeoPing and GNP mea-
sure the minimum RTT of each path once and use the mea-
sured result for an unspecified amount of time. Narada,
HMTP, and Gamespy measure the RTT of each path pe-
riodically, with a 10 sec period in Narada’s case. Nap-
ster measures path RTTs between peers every time a user
searches for a file. Not only is there a lack of consensus in
RTT measurement frequency, inter-probe interval is also
left unspecified in most cases. Thus despite the heavy re-
liance on measured RTTs we see in these applications and
services, there has been no published results that system-
atically study the RTT measurement process.

While ad-hoc approaches to measuring RTT may be
sufficient in proof-of-concept prototypes, a more system-
atic approach that minimizes the bandwidth requirement of
the measurement process while still providing measured
RTT close to the minimum RTT is required for sustain-
able large-scale deployment of these services. For exam-
ple, if a large number of hosts try to compute their coor-
dinates in GNP, the Landmark machines could be inun-
dated with measurement packets given the way RTTs are

currently measured in GNP. If GeoPing or IDMaps mea-
surement machines send a large number of probes to hosts
on the Internet, they could trigger false security alarms at
the destination networks. Widespread deployment of peer-
to-peer applications that rely on periodic RTT measure-
ments could use up a large portion of network bandwidth
just for doing RTT measurements. Our main focus in this
paper is to first try to identify and understand the main
challenges and difficulties in capturing the minimum RTT
along a path. Then we try to design some techniques to
overcome those difficulties. Finally, we evaluate our tech-
nique through real experiments on some paths on the In-
ternet.

We briefly summarize several related work in Section II.
In Section III, we present the RTT measurement process,
identify the main challenges in capturing the minimum
RTT along a path, and furnish a set of techniques to detect
and overcome these challenges. In Section IV, we present
our experiment setup and the settings of the parameters in-
volved in measuring the minimum RTT of some paths we
studied on the Internet. We evaluate our set of techniques
on the RTT samples captured from these paths. We also
present and evaluate a method to differentiate between de-
lay changes due to path changes and those due to conges-
tion. In Section V, we present and correlate two methods
to measure the RTT of a path. We summarize our min-
imum RTT measurement process in Section VI. Finally,
we conclude in Section VII.

II. RELATED WORK

A large number of studies on packet delay have been
presented in the literature, e.g., [11], [1], [12], [13], [14].
To our knowledge, however, no previous studies of packet
delay and loss on the Internet have reported the appropri-
ate number of probes and the required frequency to cap-
ture the minimum RTT of a path. Mukherjee in [13] re-
ported on a study in which he collected round-trip delay
measurements for three Internet paths over a 24-hour pe-
riod. He used ICMP ping to send 10 probes every 1 or 2
minutes with an inter-probe interval of 16.7 ms and 1 sec.
One of the study’s important findings is that the distribu-
tion of RTT along a path can be approximately modeled
by a shifted Gamma distribution. Bolot in [1] reported on
a careful study of packet delay and loss characteristics ob-
served on a single Internet path. He sent a group of 32-byte
UDP packets over a 10-minute period with an inter-probe
interval ranging from 8 ms to 500 ms. He also introduced
a phase-plot technique as a method to analyze packet de-
lays. We adopt this phase-plot technique in our analysis for
the self-interference detection described in Section IV-B
and the congestion detection technique described in Sec-
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tion III-B.1. Acharya and Saltz conducted a large scale
study to characterize the round-trip delay on 90 different
paths [11]. Over a 48-hour period, they sent 64-byte ICMP
packets to different hosts with an inter-probe interval of 1
second. Their main observations are: the probability of
capturing minimum RTT of a given path, within a short
period of time is high (a similar observation was also re-
ported in [1], [15]), RTT distribution is skewed to the left
with a long tail where mode RTT is very close to the min-
imum, and a large number of RTTs are within a window
of 10 ms or 10% of the mode. The authors of [16] found
that a router’s processing delay can reach values more than
1 ms (a delay of 35 ms has been observed in their study).
The minimum delay within a hop can be observed at any
time and does not depend on the router load. In agreement
with previous studies, they also found that queueing de-
lay distribution has a long tail and is well modeled by a
Weibull distribution.

All of the above mentioned studies focused on RTT as
a characteristic of Internet paths. While each study care-
fully documented how the authors went about measuring
path RTT, it was not their intention to study the optimal
method to measure path RTT as part of the normal run-
ning of an application. In contrast, our focus in this paper
is on the RTT measurement process itself.

Aside from the above mentioned works, RTT measure-
ment has also been studied in relation to TCP [17]. Under
various variants of TCP, RTT is used to estimate retrans-
mission timeout and to govern data transmission for the
next transmission window. In contrast, our measurement
process is intended for applications that use measured RTT
for longer term decisions, such as peer or server selection.
These decisions usually are re-evaluated once per session
instead of per transport window. Thus while TCP updates
the RTT estimates continuously for every data packet sent,
our measurement process operates at a lower frequency.

III. THE RTT MEASUREMENT PROCESS

The RTT of a stationary path, that is a path whose route
does not change, can be formulated as:

�����������
	��
���
���
(1)

where
�

is the transmission delay,
	

the propagation de-
lay,

�
the queueing delay, and

�
some random delay due

to media access contention, router processing overhead,
etc. (see Section III-B.1 for further discussion on

�
). The

fixed component of the delay is
�����������
�

(henceforth,
minRTT). If one takes a series of RTT measurements of a
stationary path, assuming that at least one of the measure-
ment sees an empty queue, the minRTT value of the path
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Fig. 1. Measurement process.

can be extracted by taking the minimum of the measure-
ments.

As illustrated in Fig. 1, the RTT measurement process
consists of sending � number of probes with inter-probe
interval of � time units. We call this a probe group. Usu-
ally, the probe packet size is small to minimize resource
usage in terms of processing and transmission delays. To
ensure freshness of the measured distance, probe groups
are sent

�
time units apart. While we want to send as many

probes as necessary, at the highest frequency to achieve
reasonably accurate measurements, we also want to avoid
perturbing the measured system.

There are a set of challenges that governs the process of
measuring the path minimum RTT. First, we try to identify
those difficulties as:
Self-interference: When the inter-probe delay � is too
small, the rate at which probe packets are sent may be high
such that they will queue up behind each other at a given
router causing self-interference that may eventually over-
loads the network. One has to take care of the rate at which
probes are sent to avoid self-interference.
Persistent congestion: If the queues along the path expe-
riencing congestion, it may happen that all probe packets
sent during the measurement period � experience queue-
ing delays in addition to the propagation delay. Therefore,
the captured value of the RTT does not represent the min-
imum RTT of the path.
Route change: Another challenge that may cause a
change in the measured minimum RTT is due to route
change between hosts. Detecting route changes by re-
constructing the end-to-end path from advertised route up-
dates is not a viable option for most applications. Doing
periodic traceroute to detect route changes is not only time
consuming, but also takes up a lot of bandwidth. Further-
more, when the route between two hosts changes, it does
not necessarily mean that the RTT between the two hosts
also changes. Since most applications measure RTTs to
detect changes in RTT, not route changes, the measure-
ment process should not rely on having access to routing
or topological information. To minimize the effect of route
changes on the measured minimum RTT, the choice of
the measurement period � should be small enough such
that the probability that a route changes during this period
is small. More about our settings for different values of



4

35

40

45

50

55

60

35 40 45 50 55 60

R
T

T
n+

1 
(m

s)

RTTn (ms)

RTTn+1 = RTTn
RTTn+1 = RTTn- τ ms

Fig. 2. An example of phase-plot.

Probing packets µp

Other traffic

Fig. 3. Source-destination path model.

the measurement process parameters is presented in Sec-
tion IV-A.

In the next subsections we address some techniques to
overcome these difficulties in measuring the path mini-
mum RTT.

A. Self-interference

Probe packets sent at small inter-probe delay � may
cause self-interference due to the probe packets being
queued behind each other in a router queue. The first thing
is to verify that the choice of � is not too small. The phase-
plot technique described in [1] provides a convenient way
to study the queueing effects of the probe packets: given
a set of RTT measurements, the phase-plot shows the cor-
relation between two adjacent measurements. In a phase-
plot, the � -axis ticks represent

��� ���
and the � -axis ticks

represent
�����������

, where n and n+1 are indices of con-
secutive probes. Fig. 2 shows an example of a phase-plot.

Consider a path modeled as a single queue as shown
in Fig. 3. The constant

	
represents the propagation de-

lay of the path, the single queue with a finite buffer repre-
sents the variable component of the delay, and 	 the ser-
vice rate. For probing packets that see an empty queue, the
experienced delay for each probe is

��� � �
��� � ����� � �
	 � � � �

. If the queue is empty, experienced delays are clus-
tered around the � 	 �
��� 	�� (propagation delay plus trans-
mission delay for a packet of size

�
) point on the bottom

left corner of the phase-plot. On the other hand, if a probe
packet experiences queueing delay, the corresponding data
point in the phase-plot will deviate from � 	 ����� 	�� . More
specifically, if two or more adjacent probes are queued be-
hind each other, then

�������
��� � ������� � � , where � is
the inter-probe delay. This shows up in the phase-plot as
the line � ��� � � , the dashed line in Fig. 2 marks this

Fig. 4. Different regions in the phase-plot.

line. If the path is not congested and the inter-probe delay
is large enough such that probe packets are not queued be-
hind each other, the phase-plot of the RTT measurements
should not contain points that lie on the � ��� � � line.

B. Route Changes and Persistent Congestion

As stated previously, the other challenges for measur-
ing the minimum RTT along a path is the route changes
and persistent congestion. In this section we look at how
to detect whether a change in measured minRTT is due to
route change or due to persistent congestion on the path.
Different applications may want to react differently when
the change in minRTT is due to one or the other of these
causes. For example, distance and location services such
as GeoPing, GNP, and IDMaps, which depend on the topo-
logical information of the hosts, may want to filter out
changes due to congestion.

B.1 Congestion Regions and Congestion Components

When the minRTT of a path changes even when the for-
ward and backward routes of the path have not changed,
then we attribute this to the failure of the measurement
process described in Section III to capture minRTT in the
presence of persistent congestion on the path. To present
our analysis on this failure, we first need to introduce our
definitions of congestion regions and congestion compo-
nents.

Consider again the phase-plot [1] presented in Sec-
tion III-A. We divide the phase-plot into three congestion
regions as shown in Fig. 4, with the following analysis:
1. Region � contains probe pairs that see empty queues
and experience minRTT plus minor random overheads

�
due to media access contention, router processing over-
head, etc.
2. Region ����� contains probe pairs that always see a
queue. This is the region of persistent congestion.
3. Region ��� contains probe pairs where one of the probe
experiences queueing delay but the other does not, i.e.,
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there is a congestion state transition between adjacent
probes. This is the region of transient congestion.

An important parameter in the definitions of the con-
gestion regions is

�
, the threshold delimiting the regions.

Our criterion for determining the value of
�

is that when
a probe reports

����� � 	 � ��� �����
(using the nota-

tions from Eq. 1), we can be sure that the probe has seen a
queue. We present our techniques in setting the value of

�
in Section IV-D.

Given a trace of RTT measurements over a path, to de-
tect the congestion level of the measured path, we compute
the distribution of data points in the three regions of the
phase-plot. We next define the congestion component, ���
as:

��� � Number of points in region �
Total number of samples

�
	 � (2)

where � � � � ��� � or ����� , and ��� � ���
� � ���
��� ��	
.

Therefore, the congestion component �����
� can be used
to detect whether a change in measured minRTT is caused
by persistent congestion along a path. If the path experi-
encing a persistent congestion and the majority of probe
packets are queued at some routers, then the percentage of
data points in the phase-plot at ���
��� region would be high.
That would not happen if the change in minRTT is due to
route change along the path. We have observed this phe-
nomenon during our experiment described in Section IV.

C. Effect of Buffer Overflow

Persistent congestion may cause packet drop at differ-
ent routers. This effect may be simplified by a buffer over-
flow, where a probe packet arrives at a router does not find
a place in the router’s queue. Therefore, probe loss should
be used as an indication of persistent congestion. To study
the effect of persistent congestion and queueing on � ���
�
and to study the effect of buffer overflow on �����
� , we de-
cide to run some simulations where we have more control
over the queueing and loss rate of a path. Fig. 5 shows
our simulation setup. The bandwidth of the link between
nodes � � and � 	 is 1.5 Mbps, the rest are 100 Mbps. The
one-way propagation delay from � � to � 	 is 50 ms, and
the one-way propagation delay for the other links is 2 ms.
The random overhead

�
is simulated by adding a random

noise uniformly distributed between 0 and 2 ms. To study
the effect of different loss rates, we experiment with differ-
ent queue sizes at node � � . For each queue size, we run a
simulation lasting 30 seconds.

We use 10 ON/OFF traffic sources, denoted as nodes la-
beled � � to ��� in the figure, with Pareto distributed ON
and OFF times to generate background traffic. Superpo-
sition of ON/OFF sources with Pareto distributed ON and

100Mbps

S

B9

B0
G0 G1 D

100Mbps

100Mbps

1.5Mbps

Fig. 5. Simulation setup.

OFF times generates aggregate traffic with long-range de-
pendency [18]. Traffic on the Internet has been character-
ized as long-range dependent [19]. The average through-
put of each Pareto source is 1 Mbps with a packet size
of 512 bytes. The Pareto scale and shape parameters for
the distribution of ON times are 51.2 packets, sent at peak
rate, and 1.1 respectively; for OFF times, they are 0.1 sec-
ond and 1.1 respectively. The measurement packets are
sent from node � as 64-byte packets at a fixed rate of 256
Kbps (inter-probe interval of 2 ms). Probe groups are con-
structed from 100 probes for a total of 150 groups. Inter-
group interval is set to 0 so that we can continuously mon-
itor the queue length at � � . The inter-probe interval is
chosen to the scale of the simulation time.

Congestion components of the probes are computed
once every 200 ms and correlated with the average queue
length at node � � , which is also computed once every 200
ms. The correlation is done by matching the sequence
numbers of probes at the end-points and the log kept at � � .
Fig. 6 shows the correlation between the congestion com-
ponents ���
�
� and the average queue length at � � . The fig-
ure shows that ���
�
� tracks the average queue length very
well up to the point of queue overflow. When queues are
almost full, packets are either dropped or they have to wait
for a queue-full of packets to clear before they see ser-
vice. All probes that are not dropped thus see the same
queueing delay and show up in the phase-plot in conges-
tion region ��� . (Note that the definition of congestion re-
gion is relative to the smallest RTT of a trace.) This can be
seen in Fig. 6(a), (b), and (c). At maximum queue length,
���
�
� drops precipitously.1 Fig. 6(d) shows the simulation
with queue length of 10,000 packets (practically infinite),
and we do not see such drop in ���
��� because the queue is
never full. We thus augment the use of ���
�
� to detect per-
sistent congestion with detection of lost packets. We do
not rely solely on packet losses to indicate persistent con-

�
If we compute congestion components over intervals longer than

queue occupancy time, we will be able to capture the actual minRTT of
the path and the value of ������� will not drop precipitously. However,
as pointed out in [20], queueing delay on the Internet has a long tail,
with a strong peak at 65 sec. Hence we do not try to adjust the interval
over which we compute congestion components by the expected queue
occupancy time.
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Fig. 6. Correlation between ������� and the average queue length
for various queue sizes.

gestion because packet losses only occur when the queue
overflows, while we are also interested in persistent non-
empty queue that has not overflown. Furthermore, packet
losses can also occur during transient congestion.

In summary, when the RTT measurement process ob-
serves a change in the minRTT of a path, it can deter-
mine the cause of the change by calculating the ���
�
� of
the probe group. If ���
��� is large, or ��� is large but packet
loss is detected, the change in minRTT can be attributed to
congestion. Otherwise, the change in minRTT is probably
due to route change.

IV. EXPERIMENT

Now we turn to study our techniques on different paths
of the Internet. The main goal is to evaluate our set of tech-
niques and see how close our observations match real RTT
measurements collected on the Internet. According to the
study done by Paxson [21], it is hard to sample a set of
paths that are representative of the Internet. Nevertheless,
we try to diversify our set of paths to include relatively dis-
tant and nearby targets. We also include hosts connected
through different link technologies to the Internet. We col-
lected our RTTs between 7 different hosts located in Cali-
fornia (CA), Michigan (MI), and Virginia (VA) in the US
and Sweden in Europe. The hosts in MI, VA, and Sweden
were located at educational sites, the host in CA was lo-
cated at a commercial site. Three of the hosts located in MI
were connected through a Cable Modem technology to the
Internet. The hosts in CA and MI were used as sources to
measure RTTs to the hosts in CA, VA, and Sweden. In our
first data set, we probe each path for a period of 24 hours
in December 2000. For the duration of the experiment,
we ran traceroute from both the source and the tar-
get hosts once every five seconds to detect route changes.

Our definition of a route change is strict, meaning that a
path is considered stable if and only if all routers from
the source to the target and from the target to the source
did not change and were in the same order. We found no
route changes both on the forward (source-to-target) and
the backward (target-to-source) paths during our experi-
ments. More data were collected between the same set
of hosts in February 2001, December 2001, and January
2002.

A. Parameter Settings

We now discuss the setting of different RTT measure-
ment parameters shown in Fig. 1, i.e., � , � , � , and

�
.

First, for the measurement period � , we want a short
enough period over which we would most likely not ex-
perience a route change. We did a literature search to
determine the frequency of route changes on the Inter-
net. In 1993, Chinoy [22] analyzed routing information
exchanged between Autonomous Systems (ASs) and ob-
served that 97% of networks experienced less than 10
reachability transitions in a period of 12 hours (a reach-
ability transition is when a network that was reachable be-
comes unreachable, or vice versa), about 40% of the net-
works had only a single reachability transition during the
12-hour period. In 1997, Labovitz et al. [23] analyzed sim-
ilar routing exchange data gathered over several months
and observed that 80% of Internet routes are stable. Pax-
son et al. [20], [24] further conducted a large-scale study of
end-to-end Internet routing dynamics and found that more
than 87% of routes remained stable for a period of hours,
less than 2% of paths experienced a route change on the
order of 10 minutes, while all paths remained stable on the
order of 60 seconds. Based on these results, we decided
that 60 seconds would be a good upper bound on the value
of � .

Paxson reported in [20] that queueing delay variations
occur primarily on the time scales of 100 ms to 1 second,
with a long tail. The queueing delay variations reported,
however, do not capture state transition in the case of tran-
sient congestion. Our measurement process is targeted to-
wards operating systems that provide a user-mode clock
granularity of at most 10 ms. To allow for the operating
system’s scheduling overhead, we decide to set the inter-
probe interval to a value not smaller than 20 ms. Thus 20
ms is the smallest value of � , which sets the upper bound
on our probing rate.

In the subsequent sections we investigate whether we
can use a smaller � and a larger � . Nevertheless, we first
collected some measurements on the Internet using the up-
per bound values, i.e., � ��� � ms, � ��� � sec, hence
� �
	 �
� � �

probes. Setting the value of
�

depends on
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TABLE I
AVERAGE DEVIATION, IN MILLISECONDS, FROM minRTT CAPTURED WITH ��� �����	� FOR EACH PATH WITH DIFFERENT

INTER-PROBE INTERVALS (95% CONFIDENCE INTERVAL).

Path ����
 ���	� ���
� ������� ������� � 
 ����� ��� � � ��� ����� exp.(mean=2.56 sec)

CA-VA
� � ������� � ��� 
 � � ����� � � � � � � �!��" ��� � � �#
 � � ���$� � � ��� � � � �$� � � ��� �

CA-Sweden
� � ���$� � � ��� " � � � " ��� � ����� � �%��� � � � ��� � �!��� ��� � �&� � � �!�#� � � � ���

MI-CA
� � ������� � ��� 
 � �!� � � � � �#� � � ����� � �&� � � ����� � � ��� � � � � � ��� � � �

MI-VA
� � � � ��� � � � � � �!� ��� � � � �'" � � � " ��� � �&��� � � ��� � � � ��� � � � ���$� � � ��� "

MI-Sweden
� � ����� � � ����� � �!��� � � � � 
&" � � �(��� � �&� � � ����� � � ��� � � ��� � � �!�#


MI-Sweden(no outlier)
� � ������� � ����� � �%��� � � � � ��� � � ���$� � � ��� � � �)� � � � ��� � � � ������� � �&� �

a lot of other factors and trade-offs. Since our study is
focused on the appropriate settings for the probe group’s
parameters, i.e., � , � , and � , we do not investigate the
settings of

�
in this study; for the present experiment,

�
is

exponentially distributed with a mean of 10 minutes. The
PASTA (Poisson Arrivals See Time Averages) property of
the exponentially distributed

�
makes this experiment un-

biased to any periodic behaviors that may be present [25].

B. Minimum Inter-probe Interval ( � )

The first thing we need to verify is that our choice of
� � 20 ms is not too small, i.e., whether our probes expe-
rienced self-interference along different paths.

We use the phase-plot technique to detect probes self-
interference described in Section III-A. For all of our data
sets, when the path measured is not congested, we do not
see the RTTs of our probes falling on the � � � � � line,
where � � � � ms. This means that our inter-probe interval
of 20 ms did not cause self-interference.

Once we have an upper bound on the rate of probing
( � ��� � ms), we want to determine whether a larger �
value can capture the minRTT of a path without losing
measurement accuracy.2 To that end, we vary the value
of � from 20 ms to 2.56 sec. We also consider an exponen-
tially distributed � with a mean of 2.56 seconds. Conduct-
ing a separate measurement experiment for each value of �
runs the risk of the measurement processes seeing different
states of the network. Thus instead of collecting a different
set of measurements for each value of � , we resample our
original measurements, collected with � � � � ms, at dif-
ferent frequencies. Because our original data sets did not
see any self-interference between probes, the resampling
process is valid.

Recall that our data sets consist of measurements col-
lected at the upper bounds of our parameter settings, � �� �

ms, � � � � seconds, which resulted in probe group of
size � � 	 �
� � �

samples. To increase � , we simply re-
*
We used the paths where the minRTT observed by each probe group

did not change during the 24-hour period.

sample each probe group of � probes at the appropriate
interval. Then to study the effect of larger � ’s, for each
probe group, we calculate the difference between the min-
RTT captured at the given value of � and the minRTT cap-
tured at � � � � ms. Finally, we average the differences in
minRTTs across all probe groups collected for that path.

Table I shows the average deviation from minRTT cap-
tured at � � � � ms, with 95% confidence interval, of these
differences for various values of � . For the last column of
the table, the value of � was taken from a Poisson sampling
with a mean of 2.56 sec, but cut off at the minimum value
of 20 ms (quantization level), and the maximum value of
5.12 sec. As can be seen from the table, even for � � �,+.- �
sec, which, for � � � � sec, means that � � �&/ probes, we
still capture the minimum RTT of a path with an average
deviation less than 1 ms.

There is a single probe group in the MI-Sweden path
where the minRTT observed during the 1-minute probing
period increased from 124 ms to 746 ms, due to persistent
congestion. The “MI-Sweden (no outlier)” row in the ta-
ble shows the average deviation and confidence interval for
the MI-Sweden probe groups without that single outlier.
From this experiment, we conclude that as long as self-
interference is avoided, and the path is stationary, cap-
turing the minimum RTT of a path depends very little on
the inter-probe intervals during the measurement. A sim-
ilar observation was made by Allman and Paxson in [17],
that different methods to estimate the retransmission timer
(RTO) in TCP did not depend on how often RTT measure-
ments were made.

C. Number of Probes ( � ) and Measurement Interval ( � )

In this section, we study the effect of the number of
probes on capturing the minRTT of a path. For each value
of � , we form a probe group from the re-sampled data,
varying the number of probes per group from 1 to 20,
incrementing by 1. Recall that the original probe group
size with � � � � ms is � � 	 �
� � �

probes. If the first
� probes of a given original probe group see a loss rate
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greater than or equal to 25% [21], we throw the re-sampled
probe group away and consider the subsequent � probes
re-sampled at the given � . This process is repeated until
all probes within the original probe group are exhausted.
If we fail to form a re-sampled probe group of � probes at
a given � interval, we simply remove that group from our
calculations.3

Next we study the deviation of minRTT captured by
� number of probes spaced � interval apart from that
captured by sending 3,000 probes at 20 ms apart. Let
minRTT �� be the minRTT of � probes with inter-probe
interval of � time units. For each � and � we first com-
pute minRTT �� , then we compute the difference between
minRTT �� and minRTT

��� ��������	��
 for each probe group.

Table II shows, for all paths in the December 2000 data
set, the average deviation of minRTTs, measured by vary-
ing the number of probes � ( � -axis) at various � intervals,
from the minRTTs measured by 3,000 probes sent 20ms
apart, with the 95% confidence interval. The table shows
that the first probe often experiences higher delay than sub-
sequent probes (first probe usually experience additional
delays due to ARP queries and route lookups at different
routers along the path). With the increase of the number
of probes, the deviation of the measured minRTT decrease
and diminishing return is shown after a small number of
probes, e.g., 8–12 probes in Table II. From Table II, we
also observed that for a given number of probes, larger
inter-probe interval � results in more accurate minRTT
measurement. For small � , probes are sent in a fashion
where they are closer to each other so that the possibility
for them to see the same queueing variation increases[21].
Combining with our observations from Table I, we con-
clude that minRTT measurement depends on the measure-
ment period � and the using of larger inter-probe interval
� can alleviate the effect of queueing variation. Similar
observations can be made from the December 2001 data
set, which is shown in Table III.

In summary, the observations so far convince us that
minRTT of a stationary non-congested path can be cap-
tured by sending a few probes at a reasonable inter-probe
interval. We address the effect of route changes and per-
sistent congestion in the following sections.

�
For the CA-VA data set, we removed three out of 25,920 re-sampled

probe groups due to high losses; these three groups occurred during
a single 1-minute interval, the loss rate for the whole 3,000 probing
attempts during this interval was 18.5%. For the CA-Sweden data set,
we also removed three out of 24,120 re-sampled probe groups; these
three also occurred at a single 1-minute interval with overall packet loss
rate of 12.7%. For the MI-CA data set, we removed 46 out of 26,640 re-
sampled probe groups, which occurred at 3 different 1-minute interval
with overall packet loss rates of more than 31.3%.

Fig. 7. Average fraction of RTTs within 0.5 ms, 1 ms, 2 ms, 3
ms, and 4 ms from the minRTT in each probe group over differ-
ent paths.

D. Determining the value of
�

Before we can study the effect of persistent conges-
tion and route change on the computation of different con-
gestion regions, we need first to determine the appropri-
ate value for

�
which delimits the boundaries of different

congestion regions. To that end, we conduct a statistical
analysis on the RTT data described in Section IV. Table
IV shows the average minimum, mean, and mode RTTs,
with the 95% confidence interval, over all probe groups
for each path. The mode RTT is closer to the minRTT than
the mean RTT (apparently, as RTT distribution is known
to have a long tail [11], [13], [16]). We next calculate the
(mode RTT - minRTT) for each probe group and study the
distribution of (mode RTT - minRTT) for each path. We
find that the third quartile of this distribution is around
1 ms or less (last column in Table IV). We find this to
be true for all the paths under study, i.e., even though the
MI-CA path has a minRTT of 61 ms, MI-VA 35 ms, and
MI-Sweden 125 ms, the third quartile of the difference dis-
tributions of these paths are 0.9 ms, 1.1 ms, and 1 ms re-
spectively. Therefore, we set the value of

�
equal to dou-

ble the value of the third quartile of (mode RTT - minRTT)
distribution,

� � ��

(mode RTT - minRTT). For the paths

under study that are connected to the Internet via fast Eth-
ernet connections,

�
is thus 2 ms. For the hosts connected

through the Cable Modem technology, we estimated the
value of

�
to be 4 ms. Fig. 7 shows the fraction of RTT

measurements within 0.5, 1, 2, 3, and 4 ms from the mini-
mum RTT. The figure shows that, for all of our data sets for
hosts connected through fast Ethernet connections, more
than 80% of the RTTs measured are within 2 ms of the
minimum value. This further justify our selection of

�
.

E. Effect of Persistent Congestion

In this subsection we illustrate the effect of persistent
congestion and the use of our congestion component to
differentiate persistent congestion from route changes.
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TABLE II
AVERAGE DEVIATION, IN MILLISECONDS, FROM minRTT CAPTURED WITH ��� �����	� FOR EACH PATH WITH DIFFERENT

INTER-PROBE INTERVALS AND NUMBER OF PROBES (95% CONFIDENCE INTERVAL) FOR THE DEC. 2000 DATA SET.

Number of Probes (K) ��� �&�$�	� � � 
 ���	� ��� ��� � 
 ����� � � � � ��� �#��� exp.(mean=2.56 sec)
� ��� � � ����� � �%��� � � ����� � �!� � � � ��� � ��� � � � � ��� � ��� � � � � � ��� � �!�#
� � � � � � 
 � � � � � � � �'��� � �!� � ��� ���$� ��� ��� ��� � � � ��� � � ��� � �$� ��� ���� � 
 � � ���$� � �%��� ��� � � � ��� � � ��� � � � ��� ��� ���!� ��� ��� � � ��� ��� � ��� � �� ��� � ��� ��
 � ��� 
 � ��� � � � ��� � � � � � " � ��� ��� ��� � � � ��� � � ��� � � � ��� �&�� ���#� ��� � � � ��� �)� ���!� ��� ��� � � � � � � � ��� ��� � � � " � ��� � � � � 
&" � � � ���� � ��� ��� � � � ��� � � ��� � " � ��� � � � � 
 �$� ��� ��� � � � �$� � � � " � � ����� ��� ���

TABLE III
AVERAGE DEVIATION, IN MILLISECONDS, FROM minRTT CAPTURED WITH ��� �����	� FOR EACH PATH WITH DIFFERENT

INTER-PROBE INTERVALS AND NUMBER OF PROBES (95% CONFIDENCE INTERVAL) FOR THE DEC. 2001 DATA SET.

Number of Probes (K) ��� �&�$�	� � � 
 ���	� ��� ��� � 
 ����� � � � � ��� �#��� exp.(mean=2.56 sec)
� ��� � � � � ��� � � " � � � � � � � " � �)� � � � � � �&" � � ����� � � �&" � � � � � � � "'�� � � ��� " ����� � � � ��� 
 �$� � � ��� ��� � �$� � � ��� ��� ��� � � � � � ��� � � � � � � �� � 
 ��� � ����� � �&� ��� ��� � � � � � ���%� �$� � �!�#� ��� ����� � �!� � ���!��� � � �!��"� ��� � ��� � � ��� � ��� ��� �'��� � � � � � � � � � � �!� � � � 
 ��� � �!��� � � ���$� � �!���� ���#� ��� ������� � �)� ���!��� � � � � � � � 
�� � � �!��� � � 
 ��� � �!� � � � 
�� � � �!���� � ��� ��� ������� � �)� ��� � 
 � � � ��� � � "�
 � � �!� � � � "�� � � �!� � � � " ��� � �!���

TABLE IV
THE AVERAGE MINIMUM, MEAN, AND MODE RTTS FOR ALL probe groups ON EACH PATH WITH THE 95% CONFIDENCE

INTERVAL. THE LAST COLUMN IS THE THIRD-QUARTILE OF THE (mode RTT-minRTT) DISTRIBUTION.

Path min (ms) mean (ms) mode (ms) ����� Quartile of (mode - min) (ms)

CA-VA 62.6
�

0.013 65.7
�

2.8 63.7
�

0.29 0.7
CA-Sweden 175.8

�
0.007 178

�
2.03 176.3

�
0.17 0.4

MI-CA 61.3
�

0.012 66.5
�

6.24 62.1
�

0.06 0.9
MI-VA 35.3

�
0.010 36.7

�
0.044 36.3

�
0.027 1.1

MI-Sweden 124.5
�

0.008 126.1
�

0.3 125.4
�

0.02 1

We first show how the congestion component ���
�
� can
be used to detect whether a change in measured minRTT is
caused by persistent congestion along a path. For this, we
use a trace of RTT measurements conducted in February
2001 between our MI and VA sites. The measurement pro-
cess was set up exactly the same as in Section IV-A. The
dashed line labeled “minRTT” in Fig. 8 (to be read with the
� -axis on the left side) shows the minRTTs from one day’s
worth of probe groups, each consisting of � � 	 �
� � �
probes. Note that the minRTTs measured between 1 and
2 am and again between 9 and 10 pm on the 13th are much
larger than the 35 ms recorded for the rest of the trace.
From the traceroute collected throughout the trace,
we determine that there was no route change either in the
forward or backward route during these periods when min-
RTT deviated from the minimum value.

Studying the phase plot of the trace confirms that in-
deed the smallest RTTs measured during these times have
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Fig. 8. Sample paths of minRTT (left � -axis) and � ����� (right
� -axis).

shifted from the minimum RTT of the whole trace. The
solid line labeled “CIII” in Fig. 8 (to be read with the � -
axis on the right side) shows the value of congestion com-
ponent ���
�
� , which is the fraction of data points in con-
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Fig. 10. Sample paths of minRTT and � ����� for Sweden-VA.

gestion region III of the phase-plot. As can be seen from
the figure, � ���
� reaches 1 during periods of persistent con-
gestion. Fig. 9 shows the correlation between �����
� and
minRTT of this data set. From this figure, we see that when
���
�
� approaches 1, the path is experiencing persistent con-
gestion and the smallest measured minRTT is probably not
the actual minimum RTT of the path.4

F. Effect of Buffer Overflow

Fig. 10 shows the minRTT and � �
�
� of the CA-Sweden
path collected in January 2002. There is a sharp increase in
minRTT around 9 am on the 7th. ���
�
� ’s value is 0.6 at this
point, which indicates some degree of congestion but not
significant enough (i.e., it is still � � + � - ) to attribute the
change in minRTT to persistent congestion. Our traceroute
data does not capture any route changes in either direction.
However, during this period we observe a high degree of
packet loss rate (

�
28% loss rate). We conclude that this

is indeed a period of persistent congestion, however the
congestion component �����
� fails to detect it due to mas-
sive queue buffer overflow. This observation verifies our
simulation studies presented in Section III-C, where � ���
�
�
This observation also has implications on bandwidth measurement

tools such as pathchar [15], such congestion effect would result in a
much lower bandwidth measurement.
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drops significantly when probe packets are dropped due to
persistent congestion.

G. Effect of Route Change

We now show how the congestion component ���
��� can
be used to detect when a change in measured minRTT is
caused by routing changes. Fig. 11 shows the measured
minRTT and the corresponding ���
��� for the CA-VA path
in our December 2001 data set. The figure can be read
in the same manner as Fig. 8. There is high variability
in measured minRTT near the end of the trace. From our
traceroute data, we determine that the path was experienc-
ing routing changes during this time. The hop count for
the path changes from 19 to 23, to 22, and back to 19
in a forty-five minutes period. Note that ���
�
� during this
period is low and we did not observe any severe packet
losses, which tells us that the variability in minRTT is not
due to persistent congestion, in agreement with the tracer-
oute data.

H. Computation of Congestion Components

In this section we study how changing the number of
samples effect the computation of congestion components.
We resample our data set, reducing the number of probes,
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� , per probe group while keeping the same period � . Let
the number of the samples be � , we define ���� as the ���
calculated with � samples. Fig. 12 shows � � �� � �

��� �����
� �

as we vary the number of samples. The figure is computed
from the same data set used in Section IV-E.

Fig. 12 shows that � � calculated from a small number of
probes can still give a good approximation of �

�������
� , e.g.,

in our data set, �
� �
�
��� could be expected to have a deviation

of 0.16 from �
�������
�
�
� . Also, we observed that when the num-

ber of probes increases beyond 100, we will have dimin-
ishing return on the accuracy improvement by increasing
the number of probes. We note the

�
-axis in Fig. 12 is in

log scale.
In Section IV-C, we have noticed that without persistent

congestion, a small number of probes are capable of cap-
turing the minRTT along a path. Hence a plausible mea-
surement scheme would be sending out a small number of
probes, e.g., � =10, and calculate � ����
� . If � ��
�
� is small,
we adopt the measured minRTT as the path minRTT. Other-
wise we continue to increase � untill � =100. During this
process, if a small � ����
� is reached, we use the measured
minRTT as the path minRTT. Should this is not true, i.e.,
until we increase � to 100 and �

� ���
�
��� is still significant,

persistent congestion could be claimed for this measure-
ment period. In this case, we should stop sending more
probes due to the ongoing path congestion. New measure-
ment procedure should be started later on. The study on
the accuracy and efficiency of such scheme will be our fu-
ture study.

V. MEASUREMENT TOOLS

Given the administratively decentralized nature of the
Internet, the ping utility has turned out to be the common
primitive to all extant RTT measurement tools. To mea-
sure the RTT between a source and a target host, ping
sends an Echo-Request ICMP message from the source
host to the target host, and measures the elapsed time until
an Echo-Response ICMP message returns from the target
host. We call a pair of such echo request-response packets
a probe. Due to the recent heightened security awareness
of network administrators [26], increasingly large num-
ber of routers and firewalls do not forward ICMP packets.
Furthermore, some system administrators turn off support
for ICMP “request-reply” in their operating system ker-
nel. To address the disadvantages of ICMP ping, a new
variant based on the hand-shaking of TCP connection es-
tablishment has recently been developed [27], [28]; we
call this technique “TCP ping.” To measure the RTT be-
tween a source and a target host using TCP ping, the source
host tries to open a TCP connection with the target host,
i.e., the source sends a TCP SYN packet to the target.

The time elapsed until a TCP SYN-ACK or RST packet
returns from the target is the RTT. We evaluate the advan-
tages of using TCP ping over ICMP ping by conducting a
simple experiment as follows. We send a group5 of ICMP
and TCP probes to 20,811 different hosts across the Inter-
net. Of these, 534 hosts (2.6%) failed to report RTT by
either methods—this may be due to connectivity or reach-
ability problems [23]. Of the remaining hosts, 99.9% re-
ported RTTs by TCP ping, while only 87.85% reported
RTTs by ICMP ping; that is, more than 12% of our ICMP
probes were filtered and dropped either by routers or the
target hosts.

Upon receipt of an ICMP Echo-Request packet, the op-
erating system kernel can immediately reply to it; whereas
upon receipt of a TCP SYN packet, the kernel would
first try to match or spawn a process to handle it, which
causes extra delay in the resulting RTT measure. Al-
though previous studies [27], [28] have used TCP ping
to measure RTTs, we are not aware of any published
studies comparing the RTTs measured using TCP ping
against those measured using ICMP ping. To evaluate
the correlation between the RTTs measured by TCP ping
against those measured by ICMP ping, we run each from
4 source hosts to 3 sets of HTTP mirrors: 40 Akamai
mirrors (http://www.akamai.com), 22 FreeBSD mirrors
(http://www.FreeBSD.org), and 40 academic web sites
worldwide. For each source-target pair, a group of TCP
probes is sent in parallel with another group of ICMP
probes. Probes in each group are spaced out at 2.56 sec-
onds interval. Each ICMP group is shifted by 1.28 sec-
onds from the TCP group, i.e., the first ICMP probe is sent
1.28 seconds after the first TCP probe, and so on. Groups
are spaced out at exponentially distributed intervals with a
mean of 10 minutes. We collected 48 hours worth of trace
for each source-target pair.

We take the minimum RTT measured by each group
of probes as the RTT of the path. Fig. 13 plots the
RTTs reported by ICMP ping (on the � -axis) and the cor-
responding RTTs reported by TCP ping (on the � -axis)
for Akamai, FreeBSD, and academic mirrors. The cor-
relation coefficients of the Akamai, FreeBSD, and aca-
demic data sets are 0.994, 0.989, and 0.925 respectively.
Fig. 13(d) is the correlation data for the academic sites
after removing the 2 sites causing the outliers visible in
Fig. 13(c). The correlation coefficient for Fig. 13(d) is
0.997. The loss rate seen in the traces for these outliers
has a range of 6%–19.4% for both TCP and ICMP pings,
while other sites experienced only 0.1%–4.4% loss rate;
we thus attribute the cause of the outliers to congestion.

�
8 probes per group
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(a) Akamai mirrors
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(b) FreeBSD mirrors

0

500

1000

1500

2000

2500

3000

0 500 1000 1500 2000 2500 3000M
in

im
um

 R
T

T
 o

f t
he

 T
C

P
 p

in
g 

(m
s)

Minimum RTT of the ICMP ping (ms)

(c) Academic sites
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(d) Academic sites (no outliers)
Fig. 13. Correlation between ICMP ping and TCP ping.

We conjecture that TCP ping numbers can be so highly
correlated with ICMP ping numbers even though TCP
probes require extra kernel processing because ICMP
packets are often forwarded at a lower priority at routers.
From these results, we conclude that the minimum RTTs
captured by TCP pings can be highly correlated with those
captured by ICMP ping if one is careful to identify and
discount congested paths.

VI. SUMMARY AND DISCUSSIONS

Informed by the observations and results presented in
this paper, we now summarize our recommendations for
techniques used to measure the minimum RTT along a
path.

� Probe packets need to be small in size to minimize
the transmission delay and processing time at each router
along the path. The default packet size for TCP probes
(40 bytes) or ICMP probes (84 bytes) is reasonably small
enough to satisfy this condition.� Although TCP probes may experience extra delay due
to kernel processing time, we have shown that the ker-
nel processing time is usually negligible compared to the
path RTT. Furthermore, the advantages of TCP probe over
ICMP probe make the TCP technique is more attractive.� Since measured minRTT does not depend on � , the inter-
probe interval � is set to a reasonable value that does not
cause self-interference among probes. Using the phase-
plot technique presented in Section III-A one can detect
the self-interference of probe packets.� For a stationary non-congested paths, few probe pack-
ets are required to yield a reasonable estimate for the path
minimum RTT.

� The interval between probe groups (
�

) depends on the
application. Some applications and services need to mea-
sure the RTT only once (e.g., GeoPing), others need to pe-
riodically sample the path RTT (e.g., Gamespy, IDMaps,
HMTP, and Narada). Following the PASTA principle,
RFC2330 [25] recommends using an exponentially dis-
tributed

�
.� The phase-plot technique presented in Section III-A and

Section III-B provides a valuable information about the de-
tection of probes self-interference and the detection of per-
sistent congestion and route changes along the measured
path.

The advantage of our measurement process to the net-
work is clear; it reduces the amount of bandwidth put
on the network by applications measuring RTTs between
users. To the applications, our measurement process min-
imizes the number of packets the applications must gen-
erate and process to obtain accurate RTT of a path. Even
for applications that require only a rough measure of path
RTT, and therefore can afford to be sloppy in its measure-
ment process, our paper shows that they only need to send
a small number of probes, instead of 200 or more probes,
to measure path RTT. Other network distance metrics such
as bottleneck link bandwidth are currently measured as
functions of path RTT (e.g., pathchar tool [15]). Hence
we believe that our measurement process would also ben-
efit applications interested in network metrics other than
path RTT.

VII. CONCLUSION

In this paper, we have presented a systematic approach
to measure the RTT along a path. The RTT of a path is
usually estimated as the minimum of a number of measure-
ments. This number ranges from a few packets in some ap-
plications to more than 200 packets in some other services.
Given the potential for wide deployment of these services
and applications, the bandwidth consumed in measuring
path RTT becomes significant. Additionally, recent height-
ened security awareness among network administrators
may trigger false alarms if a large number of measurement
probes are observed on the networks.

The main goal is to study the main difficulties in the
RTT measurement process and to find different techniques
to minimize bandwidth requirement while maintaining
measured RTT close to minimum RTT of the path. To
that end, we first identified the different challenges in mea-
suring the minimum RTT along a path. Then we pre-
sented a set of techniques to overcome those difficulties.
Finally, we have conducted a set of experiments to em-
pirically study our measurement process on several In-
ternet paths at different time-of-day and day-of-week.
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We found that the RTT measurement process depends very
little on the inter-probe interval. Our results show that
usually sending a few measurement packets is sufficient
to capture the minimum RTT along a stationary path.

We have also developed and evaluated a novel tech-
nique to determine our level of confidence in the measured
minRTT. This technique is based on the use of phase-plot
presented in [1]. By studying the phase-plot of a given
probe group we can differentiate whether a change in min-
RTT is caused by route changes or persistent congestion.
Also, using the phase-plot approach we can determine if
the setting of the inter-probe delay caused the probes to
experience a self-interference or not.

Applications using the RTT measurement process de-
veloped in this paper can reduce their bandwidth usage
while maintaining good confidence in the measured RTT.
With the introduction of more network-aware applications
that adapt their behavior to network condition, the use
of this mechanism can reduce overall bandwidth require-
ments on the Internet.
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