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Measurement-Based Evaluation of TCP Throughput

Mika ISHIZUKA†a), Masaki AIDA†, and Shin-ichi KURIBAYASHI††, Members

SUMMARY Since the TCP is the transport protocol for most Internet
applications, evaluation of TCP throughput is important. In this paper, we
establish a framework of evaluating TCP throughput by simple measure-
ment. TCP throughput is generally measured by sending TCP traffic and
monitoring its arrival or using data from captured packets, neither of which
suits our proposal because of heavy loads and lack of scalability. While
there has been much research into the analytical modeling of TCP behav-
ior, this has not been concerned with the relationship between modeling
and measurement. We thus propose a lightweight method for the evalua-
tion of TCP throughput by associating measurement with TCP modeling.
Our proposal is free from the defects of conventional methods, since mea-
surement is performed to obtain the input parameters required to calculate
TCP throughput. Numerical examples show the proposed framework’s ef-
fectiveness.
key words: TCP, throughput, active measurement

1. Introduction

Since the TCP is the transport protocol for most Inter-
net applications, evaluation of TCP throughput is impor-
tant to estimate application-level performance. For network
providers in particular, knowledge of TCP throughput is
necessary for service-level management and bandwidth di-
mensioning. Users naturally want to know the performance
of services. A way of estimating TCP throughput by simple
measurement will thus be valuable.

The conventional methods of measuring TCP through-
put are active measurement, based on the precise imitation
of TCP behavior e.g. Treno [1] and passive measurement,
based on the analysis of data from captured packets. The
approaches of the former type impose heavy loads on the
network, while those of the latter type require a lot of com-
putational power for analysis of the huge amount of data
from captured packets. Therefore, a new approach is re-
quired to evaluate TCP throughput by simple measurement.

Much research has been concerned with the analyti-
cal modeling of the TCP throughput [2]–[15]. In these ap-
proaches, TCP throughput is calculated with the aid of some
information about the network. Some may be suitable as
bases for evaluation of TCP throughput from simple mea-
surement. However, the point of such studies is to under-
stand TCP behavior rather than to find ways of estimating
input parameters from measured values. Some are based
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Fig. 1 Framework of our research.

on input parameters obtained from an analysis of data from
captured packets and others involve simulation in which loss
was generated by a stochastic model. We consider neither
approach suitable, because the former lacks scalability and
the models of the latter do not always reflect reality.

We then propose a framework of realizing lightweight
measurement of TCP throughput by using TCP modeling.

We explain our framework by using Fig. 1. Our frame-
work is divided into two parts; “estimating parameters” and
“TCP modeling.” In the part of “estimating parameters,”
data obtained from active measurement are used to estimate
the input parameters of TCP modeling. In the part of “TCP
modeling,” TCP throughput is calculated through analytical
model of TCP using the input parameters obtained in the
part of “estimating parameters.”

Specifically, we

• select from the above-cited work, the most suitable
model of TCP for the measurement-based evaluation
of TCP throughput, and
• propose a lightweight traffic probe to estimate the input

parameters for the model.

In addition, we modify the selected model for improved ac-
curacy by taking measurement into account.

Note that, TCP in this paper means TCP-Reno, which
is one of the most common versions of TCP. Our frame-
work can be made applicable to TCP-Tahoe and TCP-Sack
by modifying the model. On the other hand, both the model
and traffic probe have to be changed for other versions of
TCP, such as Vegas.

The rest of this paper is organized as follows. Sec-
tion 2 is a survey of research into TCP modeling and de-
scriptions of how we selected the most suitable model for
the measurement-based evaluation of TCP throughput, and
of the selected model. Section 3 introduces issues we face
in making the framework and presents solutions. Section 4
discusses how we used simulation to demonstrate effective-
ness of our proposal. In Sect. 5, we conclude with a brief
summary.



3638
IEICE TRANS. COMMUN., VOL.E87–B, NO.12 DECEMBER 2004

2. TCP Modeling

In our measurement-based method for the evaluation of TCP
throughput, we need to estimate the input parameters re-
quired to calculate TCP throughput. In addition, these input
parameters should be obtainable through simple measure-
ment. In this section, we start by summarizing requirements
for the model and then select the most suitable model on this
basis.

2.1 Requirements for TCP Modeling

• Our starting point is to focus on steady-state behav-
ior, and in this case we can draw on much previous
work [2]–[7], [9], [11], [14], [15]. Performance in the
steady-state is most useful from the viewpoint of net-
work management, since the results are not affected by
short-term variations in round-trip-time and loss ratio.
From the viewpoint of users, steady-state analysis lets
us estimate the throughput of bulk transfer according
to the FTP, which is one of the most typical TCP appli-
cations.
• Since we need to estimate the input parameters from

measurable information, we have to use a model that
does not require information on the network config-
uration [2], [3], [5]–[8], [10], [12], [13]. Similarly, we
have to choose a model that does not require de-
tails of correlation or the higher-order moments of
the loss generation-process [2], [3], [5], [8], [10], [12],
[13], since it is not possible to obtain these values by
simple measurement.
• Packet loss are correlated when drop-tail routers are

used [16], [17]. In earlier work [2], [3], the effect of
correlated losses was considered by using the loss-
event ratio instead of the packet-loss ratio as an input
parameter, where the loss-event ratio is calculated by
dividing the total number of loss indications by the to-
tal number of packets sent. We think this is a feasible
approach and employ it here.
• We selected an independent [2], [3], [8], [10], [15]

rather than Markovian model of the loss-generation
process, because the former provides more intuitive in-
sight along with reasonable accuracy.
• As control mechanisms, the model needs to include

both a fast-retransmit mechanism and a timeout mech-
anism [2], [5], since timeout events occur more fre-
quently than fast-retransmit events, when the drop-tail
policy is used in routers.

Since Padhye et al.’s model [2] meets the above require-
ments, we decided to use this as the model for measurement-
based evaluation of TCP throughput.

2.2 Overview of Padhye et al.’s TCP Model [2]

In this subsection, we briefly explain the TCP model we use.

Fig. 2 Evolution of window size.

For details, please refer to Padhye et al.’s original paper [2].
Assumptions of Padhye et al.’s model [2] are summarized in
Appendix A.

An “epoch” is defined as a period that starts after, or
ends in, a timeout-loss indication, where a timeout-loss in-
dication means the last timeout of a sequence of timeouts
(see Fig. 2).

Let ni be the number of loss indications in the i-th
epoch. Let ZTO

i be the duration of a sequence of timeouts,
and ZT D

i be the time interval between two consecutive time-
out sequences. We then define S i as

S i = ZT D
i + ZTO

i .

Let Mi be the number of packets sent during S i. Throughput
B is then written as

B =
E[M]
E[S ]

.

Next, let Yi j be the number of packets sent in the j-th TD
period of interval ZT D

i (T DPi j) and Ai j be the duration of
this period. Furthermore, Ri denotes the number of packets
sent during the timeout sequence ZTO

i .
Then, we have

E[M] = E

 ni∑
j=1

Yi j

 + E[R],

E[S ] = E

 ni∑
j=1

Ai j

 + E[ZT O].

Assuming that {ni} is an i.i.d. sequence of random variables
that is independent of {Yi j} and {Ai j}, we have

E[M] = E[Y] E[n] + E[R],

E[S ] = E[A] E[n] + E[ZT O].

If Q denotes the probability that a loss indication is a timeout
(timeout-probability), we have Q = 1/E[n]. TCP through-
put is then written as

B =
E[Y] + QE[R]

E[A] + QE[ZTO]
. (1)
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Fig. 3 Packets sent during a TD period.

Here, consider the TD period in Fig. 3. The “round” used
on one axis of Fig. 3 is defined as a period starting with
the back-to-back transmission of W packets, where W is the
current congestion-window size. Let Xi j be the number of
rounds in the period, Wi j be the window size at the end of
the period, and αi j be the first packet lost in the period. In
addition, we define p as the probability that a packet is lost,
given that it is either the first packet in its round or the pre-
ceding packets in the same round were not lost; rtt is the
average round-trip-time; and T0 is the average retransmis-
sion timeout when a timeout is the first timeout of a timeout
sequence (initial retransmission timeout).

Using these variables, the parameters required to cal-
culate (1) are expressed as follows.

E[Y] = E[α] + E[W] − 1 =
1 − p

p
+ E[W], (2)

Q ≈ min(1, 3/E[W]), (3)

E[A] = (E[X] + 1)rtt, (4)

E[X] =
bE[W]

2
, (5)

E[ZT O] = T0
1 + p + 2p2 + 4p3 + 8p4 + 16p5 + 32p6

1 − p
,

(6)

E[R] =
1

1 − p
, (7)

E[W] =
2 + b

3b
+

√
8(1 − p)

3bp
+

(
2 + b

3b

)2

≈
√

8
3bp
. (8)

In (8), b is the inverse of ack frequency, that is, the TCP
sends one acknowledgement for every b consecutive packets
received. Note that most implementations of TCP use two
as the value of b.

3. Proposal for Measurement-Based Evaluation of
TCP Throughput

3.1 Issues for Measurement-Based Evaluation of TCP
Throughput

In the previous section, we employed Padhye et al.’s model
[2] to construct formulae for the measurement-based eval-
uation of TCP throughput. However, the original model is
not optimal for this purpose, since its aim is the modeling
of the TCP for better understanding of TCP characteristics.
In this subsection, we describe issues for our framework of
measurement-based evaluation of TCP throughput.

The first issue is to do with the model. We might im-
prove the model’s accuracy by taking measurement into ac-
count. In fact, we found that Q and E[Y] should be modified
to raise the accuracy of the model. In Sect. 3.2, we describe
how to modify the calculation of these parameters.

The second issue is about a way to estimate the input
parameters. In [2], the input parameters for the calculation
of TCP throughput are obtained by using data from captured
packets. This approach is not suitable for the measurement-
based evaluation of TCP throughput, because it lacks scal-
ability. That is, the volume of captured data is huge and
its analysis requires too much computational power. There-
fore, we need a way to estimate the input parameters based
on simple measurement. We describe how this is done in
Sect. 3.3.

3.2 Modifying the Original Model

In this subsection, we describe our modifications to Q and
E[Y] in the original model [2].

In the original model, p is the only information avail-
able for the calculation of Q. As a result, derivation of Q re-
quires the following assumption: if a packet is lost, all of the
following packets are lost until the end of the current round.
However, we found in many studies through simulation that
this assumption is not always true and that Q can be better
estimated by utilizing measurable information other than p.

We propose a new formula for calculating Q.
Packets are retransmitted by timeout events when fast

retransmits cannot recover all the packet losses in a window.
Fast retransmit cannot recover packet losses in a window
when two or more packets in the window are discarded.

In this paper, we consider two typical cases when two
or more packets in a window are discarded.

• two or more packets in a window are consecutively dis-
carded, or
• discarding of consecutive packets does not occur but

the next packet-loss occurs in the same window as the
first packet-loss when the window size is less than ten
(E[W] < 10).
Note that the condition of E[W] < 10 is added to take it
into account the case that a timeout event does not oc-
cur even when two packets in a window are lost (details
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are given by pp.491–492 in Kumar [5] and Appendix
B).

Considering these conditions, we define a new form of
timeout-probability, Q′, calculated as

Q′ = P1 + 1{E[W]<10}(1 − P1)P{s < E[W] − 1}. (9)

Here,

P1

= P{(n + 1)-th packet is lost|n-th packet is lost},
s := the number of consecutive packets not being lost

P{s ≥ j},
= P{ j or more consecutive packets not being lost}.

The first term of equation (9) corresponds to the first case
and the second term to the second.

In addition, we found the accuracy of E[Y] is reduced
by use of the loss-event ratio pr instead of p. However, since
pr is far easier to measure than p, it is convenient to use pr

as an approximation for p. In fact, p was replaced by pr in
Padhye et al.’s experimental study [2].

Therefore, Ye = E[Y] should be changed to Y ′e in order
to mitigate the effect of this approximation. Dividing the to-
tal number of loss indications by the total number of packets
sent yields the loss-event ratio pr (see Fig. 3). By definition,

Y ′e =
1
pr
. (10)

Substituting (9) and (10) for (3) and (2) respectively, we de-
fine the following new formula for the calculation of TCP
throughput:

B =
Y ′e + Q′E[R]

E[A] + Q′E[ZT O]
. (11)

In the following discussion and evaluation, (11) is used in-
stead of (1).

3.3 Using a Pseudo-TCP Probe in Parameter Estimation

In this subsection, as a solution to the second issue in
Sect. 3.1, we propose a way to estimate the input parame-
ters for (11) by simple measurement.

Inspection of (4)–(10) indicates that we need to esti-
mate the following parameters:

(a) P1 and P{s ≥ j} to calculate timeout-probability (Q′),
(b) loss-event ratio (pr),
(c) average round-trip-time (rtt), and
(d) average initial retransmission timeout (T0).

for calculation of the throughput.
As for (a) and (b), P1, P{s ≥ j}, and pr evidently de-

pend on the packet-sending rate. On the other hand, it is well
known that the sending rate of the TCP is strongly affected
by the ack-receiving rate. We need to take this characteristic
into account.

As for (c) and (d), we have to take account of the facts
that round-trip-time measurement in TCP is done once per
window and that T0 is calculated by using the measured
round-trip-time.

We meet the above requirements by using a pseudo-
TCP probe to estimate these parameters.

3.3.1 Behavior of the Pseudo-TCP Probe

Here, we briefly describe the pseudo-TCP probe. The
pseudo-TCP probe has a congestion-control mechanism
similar to that of the TCP but requires far less traffic, since
the pseudo-TCP probe captures only those TCP characteris-
tics that are essential to estimation of the input parameters.

Details of the pseudo-TCP probe are explained below.
Note that the pseudo-TCP probe can be implemented by ex-
tending the ping or TCP protocol.

• A source-end system sends probe packets with se-
quence numbers (SNs).
• When a destination-end system receives a probe

packet, it sends an ack-probe back to the source-end
system. The ack-probe has an ack number, which is
same as the SN of the probe packet it acknowledges.
To take the delayed ack mechanism of the TCP into
account, the destination-end system sends ack probes
every b probe-packets (b is the inverse of the ack
frequency of the TCP). The destination-end system,
however, sends delayed ack probes immediately when
delayed-ack timer is expired or when it receives out-of-
order probe-packets.
• Let rn be the ack number that is expected next. Here,

the ack-probe with this ack number is called the ex-
pected ack-probe. If the source-end system receives
this ack-probe, it adds one to rn. If the source-end sys-
tem receives an ack-probe whose ack-number is not rn,
it discards the ack-probe.
• The source-end system only sends probe packets with

SN less than rn + w, where w is the congestion-
window size for the pseudo-TCP probe. When the
source-end system receives the expected ack-probe, the
congestion-window size of the pseudo-TCP probe is in-
creased as follows:

w := min(w + 1/w,W). (12)

In (12), W is the maximum window size for the pseudo-
TCP probe.
• If the source-end system does not receive the expected

ack-probe within the retransmission timeout period af-
ter receiving the previous expected ack-probe, then the
packet whose SN is rn is considered lost. The source-
end system then sets the congestion-window size to 1
and sends one new packet. This simulates the time-
out mechanism of the TCP, although the retransmission
timeout, T , for the pseudo-TCP probe is constant.

The pseudo-TCP probe corresponds to TCP without a fast-
retransmit mechanism, with a slow-start threshold of 1 and
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with constant retransmission timeout.
We can reduce the volume of probe traffic by appropri-

ate W, T , and packet size. In the remainder of this section,
we describe how we estimate the input parameters by using
the pseudo-TCP probe.

3.3.2 Estimation of Timeout-Probability

By using the history of received ack-probes, we can ob-
tain P1 = P{(n + 1)-th packet is lost|n-th packet is lost}, and
P{s ≥ j} = P{ j or more consecutive packets are not lost}.

However, we use P̂1 instead of P1 to calculate (9), since
whether or not the first packet after timeout is discarded is
independent of whether or not the last packet before timeout
has been discarded. This is because of the long retransmis-
sion timeout of the pseudo-TCP probe.

P̂1 is calculated as follows. Let N be the number of
probe packets and tn be the time at which sending the n-th
probe packet. Then

P̂1 = P{(n + 1)-th packet is lost

|n-th packet is lost, tn+1 − tn < T }

=

N∑
n=1

1{(n+1)-th is lost, n-th is lost, tn+1−tn<T }

N∑
n=1

1{n-th packet is lost, tn+1−tn<T,n<N}

.

(13)

3.3.3 Estimation of Loss-Event Ratio

To estimate the loss-event ratio, we need to know the aver-
age number of packets lost per loss-event.

The estimated loss-event ratio p̂r can be expressed as
follows:

p̂r =
ps

E[L]
. (14)

Here, ps is the packet loss ratio for the pseudo-TCP probe,
and E[L] is the estimated number of packets lost in one loss-
event.

Since E[L] can be approximated by the number of
packets lost in a window, we estimate E[L] as follows:

• Firstly, the epoch number i and packet-loss counter nl

are set to 0.
• When the loss of a packet is detected, one is added to

the packet-loss counter nl.
• When the interval from the last expected ack-probe

is greater than the retransmission-timeout period, the
number of packets lost in the i-th epoch li is set to nl

and nl is reset to 0. One is then added to the epoch
number i.
• E[L] is given as the average of li.

Note that the estimated value of pr is strongly dependent
on the maximum window size for the pseudo-TCP probe.

Fig. 4 Calculation of retransmission timeout.

The setting of this maximum window size is examined in
Sect. 4.3.

3.3.4 Estimation of Round-Trip-Time and Initial Retrans-
mission Timeout

Since TCP stipulates measurement of the round-trip-time
once per window, we measure the round-trip-time of the
pseudo-TCP probe once per window. Let rtti be the i-th
value of the measured round-trip-time. We then take the av-
erage of rtti as the estimated average round-trip-time r̂tt.

To estimate the average initial retransmission timeout
T0, we use the measured round-trip-time rtti to evaluate the
formula for retransmission timeout [18]. In this paper, we
assume the TCP implementation of BSD 4.4 [19]. Accord-
ing to Stevens [18], the i-th value of retransmission timeout
rtoi is given as follows:

rtoi = srtti + 4vi, where

srtti =
rtti + 7srtti−1

8
and (15)

vi =
|rtti − srtti−1| + 3vi

4
. (16)

Moreover, in BSD 4.4, timeout occurs when a new ack is not
received within the retransmission-timeout period after re-
ception of the last ack (see Fig. 4). Therefore, the i-th value
of the estimated retransmission timeout T̂0i is

T̂0i = rtoi + rtti − interval of packet sending

≈ rtoi + rtti.

The estimated value of average initial retransmission time-
out, T̂0, is given as the average of T̂0i.

4. Simulation-Based Study

In this section, we examine the validity of our proposal by
simulating its operation on ns2 [20].

4.1 Simulation Settings

The network configuration is shown in Figs. 5 and 6. Fig-
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ure 5 has a single bottleneck link and Fig. 6 has two. Con-
sidering that the number of bottleneck links may have effect
on the behavior of the pseudo-TCP probe, we use these two
models.

In both figures, the TCP connection for measurement
(TCP sender) has infinite data to transmit, and sends from
left to right. The pseudo-TCP probe sender also sends
probe-packets from left to right.

In Fig. 5, background traffic is offered by 160 end sys-
tems, which transmit on-off TCP traffic. Half of them
(bg#1–80) send data from left to right and the other half
(bg#81–160) send from right to left.

In Fig. 6, there are four groups of end systems. Groups
#1 and #4 consist of 20 end systems and Groups #2 and #3
consist of 10 end systems. All the source end systems trans-
mit on-off TCP traffic. Source end systems from Group #4
send data from right to left and the other source end systems

Fig. 5 Network configuration (Scenario #1–3).

Fig. 6 Network configuration (Scenario #4).

Table 1 Simulation setting (Secnario #1–3).

Scenario #1 Scenario #2 Scenario #3
item (short delay) (middle delay) (long delay)
bandwidth C (Mbps) 10 50 100
delay between routers #1 and #2 30 6 2

access delay #1

TCP, psuedo TCP probe 25 4 1
#bg1-40 25 4 1
#bg41-120 1 40 40
#bg121-160 1 1 1

send from left to right. TCP connections form Groups #1
and #4 pass through the link #1 and #2, those from Group
#2 pass through only the link #1, and those from Group #3
pass through only the link #2.

Since TCP throughput is affected by round-trip-time
and loss-event ratio, we chose simulation settings to real-
ize various values for these parameters. To change the delay
setting, we use three simulation scenarios, with the settings
shown in Table 1. Note that we change the setting for band-
width (C in Fig. 5) in response to changes to the delay set-
ting, in order to meet Padhye et al.’s assumption [2] that the
throughput of a TCP connection does not often reach the ac-
cess bandwidth. Since the loss-event ratio is affected by the
load through background traffic, we adjust this parameter by
changing the mean burst interval of the background traffic.
The settings for the background traffic are shown in Tables 2
and 3. For each scenario, we choose five values of α for the
expressions in Tables 2 and 3, i.e. 0.45, 0.65, 0.8, 1.0 and 10.

The output queue length from router #1 to router #2
is set to 100 (packets); for the other queues, lengths great
enough that packet loss does not occur are selected.

Packet size is set to 1500 (bytes) for all connections.
Since one basis for the original model [2] was the assump-
tion that TCP throughput is not limited by the advertised
window size, we use a large enough advertised-window size
so that this assumption is met. Minimum retransmission
timeout of TCP is set to 0.05 (s). As for the pseudo-TCP
probe, as long as there is no notice, the maximum window

Table 2 Background-traffic patterns (Scenario #1–3).

bg no. Mean burst Mean burst Shape
length [dist.] interval [dist.] parameter

#1–20 1 (Mbytes) 380/(αC) (s) not defined[exp.] [exp.]

#21–40 50 (kbytes) 110/(αC) (s) not defined[exp.] [exp.]

#41–60 1 (Mbytes) 380/(αC) (s) 1.5[Pareto] [Pareto]

#61–80 100 (kbytes) 110/(αC) (s) 1.5[Pareto] [Pareto]

#81–100 1.3 (Mbytes) 120/(αC) (s) not defined[exp.] [exp.]

#101–120 2 (Mbytes) 120/(αC) (s) not defined[exp.] [exp.]

#121–140 1 (Mbytes) 160/C (s) 1.5[Pareto] [Pareto]

#141–160 200 (kbytes) 160/C (s) 1.5[Pareto] [Pareto]
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Table 3 Background-traffic patterns (Scenario #4).

Group no. Mean burst Mean burst Shape
length [dist.] interval [dist.] parameter

#1 400 (kbytes) 4.0/α (s) not defined[exp.] [exp.]

#2 300 (kbytes) 2.7/α (s) 1.5[Pareto] [Pareto]

#3 500 (kbytes) 3.0/α (s) not defined[exp.] [exp.]

#4 1 (Mbytes) 5 (s) [exp.] not defined[pareto]

Fig. 7 Effect of modification (scenario #1).

size is set to 9 (packets) and the timeout value to 6 (s). Va-
lidity of this choice is examined by simulation study in 4.3
and 4.4.

The inverse of ack frequency b is set to 1 for all TCP
connections and the pseudo-TCP probe, since we consider
that evaluation when b = 1 is enough to show the validity of
the pseudo-TCP probe and that other cases are extensions of
the case where b = 1.

In the following simulation, throughput means the
number of bytes transmitted per unit time. In addition, when
the loss of consecutive packets within a window leads to
both a fast retransmit and a timeout, this is counted as a sin-
gle timeout (the justification for this is given in Appendix
C).

4.2 Simulation Results

To show validity of our proposal, we examine both

• the accuracy of our TCP model and
• the accuracy of the estimated input parameters

in this section (see Fig. 1).
We started by examining the effect of the modification

proposed in Sect. 3.2. The throughput calculated by the new
formula (11) is shown in Figs. 7–10．For comparison, the
throughput as calculated by the original formula (1) is also
shown in these figures. The input parameters used to pro-
duce Figs. 7–10 were obtained by using data on captured
packets from the TCP sender (not from the pseudo-TCP
probe), since we want to see only the effect of modification.

Modified modeling yields better estimates than the
original formula in all regions.

Fig. 8 Effect of modification (scenario #2).

Fig. 9 Effect of modification (scenario #3).

Fig. 10 Effect of modification (scenario #4).

Next, we examine the validity of throughput estimates
obtained by using the pseudo-TCP probe. The calculated
throughput when all of the input parameters are estimated
from results for the pseudo-TCP probe is shown in Figs. 11–
14. The estimations of throughput are reasonably accurate
for all scenarios. However, estimated throughput is a little
lower than the exact value when the loss-event ratio is below
0.005.

To examine why this happens, the throughput as cal-
culated with only pr replaced by the estimated value, p̂r,
is shown in Figs. 15–18 (note that the other input parame-
ters are obtained by using data on captured packets from the
TCP sender). A small discrepancy between the estimated
and exact throughput is again seen, when the loss-event ra-
tio is below 0.005. This means that inaccuracy of the esti-
mated loss-event ratio is the main reason for the discrepancy
in Figs. 11–14.
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Fig. 11 Throughput as estimated by using the pseudo-TCP probe
(scenario #1).

Fig. 12 Throughput as estimated by using the pseudo-TCP probe
(scenario #2).

Fig. 13 Throughput as estimated by using the pseudo-TCP probe
(scenario #3).

The reason that the accuracy of the estimate becomes
worse in the region of lower loss-event ratio is explained as
follows:

When loss-event ratio is low, difference between the
expectation of congestion-window size when loss-event oc-
curs (E[W]) and the maximum window size for the pseudo-
TCP probe becomes large. This large difference lowers the
accuracy, because this large difference means that pseudo-
TCP probe cannot send enough volume of traffic to imi-
tate characteristics of TCP traffic. Since E[W] depends only
on loss-event ratio, we can say that loss-event ratio and the
maximum window size for the pseudo-TCP probe determine
the accuracy of estimated pr.

While it is true that increasing the maximum window
size for the pseudo-TCP probe improves the accuracy, it also

Fig. 14 Throughput as estimated by using the pseudo-TCP probe
(scenario #4).

Fig. 15 Throughput as calculated by using the estimated value of pr

(scenario #1).

Fig. 16 Throughput as calculated by using the estimated value of pr

(scenario #2).

increases the load on the network. Therefore, we need to
identify appropriate settings of maximum window size for
the pseudo-TCP probe.

4.3 Settings of the Maximum Window Size

In this section, we examine how to set the maximum win-
dow size for the pseudo-TCP probe.

To see the effect of a large maximum window, we ob-
tained results for a maximum window size of 16; these re-
sults are given in Figs. 19–22. When we compare Figs. 11–
14 and Figs. 19–22, we see that the accuracy when the loss-
event ratio is below 0.005 is improved by increasing the
maximum window size.

To further examine how to set the maximum window
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Fig. 17 Throughput as calculated by using the estimated value of pr

(scenario #3).

Fig. 18 Throughput as calculated by using the estimated value of pr

(scenario #4).

Fig. 19 Throughput as estimated by using the pseudo-TCP probe
(W=16, scenario #1).

size, we obtained the relationships between the estimated
loss-event ratio and the exact values in Figs. 23–26. These
figures indicate that results are improved by changing the
maximum window size from 9 to 16 when the estimated
loss-event ratio is below 0.007.

4.4 Settings of the Retransmission Timeout

In this section, we examine settings of the retransmission
timeout T for the pseudo-TCP probe.

Figures 27–30 show the throughput as estimated when
T = 6, 18, and 24 (s). In these figures, settings of the maxi-
mum window size for the pseudo-TCP probe follow the way
described in Sect. 4.3.

In these figures, the retransmission timeout T does not

Fig. 20 Throughput as estimated by using the pseudo-TCP probe
(W=16, scenario #2).

Fig. 21 Throughput as estimated by using the pseudo-TCP probe
(W=16, scenario #3).

Fig. 22 Throughput as estimated by using the pseudo-TCP probe
(W=16, scenario #4).

affect the accuracy in all the scenarios. This is because sta-
tionary environment is assumed.

Therefore, we can say that any retransmission timeout
for the pseudo-TCP probe is applicable in stationary envi-
ronment.

4.5 Load Imposed by the Pseudo TCP-Probe

We went on to examine the number of packets being sent by
the pseudo-TCP probe in this section. The ratio of the num-
ber of packets sent by the pseudo-TCP probe to the number
of packets sent by the TCP sender is shown in Figs. 31 and
32. In these figures, T = 6 (s) is used.

In scenario #1, the number of packets sent by the
pseudo-TCP probe is about a fifth of the number of packets
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Fig. 23 Accuracy of the estimated pr (scenario #1).

Fig. 24 Accuracy of the estimated pr (scenario #2).

Fig. 25 Accuracy of the estimated pr (scenario #3).

Fig. 26 Accuracy of the estimated pr (scenario #4).

sent by the TCP sender. In the other cases, the number of
packets sent by the pseudo-TCP probe is less than a tenth of
the number of packets sent by the TCP sender. These results
confirm that the volume of the pseudo-TCP probe traffic is

Fig. 27 Throughput as estimated by using the pseudo-TCP probe
(T=6,18.24 (s), scenario #1).

Fig. 28 Throughput as estimated by using the pseudo-TCP probe
(T=6,18,24 (s), scenario #2).

Fig. 29 Throughput as estimated by using the pseudo-TCP probe
(T=6,18,24 (s), scenario #3).

Fig. 30 Throughput as estimated by using the pseudo-TCP probe
(T=6,18,24 (s), scenario #4).
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Fig. 31 Load imposed by the pseudo-TCP probe (W=9).

Fig. 32 Load imposed by the pseudo-TCP probe (W=16).

much smaller than that of the TCP sender.
From another point of view, the almost equal ratio of

load over the whole range of loss-event ratio means that the
actual number of packets sent by the pseudo-TCP probe de-
creases with loss-event ratio, since that by the TCP sender
also decreases with loss-event ratio.

Through simulation-based study in this section, we
confirm that both the accuracy of our TCP model and that
of estimated input parameters are reasonable. Note that our
TCP model imposes slightly more overhead of measurement
than Padhye et al.’s model [2] does, though the accuracy of
our TCP model is better than that of Padhye et al.’s model
[2]. The more overhead in our TCP model is because our
model needs more information than Padhye et al.’s model
[2].

The pseudo-TCP probe is applicable even when Pad-
hye et al.’s model [2] is used instead of our TCP model.
Therefore, we can choose which TCP model to use in our
framework of measurement by taking a trade-off between
accuracy and overhead into account.

5. Conclusion

In this paper, we have proposed a measurement-based
method for the evaluation of TCP throughput, that is, a
way to evaluate TCP throughput by lightweight measure-
ment. In our proposed method, measurement is used to ob-
tain the input parameters required to calculate TCP through-

put. Therefore, the method is free from the defects of the
conventional methods.

Simulation showed that the method has good accuracy
and imposed relatively low load.

We consider that the pseudo-TCP probe is applicable
in other scenarios than those in this paper, since simulation
results in Sect. 4.2 indicated that the accuracy of estimation
does not depend on network topology but loss-event ratio
and the maximum window size for the pseudo-TCP probe.
Therefore, we conclude the proposed method of estimation
provides sufficient accuracy under situations where Padhye
et al.’s model [2] is applicable.

In addition, simulation showed that the actual load im-
posed by the pseudo-TCP probe decreases with loss-event
ratio. This characteristic of the pseudo-TCP probe is desir-
able when it is compared to other ways of active measure-
ment that emit traffic periodically.

Finally, we show some situations where TCP through-
put needs to be estimated and the pseudo-TCP probe is ef-
fective.

• an alarm might be triggered when the estimated
throughput falls below a threshold value,
• the pseudo-TCP probe packets are sent to each re-

lay node to investigate the reason for degraded perfor-
mance,
• the pseudo-TCP probe packets are sent to perform

benchmark testing on TCP throughput, and
• the estimated throughput is used for traffic engineering

(e.g. load balancing) in a MPLS network.
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Appendix A: Assumptions of Padhye et al.’s Model [2]

We summarize assumptions that Padhye et al.’s model made.

• each epoch is independent,
• round-trip-time and p are independent,
• congestion window size does not reach the maximum

widow size, and
• throughput does not reach access bandwidth.

Appendix B: TCP Behavior When There are Two
Packet Losses in a Window

Figure A· 1 shows an example of the case when a timeout
event does not occur even though two packets are lost in the
same window. Let W be the congestion window size when
packet loss occurs. Here we assume TCP already has sent
W packets until the first fast-retransmit occurs. Thus, TCP
receives W − 2 duplicate acks for the first lost packet, con-
gestion window size becomes W′ = W/2+W−2 = 3W/2−2

Fig. A· 1 An example of two fast-retransmits in a window.

when the last duplicate ack is received. Three duplicate
acks for the second lost packet is needed to cause fast-
retransmit for that packet. That means three more packets
have to be transmitted at least after the first fast-retransmit.
Since TCP has already sent W packets before the first fast-
retransmit, TCP can send additional W′ − W = W/2 − 2
packets after the first fast-retransmit. These packets cause
duplicate acks for the second lost packet. Therefore, when
W′ −W = W/2− 2 ≥ 3 (that is, W ≥ 10), the fast-retransmit
for the second lost packet can occur.

Appendix C: TCP Performance When Consecutive
Packets within a Window are Lost

This appendix describes the case when consecutive packets
loss in a window leads to the combination of a fast retrans-
mit and a timeout. When three duplicate acks for a first lost
packet are received, fast retransmit of that packet is initi-
ated. However, other lost packets are not retransmitted by
this first fast retransmit. Therefore, timeout may occur for
these lost packets even though fast retransmit has already
been performed for the first lost packet in the same window.

In the original model [2], p means the probability that
a packet is lost, given that it is either the first packet in
its round or the preceding packets in the same round were
not lost. The loss of consecutive packets in one window is
counted as a single loss event. It is thus natural to count a
fast retransmit and timeout are counted as a single timeout
when this is initiated by the loss of consecutive packets.

Fig. A· 2 Throughput when two loss-events in a window are counted as
one (scenario #1).

Fig. A· 3 Throughput when two loss-events in a window are counted
separately (scenario #1).
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For reference, we compare the throughput when such
loss-events are counted as one and two loss-events in
Figs. A· 2 and A· 3, using scenario #1 described in Sect. 4.1.
Counting them as single loss-events leads to slightly better
accuracy.
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