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Formula-Based TCP Throughput Prediction with Available Bandwidth
Jae-Hyun Hwang and Chuck Yoo, Member, IEEE

Abstract—In the research area of TCP throughput prediction,
the well-known throughput model, a function of loss rate, has
some disadvantages such as difficulty of loss rate estimation
and low accuracy under congestion. This letter proposes a new
throughput model by a function of available bandwidth. Our
model improves the accuracy in TCP throughput prediction by
removing loss rate, which is usually hard to measure accurately,
in the throughput function. Our formula-based predictor is
validated by real experiments on LAN environments.
Index Terms—TCP throughput prediction, formula-based predictor, available bandwidth.

I. I NTRODUCTION

A

S multi-path networking paradigms such as multihoming, overlay, peer-to-peer network, and content delivery network are getting popular, the ability to determine
which path is the best among available multiple paths has
been identified as a key to maximize network performance.
One possible solution is to estimate one-way delay or available
bandwidth on network paths in an end-to-end manner [1], [2].
Many researchers however have pointed out that there is a
significant difference between available bandwidth and application goodput, and this leads to research on predictability of
TCP throughput to select a best path [3], [4], [5], [6].
There are two approaches for TCP throughput prediction
– formula-based and history-based. The formula-based approach is to predict the expected throughput by modeling
TCP behavior mathematically, which can be represented by
a function of loss rate. On the other hand, the historybased approach predicts the on-going throughput from a time
series of previous measurements on the same path, when
such a history is available. Although the latter approach has
more overheads than the former with regard to the history
maintenance, the most related research works agree that the
history-based predictor is superior because of its accuracy
in the most cases [3], [4], [5]. There are some factors that
make the accuracy of the formula-based approach low, but it
is reported that the main reason is the variation of RoundTrip Time (RTT) and loss rate. That is, as network traffic
increases, the average queuing delay and loss probability can
be higher than those measured before a session begins [3].
Another main reason is that it is difficult to estimate loss rate
only by end-to-end probing. To obtain the accurate loss rate, a
scheme that polls SNMP MIB information from the bottleneck
router has been proposed [6], but it cannot be a practical
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solution because finding a bottleneck router is another difficult
problem. We notice that the formula-based approach has low
accuracy because the existing TCP throughput models still do
not address the prediction problem and simply use constant
values for RTT and loss rate [7], [8]. If such weakness is
overcome, the formula-based approach can be also an efficient
alternative as a TCP throughput predictor.
In this letter, we propose an available bandwidth based
TCP throughput model as a new formula-based predictor. The
available bandwidth generally can be measured fast by end-toend probing while loss rate requires longer time to estimate.
From this, we can get the expected value of congestion
window size without a random variable of loss rate, and can
achieve better prediction accuracy.
II. TCP T HROUGHPUT M ODEL BASED ON AVAILABLE
BANDWIDTH
We derive an available bandwidth based throughput model
from the Amherst model [7], a well-known early TCP throughput model. Like the Amherst model, our model is divided into
a triple-duplicate (TD) acknowledgement (ACK) period and a
timeout (TO) period. Due to the limited space, we assume that
the reader is familiar with the Amherst model.
A. Triple-Duplicate(TD) Period
Modeling the TCP throughput starts from the sending rate.
For the 𝑖th TD period, we denote by 𝑌𝑖 the number of
transmitted packets in the period, and by 𝐴𝑖 the duration of
the period. Then, the sending rate 𝐵 can be expressed by
𝐵=

𝐸[𝑌 ]
𝐸[𝐴]

(1)

To derive 𝐸[𝑌 ], we should obtain the expected value of 𝑊𝑖
first, which is defined by the window size at the end of the
𝑖th TD period as described in the Amherst model. For the
𝑖th TD period, we newly define 𝑐𝑖 (bps) to be the available
bandwidth, 𝑟𝑖 to be the available router buffer size, 𝑊𝑖′ to be
the window size at the end of the period when 𝑟𝑖 = 0, and 𝑠
(bits) to be packet size. Firstly, if 𝑟𝑖 = 0, the sending rate can
reach as much as the available bandwidth before the packet
loss occurs. Then, we can get 𝑐𝑖 and 𝑊𝑖′ as follows.
𝑊𝑖′ × 𝑠
𝑅𝑇 𝑇
(2)
𝑅𝑇 𝑇
′
𝑊𝑖 = 𝑐𝑖 ×
𝑠
The packet queuing begins when the congestion window
size, 𝑐𝑤𝑛𝑑, is larger than 𝑊𝑖′ , and the congestion window can
increase additionally by the buffer size 𝑟𝑖 . Therefore, 𝑐𝑤𝑛𝑑 at
the end of the 𝑖th period can be expressed by
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𝑐𝑖 =

𝑊𝑖 = 𝑊𝑖′ + 𝑟𝑖

(3)
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Considering 𝑟𝑖 to be i.i.d. random variable that is independent
of the period number, it follows that
𝐸[𝑊 ] = 𝐸[𝑊 ′ ] + 𝐸[𝑟]

(4)

∑𝑛

where 𝐸[𝑟] =
𝑖=1 𝐸[𝑟𝑖 ]/𝑛 and 𝑛 is the total number of
the periods. To derive 𝐸[𝑊 ′ ], we also consider the available
bandwidth 𝑐𝑖 to be i.i.d. random variable, which is assumed
to be independent of the congestion window size, and thus
independent of the period number, 𝑖. It follows that
𝐸[𝑊 ′ ] = 𝐸[𝑐] ×

𝑅𝑇 𝑇
𝑠

(5)

∑𝑛
where 𝐸[𝑐] =
𝑖=1 𝐸[𝑐𝑖 ]/𝑛. Henceforth, we denote by
𝐵𝑊 = 𝐸[𝑐] the average value of the available bandwidth.
Next, from the Amherst model, 𝑌𝑖 is expressed by
−1 (
∑
𝑊𝑖−1

𝑋𝑖
𝑏

𝑌𝑖 =

𝑘=0

2

)
+ 𝑘 𝑏 + 𝛽𝑖 ,

(6)

where 𝑋𝑖 is the number of rounds and 𝛽𝑖 is the number of
packets sent in the last round. We assume that the delayed
ACK is not used for simplicity in this letter (i.e. 𝑏 = 1). The
congestion window size is increased by one for every round
(RTT) from 𝐸[𝑊 ]/2 to 𝐸[𝑊 ], and the total number of rounds
in a TD period would be 𝐸[𝑊 ]/2 + 1. 𝐸[𝛽] is replaced by
𝐸[𝑊 ]/2 as the Amherst model does. From this, we can derive
𝐸[𝑌 ], the expected value of transmitted packets, as follows.
)
𝐸[𝑊 ]
𝐸[𝑊 ]
+𝑘 +
𝐸[𝑌 ] =
2
2
𝑘=0
)
(
𝐸[𝑊 ] 𝐸[𝑊 ]
(
)2
+1
(7)
𝐸[𝑊 ]
2
2
+ 𝐸[𝑊 ]
+
=
2
2
3
5
= 𝐸[𝑊 ]2 + 𝐸[𝑊 ]
8
4

is larger than 𝐸[𝑊 ′ ]. Thus, if 𝐸[𝑊 ]/2 ≤ 𝐸[𝑊 ′ ] < 𝐸[𝑊 ],
we can obtain 𝐸[𝐴] as follows.
𝐸[𝑊 ]−𝐸[𝑊 ′ ]

𝐸[𝑊 ]/2

∑

𝐸[𝐴] =

𝑅𝑇 𝑇𝑚𝑖𝑛 +

𝑘=0

∑

𝑑 ⋅ 𝑘 + 𝑅𝑇 𝑇𝑚𝑎𝑥

𝑘=1

) (
)
𝐸[𝑊 ]
𝐸[𝑟](𝐸[𝑟] + 1)
+1 + 𝑑×
= 𝑅𝑇 𝑇𝑚𝑖𝑛
2
2
+ (𝑅𝑇 𝑇𝑚𝑖𝑛 + 𝑑 ⋅ 𝐸[𝑟])
(10)
Similarly, when 𝐸[𝑊 ′ ] < 𝐸[𝑊 ]/2, RTT already contains
queuing delay as much as 𝐸[𝑊 ]/2 − 𝐸[𝑊 ′ ]. With (4), an initial RTT in a TD period will be (𝐸[𝑟]−𝐸[𝑊 ]/2)𝑑+𝑅𝑇 𝑇𝑚𝑖𝑛 .
In this case, it follows that
(
)
)
𝐸[𝑊 ]/2 (
∑
𝐸[𝑊 ]
𝐸[𝑟] −
𝐸[𝐴] =
𝑑 + 𝑅𝑇 𝑇𝑚𝑖𝑛
2
(

𝑘=0
𝐸[𝑊 ]/2

+

∑

𝑑 ⋅ 𝑘 + 𝑅𝑇 𝑇𝑚𝑎𝑥

𝑘=1

)
) ((
)
𝐸[𝑊 ]
𝐸[𝑊 ]
+1
𝐸[𝑟] −
=
𝑑 + 𝑅𝑇 𝑇𝑚𝑖𝑛
2
2
)⎞
(
⎛
𝐸[𝑊 ] 𝐸[𝑊 ]
+
1
⎟
⎜
2
2
⎟ + (𝑅𝑇 𝑇𝑚𝑖𝑛 + 𝑑 ⋅ 𝐸[𝑟])
+⎜
⎠
⎝𝑑
2
(

(11)

𝐸[𝑊 ]/2 (

∑

The next step is to derive 𝐸[𝐴]. In the Amherst model, 𝐸[𝐴]
is expressed by (𝐸[𝑋] + 1) × 𝑅𝑇 𝑇 , which is the product of
mean RTT and the number of rounds. RTT basically is the
sum of round-trip propagation delay and queuing delay. If the
sending rate is not above bandwidth of a bottleneck link, RTT
would be propagation delay largely. On the other hand, to
include queuing delay by over-shooting, we should find the
average value of marginal queuing delay, 𝑑, for a packet in
the bottleneck buffer. With the assumption that bottleneck link
and router are connected, we have
𝑠
𝑠
(8)
𝐵𝑊 = → 𝑑 =
𝑑
𝐵𝑊
And, RTT increases from round-trip propagation delay
(𝑅𝑇 𝑇𝑚𝑖𝑛) to 𝑅𝑇 𝑇𝑚𝑎𝑥, which can be expressed as
𝑅𝑇 𝑇𝑚𝑎𝑥 = 𝑅𝑇 𝑇𝑚𝑖𝑛 + 𝑑 ⋅ 𝐸[𝑟]

(9)

Thus, 𝑅𝑇 𝑇𝑚𝑎𝑥 means the average RTT at the last round of
each period.
In the first round of a TD period, 𝑐𝑤𝑛𝑑 starts from 𝐸[𝑊 ]/2
which is less than 𝐸[𝑊 ′ ], and RTT does not contain queuing
delay (i.e. 𝑅𝑇 𝑇𝑚𝑖𝑛). And then, it is increased by 𝑑 as 𝑐𝑤𝑛𝑑

B. TimeOut (TO) Period
In the Amherst model, the sending rate 𝐵 in a TO period
is modeled by using the possibility 𝑄, which means that TDP
ends with timeout. That is, the amount of transmitted packets
(𝑅) and the time (𝑍 𝑇 𝑂 ) in a TO period are multiplied by
𝑄. The sending rate 𝐵 that combines TD and TO period is
expressed by
𝐵=

𝐸[𝑌 ] + 𝑄 × 𝐸[𝑅]
𝐸[𝐴] + 𝑄 × 𝐸[𝑍 𝑇 𝑂 ]

(12)

In this step, we need packet loss rate 𝑝 to obtain 𝑄, 𝐸[𝑅],
and 𝐸[𝑍 𝑇 𝑂 ]. From the Amherst model, we bring the following
expression,
1−𝑝
𝐸[𝑌 ] =
+ 𝐸[𝑊 ],
(13)
𝑝
and from this, we have
𝑝=

1
3
1
𝐸[𝑊 ]2 + 𝐸[𝑊 ] + 1
8
4

(14)

By this loss rate 𝑝, we can get 𝑄, 𝐸[𝑅], and 𝐸[𝑍 𝑇 𝑂 ], but
dispense with the deriving process in this letter.
Finally, we should consider the limitation of 𝐸[𝑊 ] by
advertisement window 𝑊𝑚 from the receiver side (i.e. 𝑊𝑚 ≤
𝐸[𝑊 ]). In this case, the sending rate will be kept as much
as 𝑊𝑚 /𝑅𝑇 𝑇 since it must have been lower than the network
capacity. This RTT may have queuing delay in accordance
with the difference between 𝑊𝑚 and 𝐸[𝑊 ′ ], and thus
𝑅𝑇 𝑇 = 𝑅𝑇 𝑇𝑚𝑖𝑛 + max(0, 𝑊𝑚 − 𝐸[𝑊 ′ ]) × 𝑑

(15)
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Fig. 1. Experiment results: throughputs of two models are predicted values.

Now, from (7), (10), (11), (15), we can express the TCP
throughput model denoted by 𝑇 , as a function of available
bandwidth 𝐵𝑊 and router buffer size 𝐸[𝑟]. To represent these
parameters as packet unit, we explicitly use another capital
letters, 𝐶 and 𝐾 for 𝐵𝑊/𝑠 and 𝐸[𝑟] respectively. Then, we
get the following for 𝑇 (𝐶, 𝐾):
(
)
⎧
1
3


𝑊
𝑊
+
5
+ 𝑄(𝑊 )


4
2


)
)
(
(

,


𝑊
𝐾 𝐾 +1


+
2
+
1
+
+
𝑄𝑍
𝑅𝑇
𝑇


2
𝐶
2





0
<
𝐾
≤
𝑊/2,
𝑊
<
𝑊𝑚



(
)


3
1
⎨
𝑊
𝑊 + 5 + 𝑄(𝑊 )
4
2

(
)
)(
,
)
(

𝑊

+𝐾
+1 𝐾 − 𝑊

𝑊

2
4

+2 −
+ 𝑄𝑍
𝑅𝑇 𝑇


2
𝐶




𝑊/2 < 𝐾, 𝑊 < 𝑊𝑚






𝑊𝑚


, 𝑊𝑚 ≤ 𝑊


max(0,
𝑊𝑚 − 𝐶 × 𝑅𝑇 𝑇 )

⎩ 𝑅𝑇 𝑇 +
𝐶
(16)
𝑇𝑂
where 𝑄𝑍 is 𝑄(𝑊 )𝐸[𝑍 ], and 𝑊 is defined as a function
of 𝐶 and 𝐾 from (4) and (5). It follows that
𝑊 (𝐶, 𝐾) = 𝐶 × 𝑅𝑇 𝑇 + 𝐾

(17)

And also, we can derive 𝑄(𝑊 ) and 𝐸[𝑍 𝑇 𝑂 ] from the Amherst
model with (14) and (17). In (16) and (17), RTT is a minimum
RTT, and 𝑇 𝑂 is an initial RTO.
III. E VALUATION
We perform real experiments for TCP throughput prediction
over 100Mbps LAN environments with a simple dumpbell
topology. The evaluation methodology is similar to [3]. An
experiment starts with available bandwidth measurement for
20 to 60 seconds using Spruce [9], followed by a 60-sec
measurement of RTT and loss rate using a ping utility that

365

generates a 60-byte probing packet every 100ms, followed by
a 60-sec TCP transfer (target flow) using IPerf [10]. To obtain
the router buffer size, we use the router buffer estimation
scheme, which is (𝑅𝑇 𝑇 − 𝑅𝑇 𝑇𝑚𝑖𝑛 ) × 𝐶 [11].
To simulate network congestion situations in WAN, we increase the number of background TCP flows. TCP throughputs
are predicted by both Amherst model and ours before the
target TCP transfer starts. Then, we compare the predicted
throughputs with the measured one as shown in Fig. 1.
Through these experiments, we found that RTT increases
linearly as TCP flows increase, but loss rate is fluctuated even
by one or two packet losses because the number of probing
packets is insufficient to estimate exactly (about 600 packets
for 60 seconds). For instance, loss rate for one packet drop is
about 0.17% and two-packet drop is about 0.33%. However,
we also found that more frequent and invasive probing does
not improve the accuracy of loss rate. In addition, the premeasured RTT is different with experienced one since the
target flow also affects the queuing delay. These factors lead
the prediction by the Amherst model to under or over-estimate.
On the other hand, our model overcomes such weakness by
replacing the function parameter from loss rate to available
bandwidth, and we confirm that the proposed scheme predicts
the real throughput well.
IV. C ONCLUSION
This letter proposes a modified TCP throughput model to
improve the weakness of existing model. While the existing
throughput model is a function of loss rate that is difficult
to obtain with accuracy, our model is based on available
bandwidth. We show that the accuracy of the formula-based
predictor can be improved significantly based on our model.
As future work, various wide-area network experiments need
to be performed.
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