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Latency of FAST TCP for HTTP Transactions
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Abstract—For HTTP over FAST TCP scenario, this letter
presents a simple closed-form formula to estimate the latency,
taking into account the network parameters such as packet
size, link capacity, propagation delay and FAST TCP parameter
settings. Analyzes supported by simulation results reveal the
effects of network parameters and FAST TCP parameters on
the FAST TCP/HTTP latency.

Index Terms—HTTP, latency, congestion control, FAST TCP.

I. INTRODUCTION

THE Hyper-Text Transfer Protocol (HTTP) currently ac-
counts for approximately 46% of Internet traffic [9] and

provides convenient access to various types of information for
remote users. One of the key elements in the success of HTTP
is its ability to maintain acceptable users’ retrieval time to meet
their quality of service (QoS) requirements. Users’ retrieval
time is determined by HTTP latency which consists of several
components, and the main one is TCP latency [1], [2], [3].

In recent years, the more scalable FAST TCP [4] has been
introduced. The performance in various environments can be
achieved by built-in parameters of FAST TCP, which has been
extensively studied [5], [6], [7]. And it is now considered
as a candidate TCP for the next generation network. The
current focus of FAST TCP performance studies is mainly on
throughput and stability. The latency performance of FAST
TCP has not aroused significant attention yet. However, if
FAST TCP is used for HTTP transactions to transfer web
pages, FAST TCP latency is a key factor.

Although TCP Reno latency has been extensively studied
[2], [3], these studies are not directly applicable to FAST
TCP latency. The main reason is that FAST TCP is based
on queueing delay, while TCP Reno is based on packet drop.
Furthermore, it is not clear how FAST TCP parameters affect
the latency. We will investigate FAST TCP latency for HTTP
transactions, as well as the effect of FAST TCP parameters to
the latency.

II. THE MODEL

FAST TCP/HTTP latency represents the part of the HTTP
latency which is the time that it takes FAST TCP to transfer
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the bits associated with a given HTTP transaction. We consider
a dumbbell topology based on a single bottleneck link with
multiple sources. Let d be the propagation delay of the link,
and c the link capacity. Arriving packets generated by a greedy
source enter a single FIFO buffer before they are served by the
link. During periods when the arrival rate of packets is higher
than the link rate, the queue length increases. Each FAST TCP
source updates its congestion windows based on the estimated
queueing delay [4], according to the following equation

wi+1 = (1− γ)wi + γ

(
Rb

RTTi
wi + α

)
, (1)

where wi is the congestion window of the source at the ith
time period, and γ ∈ (0, 1], and α > 0 are control parameters;
RTTi and Rb are the Round Trip Time (RTT) at time i, and
the minimum RTT observed by the source, respectively.

FAST TCP will wait for the ACKs after it sends the packets.
We introduce a concept of Sending and Waiting Cycle (SWC),
which begins as FAST TCP sends a congestion window of
packets to the link buffer and ends when FAST TCP receives
an acknowledgment (ACK) of one of these packets. The
consecutive SWCs establish the periodical behavior of FAST
TCP. Then the r-th SWC will take an SWC time Tr, if the
small packets processing time by the routers is neglected. Let
Mr be the number of packets sent in the r-th SWC. If we know
Mr, we can obtain the amount of data sent in all n SWCs,∑n

r=1 Mr. On the other hand, to send a block of data Da, it
will take at least

∑n
r=1 Tr if the size Da of a file is between∑n−1

r=1 Mr and
∑n

r=1 Mr. The total FAST/HTTP latency to
transfer Da is estimated by

TTCP =
n∑

r=1

Tr +

(
Da −

n−1∑
r=1

Mr

)
× Pd/c ≈

n∑
r=1

Tr, (2)

where Pd is the size of the data packet. We now separately
approximate FAST TCP/HTTP latency in a case when FAST
TCP is stable, and when it is unstable.

Case 1: Latency with congestion window being stabilized.
Under certain conditions [5], [6], e.g. large α, FAST TCP is
stable. In this case, FAST TCP has two stages. The first is a
transient stage before an equilibrium. The time spent in this
stage is marked as Ttsn, and FAST TCP sends Dtsn packets.

In the second stage, the system is in equilibrium, during
which the SWC time Tr is equal to RTT0 = q0 + d and the
packets sent in one SWC Mr is equal to w0, where q0 and w0

are the queuing delay and the congestion window, respectively.
Therefore, according to (2), we have

TTCP ≈ Ttsn + nTr,

nTr = (Da −Dtsn)
q0 + d

w0
=

Da −Dtsn

c
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if FAST TCP sends Da packets. Furthermore, TTCP ≈ Da/c
if Da is sufficiently enough (i.e. Da ≫ Dtsn, TTCP ≫ Ttsn).

Case 2: Latency with congestion window not being stabi-
lized. If the buffers are small [8] and α is set to a large value,
FAST TCP will incur frequent packet losses. Alternatively, if
to avoid frequent loss, α is set to a smaller value, the stability
conditions may not be met.

We consider two special cases of SWC times. One is when
the buffer of the link is empty before FAST TCP sends packets
during the r-th SWC, so Tr = d+Pd/c. The other is that there
still have qr (qr > 0) packets in the buffer before FAST TCP
sends packets during the r-th SWC, so Tr = d + Pd/c +
qrPd/c. When qrPd/c ≪ d, we approximate Tr to d+ Pd/c.
Therefore, the FAST TCP/HTTP latency approximates to

TTCP = n(d+ Pd/c).

The term that mostly affects FAST TCP/HTTP latency in each
SWC is d (assuming sufficiently large c).

III. LATENCY ANALYSIS

FAST TCP/HTTP latency of transferring a file of size Da,
considering handshake time, is TTCP + Tc, where Tc is the
expected TCP handshake time. If a webpage consists of s
objects of sizes z(1), z(2), . . . , z(s), the HTTP latency to
transfer the web page will be sTc+(d+Pd/c)

∑
ns, where ns

is the number of SWCs of the s-th object. This way, the HTTP
latency can be estimated by summing up the total number of
SWCs in the entire file. In the following we will consider an
arbitrary object and derive its number of SWCs based on the
given size of the object.

Before adjusting the congestion window, the current RTT
is used to calculate queueing delay. When RTT is linear,
RTT (i) = B + i∆t, where B is a constant1. We obtain the
dynamic of FAST TCP congestion window as

wi+1 = (1− γ)wi + γ

(
Rb

B + i∆t
wi + α

)
.

The evolution of wi is similar to the periodical analytical
results in Fig. 2 of Section IV. It is initially characterized by
a maximum value and it decreases after that. The evolution is
different from that of TCP Reno because congestion window
of TCP Reno always increases until a loss event occurs, while
the decrease of FAST TCP congestion window may take place
without losses. The decrease may lead to an effect called
congestion window shrinking2 where a sender at times is
forced to send no packets when receiving an ACK.

We consider the FAST TCP flow control procedure without
pacing and averaging RTT [2], which means that a bulk of
packets are sent to the link concurrently. Their ACKs will
be received one by one with time difference ∆t due to self-
clocking. If there are k flows, let ∆t = kPd/c.

Let Tr(i) be the i-th RTT, wr(i) the congestion window,
lar (i) the acknowledged sequence number (the lower limitation

1FAST TCP measures Rb when the first ACK is received, and update it
whenever ACKs are received. When the buffer is empty, Rb = d + Pd/c,
then B = d.

2The reason why the congestion window may shrink is due to FAST TCP
congestion window adjusting formula (1), as Fig. 2 shows.

of sliding window), lbr(i) = lar (i) + wr(i) the permitted
sequence number, and lmax

r the upper limitation of sliding
window (the sent maximum sequence number) in r-th SWC .

If the initial congestion window w1(1) is 1, the first SWC
ends as soon as the sender receives the ACK of the first packet.
Thus, M1 = 1, la1(1) = 0, lb1(1) = 1, lmax

1 = 1. The second
SWC begins when the first SWC ends then T2(1) = Rb. Also,

w2(1) = (1− γ)w1(1) + γ

(
Rb

B +∆t
w1(1) + α

)
,

la2(1) = 1, lb2(1) = w2(1) + 1, lmax
2 = lb2(1),

M2 = lmax
2 − lmax

1 = w2(1) + la2(1).

Next, FAST TCP places M2 packets into the link. As soon as
the sender receives one of these packets’ ACKs, the second
SWC ends and the third SWC begins. The RTTs of the third
SWC are determined by the ACKs of packets sent in the
second SWC, so we obtain T3(i) = B + i∆t where i is
between 1 and M2. When FAST TCP receives the first ACK
in the third SWC, it calculates the congestion window, that is

w3(1) = (1− γ)w2(1) + γ

(
Rb

B +∆t
w2(1) + α

)
,

la3(1) = la2(M1) + 1, lb3(1) = la3(1) + w3(1), l
max
3 = lb3(1).

Then FAST TCP sends lb3(1)− lmax
2 packets into link. When

FAST TCP receives the i-th ACK (i > 1) in the third SWC,
it calculates

w3(i) = (1− γ)w3(i− 1) + γ

(
Rb

B + i∆t
w3(i− 1) + α

)
= f(w3(i− 1)) = f(f(w3(i− 2))) = f(· · · (fM2−1(w3(1))))

recursive for M2 − 1 times, and

la3(i) = la3(i− 1) + 1, lb3(i) = la3(i) + w3(i).

Because the congestion window may shrink, lb3(i) may be less
than lmax

3 , so FAST TCP sends [0, lb3(i)− lmax
3 ]+ packets into

link and updates lmax
3 = max(lb3(i)). The iteration number in

the third SWC is determined by the number of packets sent
in the second SWC, namely M2. The packets sent in the third
SWC will be M3 = lmax

3 − lmax
2 .

The following SWCs after the third SWC follow the same
process as the third SWC. Therefore, when SWC r > 2 and
receiving the first ACK, we have

wr(1) = (1−γ)wr−1(Mr−2)+γ

(
Rb

B +∆t
wr−1(Mr−2) + α

)
,

lar (1) = lar−1(Mr−2) + 1, lbr(1) = la1(1) + wr(1).

Then from the second ACK (i > 1), we have

Tr(i) = B + i∆t, wr(i) = f(wr(i− 1)),

lar (i) = lar−1(i−1)+1, lbr(i) = lar (i)+wr(i), l
max
r = max(lbr(i)),

and the total number of packets sent in the r-th SWC is

Mr = lmax
r − lmax

r−1 . (3)

Recursively, we obtain the entire sequence M1,M2, · · · ,Mr.
Having the total number of packets in each SWC, we can,
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given the size of an object, obtain its number of SWCs.
Having the number of SWCs for each object we can obtain
the desired number of SWCs in a webpage by which its
latency can be obtained. Further, observe that HTTP latency is
affected by FAST TCP parameters and network settings such
as propagation delay, packet size, and link capacity.

IV. RESULTS

We consider a scenario of a network with three flows and
a bottleneck link where the parameters are: c = 10 [Mb/s],
Pd = 4000 [b], γ = 0.5, α = 8, d = 0.06 [s]. When the
flows are synchronized, the analytical results introduce nearly
a linear error. When the flows are not synchronized, the
error is less predictable. This is illustrated in Fig. 1, where
the three synchronized flows all start at time 0 [s] and the
unsynchronized start at times 0 [s], 4 [ms], 8 [ms].

Fig. 1. Analytical and simulation latency results.

The congestion window behavior of the unsynchronized
flows makes the three flows’ latency different. Furthermore,
the errors are partly due to discrepancy between the congestion
window of each SWC in the simulation and in the analysis
which implies different latency. This is illustrated in Fig. 2,
where we provide simulation and analytical results for a single
flow under the parameter set-up of scenario 1 in Table I.

Using this analytical latency model, we can obtain insight
into the effect of FAST TCP parameters and network parame-
ters on the latency by changing only one parameter at a time.
This is illustrated in the six scenarios as listed in Table I.
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Fig. 2. Analytical and simulation congestion window results.
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Fig. 3. Analytical latency results of the six scenarios.

In Fig. 3, we present the analytical results obtained of these
six scenarios.

TABLE I
THE SCENARIOS LIST

Scenario c [Mb/s] Pd [b] γ α d [s]

1 10 8000 0.5 10 0.04
2 100 8000 0.5 10 0.04
3 10 8000 0.5 6 0.04
4 10 8000 0.5 10 0.06
5 10 4000 0.5 10 0.04
6 10 8000 0.6 10 0.04

From these results, we observe that larger link capacity,
larger γ, larger α, smaller d decrease the FAST TCP/HTTP
latency. As expected, for transmitting a given number of
packets, the latency is shorter when packet size is smaller.

V. CONCLUSIONS

We have analyzed the dynamics of FAST TCP congestion
window for HTTP transactions and have developed an ana-
lytical model that approximates the FAST TCP/HTTP latency.
Our analysis provides insight into the way network parameters
and FAST TCP protocol settings affect FAST TCP/HTTP
latency which in turn affects users’ web browsing experience.
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