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Abstract—Various studies have shown that regular TCP is
inefficient in high-speed networks. This paper proposes F-TCP,
a delay-based TCP variant, which is able to operate efficiently in
high-speed networks. The slowstart phase of F-TCP continues until
a threshold determined from probing the available bandwidth.
When competing with loss-based flows F-TCP reduces it’s window
to a value derived from the available bandwidth. More specifically,
an adaptive bandwidth share estimation with a delay-sensitive
instability measure is employed to guide window backoff when
congestion is detected by F-TCP. Using ns-2 simulations we show
that F-TCP has good throughput efficiency, intra-protocol fairness
and TCP friendliness properties. Our results also illustrate fair co-
existence between a delay-based protocol (F-TCP) and a loss-based
protocol (regular TCP) thus F-TCP maintains it’s fair share of the
link. In addition we show that F-TCP avoids self-induced packet
losses by using delay as the congestion signal hence zero packet loss
is experienced in all the simulations where all the flows are F-TCP.
In simulations with regular TCP, packet losses are inevitable since
it is loss-based. We therefore conclude that when treated carefully,
delay (or RTT) can indeed be a useful congestion signal indicator.
Bandwidth estimation is a good indication of available bandwidth
for delay-based flows if made aware of the early congestion back
off experienced by these flows.

Index Terms—High-speed networks; TCP congestion control;
delay-based protocol; bandwidth estimation;

I. INTRODUCTION

Transmission Control Protocol (TCP) has been the most
commonly used transport protocol in the Internet since its
design days in the 80’s. Using TCP, an end-to-end network
connection determines how much traffic (the congestion window
or cwnd) to put on the network with in a certain period (round
trip time or RTT ). Given the same RTT , connections that
have a larger cwnd achieve a higher throughput compared to
connections with a smaller cwnd. TCP interprets receipt of
acknowledgements (ACKs) to indicate that there is more band-
width on the network and therefore the connection can increase
it’s cwnd. In addition TCP may infer network congestion when
packet losses occur or when the RTT increases much more than
the round trip propagation delay.

Some of the assumptions made during TCP design about the
network conditions have, however, changed drastically over the
years and are no longer valid. In particular, the high-speed long

distance nature of today’s networks poses various challenges to
traditional TCP, most importantly being it’s slow convergence
which leads to link under utilisation. Various high-speed TCP
protocols have been proposed to address these challenges. We
classify these protocols into three broad categories namely, loss-
based, delay-based and loss-delay-based.

Loss-based protocols are those protocols which use only
packet loss to infer network congestions. Some of the proposed
high-speed protocols in this category include HSTCP [1], STCP
[2], H-TCP [3], BI-TCP [4], CUBIC-TCP[5], TCPW [6] and
HTCP-BE [7]. Due to increased aggressiveness these high-speed
loss-based protocols increase link utilisation. Packet losses,
however, also increase leading to more packet re-transmissions,
and therefore inefficient usage of link bandwidth.

Loss-delay-based protocols are those protocols which com-
bine both packet loss and delay information to infer congestion.
TCP-Illinois [8] and CTCP [9] are two recently proposed loss-
delay-based protocols. The evaluation of these two protocols in
[10] shows some weaknesses in their behaviour. Particularly, it
is shown that both bursty and long-lived traffic adversely affect
their performance. In addition [10] shows that both TCP-Illinois
and CTCP have poor convergence and RTT fairness properties
similar to that of TCP NewReno i.e. under common network
settings these protocols have low link utilisation just like TCP
NewReno. The self-induced packet loss characteristic observed
in loss-based protocols also exist in loss-delay-based protocols.
Self-induced packet losses are undesirable because they increase
inefficient use of network bandwidth as the lost packets need
retransmission. The solution to this problem is to use purely
delay-based congestion detection.

Delay-based protocols such as PERT[11] and m-PERT [12]
on the other hand are those protocols which use only delay
or RTT information to infer network congestion. When these
protocols operate in a homogeneous environment no packet loss
is experienced since they decrease cwnd long before packet loss
happens. They, however, have a co-existence challenge when
operating in a heterogeneous environment with loss-based flows.
Since they back-off much earlier, they can end up with a much
lower throughput than their fair share. In Section II we discuss
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delay-based protocols in a more detailed manner.
Our contribution in this paper is the design of a delay-based

protocol, called F-TCP that: 1) is able to co-exist fairly with
loss-based protocols through the use of bandwidth estimation,
and 2) operates efficiently in high-speed networks. In addition
we improve a bandwidth estimation technique referred to as
ABSE to accurately estimate available bandwidth for delay-
based protocols and we show some limitations of m-PERT at
high-speed links.

The paper is organised as follows: in Section II, we discuss
the related work. In Section III, we describe the F-TCP algo-
rithm and in Section IV, we present its performance evaluation.
Finally, in Section V, we summarise the conclusions and present
future work.

II. RELATED WORK

This section discusses related work in terms of delay-based
TCP protocols, Active Queue Management (AQM) schemes
and Bandwidth estimation techniques. Our discussion of delay-
based TCPs is because the proposed F-TCP is a delay-based
protocol. AQM is introduced and a specific AQM called F-RED
is discussed in more detail since the design of F-TCP borrows
some ideas from F-RED in order to achieve fair co-existence
between F-TCP and regular TCP. Bandwidth estimation and
particularly Adaptive Bandwidth Share Estimation (ABSE) is
also highlighted because it provides information necessary to
emulate the behaviour of F-RED at the end-system level (as
required by F-TCP which operates end-to-end).

A. Delay-based TCPs

Delay-based protocols particularly TCP Vegas [13], [14] can
be traced back even before the era of high-speed networking.
They use variation in RTT to detect network congestion and
adjust the cwnd appropriately. FAST TCP [15] is a high-speed
variant of TCP Vegas in which absence of congestion implies
much faster cwnd increase. While these studies have discussed
the issue of end-host delay-based congestion detection, some
other studies have raised doubts about the accuracy and ef-
fectiveness of delay information [16], [17], [18]. However, a
recent study [11] shows that delay information is in fact more
accurate than previously believed. Using this observation [11]
then proposes Probabilistic Early Response TCP (PERT), which
is a delay-based protocol that emulates the behaviour of RED
in the congestion response function. PERT is shown to have
the following advantages: i) it efficiently maintains low queue
lengths; ii) it has almost zero packet loss; and iii) a high degree
of fairness in a homogeneous environment. PERT, however, is
unable to co-exist with loss-based protocols as it responds to
congestion much earlier causing the loss-based protocol flows
to have an unfair share of the available bandwidth.

A modified version of PERT (henceforth referred to as m-
PERT) that improves the co-existence situation is proposed in
[12]. However, [19] shows that m-PERT still does not achieve
fair co-existence between the m-PERT (delay-based) and regular

TCP (loss-based) flows and also increases overall loss rates.
Since both PERT [11] and m-PERT [12] emulate RED, it is
useful to re-examine the characteristics of RED and the broader
area of Active Queue Management (AQM) in an effort to
improve fair co-existence.

B. AQM and F-RED

With AQM, an Internet router is enabled to drop or mark
packets before it’s queue is full. This is unlike the most popular
and historical First In First Out (FIFO) queue management
(with droptail queues) which only detects when the queue is
full and drops all the incoming packets at that point until the
queue clears. RED [20] is one of the most well-known AQMs
which probabilistically distributes packet drops to a small subset
of connections sharing the router as the queue builds up. In
RED all the flows in this subset experience the same loss rate
regardless of their bandwidth, therefore unfairness may exist in
some cases [21].

1) The F-RED algorithm: F-RED [21] is a variation of RED,
which in addition to all the benefits of RED also determines a
flow’s loss rate in relation to how many packets it has in the
queue. F-RED differentiates flows by how many packets they
have in the queue versus an average fair packet number that each
flow should have. F-RED then ensures that flows with more
packets in the queue experience a higher loss rate than flows
with fewer packets. In so doing F-RED achieves a higher degree
of fairness compared to RED. Just like RED, F-RED adopts the
parameters Qavg, Qminthresh, Qmaxthresh and pmax, which
it uses to calculate the probability with which to drop an arriving
packet.

F-RED additionally introduces five more parameters, namely:

• minq, a global constant indicating the minimum number
of packets each active flow is allowed to buffer.

• maxq, a global variable indicating the maximum number
of packets each active flow is allowed to buffer.

• avgcq, a global variable estimating the average number of
packets each active flow should have in the buffer.

• qlen, a per-flow variable indicating a flow’s count of it’s
buffered packets.

• strike, a per-flow variable indicating the number of times
the flow has failed to respond to congestion notification.

With these parameters, F-RED is able to differentiate three types
of traffic (non-adaptive, adaptive-robust and adaptive-fragile)
and deals with them accordingly to ensure that fairness is
attained.

2) End-host emulation of the F-RED algorithm: To emulate
an AQM at the end-host it is important to note that the end-host
knows much less about the network compared to the routers in
which AQMs are implemented. In PERT, the end-host emulation
of RED parameters Qavg, Qminthresh and Qmaxthresh are
estimated using queuing delay. This is because the end-host has
knowledge of flow queuing delay but not the buffer queue size.
To emulate F-RED, we first simplify the algorithm described in
[21] to only require knowledge of avgcq and qlen in addition
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to the RED parameters. This simplified version is not able to
isolate non-adaptive flows since strike is not defined. However,
since the simplification is for the purpose of emulating the F-
RED algorithm at the end-host (with in TCP) this is not an issue
since non-adaptive flows are UDP i.e. non TCP. At flow level
avgcq indicates each flow’s fair share, while qlen shows each
flow’s current contribution to the queue.

Assuming that bandwidth estimation techniques can be used
to get an accurate estimate of the flow’s available bandwidth, we
conjecture that this estimate can be used to emulate avgcq. The
flow’s congestion window, cwnd can then be used to emulate
qlen. If our assumption about bandwidth estimation is right
then emulating F-RED instead of RED addresses the challenge
of fair co-existence raised in [19]. Next we review bandwith
share estimation in order to establish its reliability in indicating
a flow’s fair share.

C. Adaptive Bandwidth Share Estimation (ABSE)

While various bandwidth estimation techniques [6], [22],
[23] have been proposed, we explore ABSE [23]. ABSE is
attractive because it adapts to changing network congestion
levels, flow RTTs and to the rate of change of network con-
ditions. It therefore results in a more accurate estimation of the
connection’s bandwidth share, when used for loss-based TCP
(specifically TCPW [23], [24]). When using ABSE for delay-
based TCP, however, we discovered that ABSE under-estimates
the available bandwidth. We therefore modify it, inorder to use
it in F-TCP (as discussed in Section III-A).

The advantages of delay-based protocols (particularly PERT)
highlighted in Section II-A are attractive. The challenge of
fair co-existence between delay-based and loss-based protocols,
however, needs to be addressed before delay-based protocols
can be deployed on the Internet, where loss-based protocols
dominate. F-RED has potential to address this challenge and
ABSE can be used to provide information for the emulation of
F-RED in the end-system. The F-TCP protocol described in the
next section is designed with these points in mind.

III. F-TCP DESCRIPTION

F-TCP is designed as a delay-based protocol with two ob-
jectives: firstly fair sharing of the available bandwidth between
itself (a delay-based TCP) and loss-based TCPs and secondly
efficient use of the bandwidth especially when operating in
high-speed networks. F-TCP uses bandwidth estimation to set
the appropriate cwnd when competing with loss-based TCP. A
modified ABSE technique was used in probing the available
bandwidth in F-TCP. In this section we start by explaining how
the ABSE network instability measure was modified in order for
ABSE to estimate an accurate bandwidth share for delay-based
F-TCP and then we describe the F-TCP algorithm in details.

A. Delay Sensitive Network Instability Measure

In ABSE [23], [24], the instantenous network instability (Uk)
is measured with a constant EWMA filter, as illustrated in

Equation 1.

Uk = βUk−1 + (1 − β)|sk − sk−1| (1)

where sk is the current bandwidth sample, sk−1 is the previous
bandwidth sample and the weight (β) was set to 0.6 in [23],
[25]. After a TCP connection’s cwnd decreases due to con-
gestion (detected by either a packet loss or increased delay),
the factor |sk − sk−1| is much larger than it’s previous or next
values, causing Uk to increase. This is then interpreted as a
persistent change resulting in a decrease of the agility filter (τk)
and consequently leading to the available bandwidth estimate
adapting very quickly to the latest (reduced) bandwidth samples.
It is desirable for the bandwidth estimation to adapt quickly to
reduced bandwidth samples after a packet loss event to quickly
relieve congestion and avoid further packet losses. However if
congestion was detected due to increased delay then adapting
quickly to the reduced bandwidth may lead to the delay-based
flow receiving a lower than fair bandwidth share especially
when it co-exists with loss-based flows.

We therefore differentiate the network instability caused by
response to packet loss from that due to increased delay thus
calling it a delay-sensitive network instability measure. If the
delay-based flow responds to increased delay then β in Equation
1 is assigned a value of 0.8 so as to place more importance on
the previous instability measure. If, however, it experiences a
packet loss then β = 0.6 as in the original ABSE algorithm.
We refer to the agility filter calculated from the delay-sensitive
network instability measure as the delay-sensitive adaptive
agility filter τ ′

k.
Figure 1 shows the bandwidth estimated by applying a small

constant τ , a large constant τ , the ABSE adaptive τk and
the delay-sensitive adaptive τ ′

k. The sampling interval in this
experiment is fixed to the inter-arrival time of the last two
ACKs. The bottleneck link is set to a bandwidth of 100 Mbps
with a one-way delay of 35 ms using a droptail queue whose
buffer is set to the bandwidth delay product. The F-TCP flow
shares the link with an on-off non-adaptive UDP flow whose
data rate is time-varying in such a way that the available
bandwidth to the F-TCP is as shown in the curve labelled BW
of Figure 1. The results show that in all the four cases of
τ , the estimator (labelled BE) tracks the available bandwidth
quite well although when full bandwidth is available, all the
cases estimate a slightly lower value. It is noted that in case (a)
with small τ , the amplitude of oscillation is high and when the
available bandwidth decreases, BE under-estimates it. In case
of (b) with large τ , the oscillation is eliminated due to stronger
filtering but the response to the available bandwidth is slow.
In addition when the available bandwidth decreases, BE under-
estimates it, just as in (a) above. In case (c) with adaptive τk,
the estimator has fast response to available bandwidth with less
oscillation but just like (a) and (b) when the available bandwidth
decreases, BE under-estimates it. In case (d) with delay-sensitive
adaptive τ ′

k, the estimator has a quite fast response to available
bandwidth with low oscillation and unlike (a), (b) and (c) when
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Fig. 1. Bandwidth estimation with different τ

the available bandwidth decreases, BE tracks it well. Case (d)
therefore most accurately estimates the available bandwidth
when there is competition in the link and we therefore use it in
delay-based F-TCP. Next we describe the F-TCP algorithm.

B. The F-TCP Algorithm

The proposed F-TCP protocol is characterised with a delay-
based congestion response in a probabilistic manner as initially
proposed by the PERT algorithm [11], which we modify slightly
to emulate a simplified F-RED algorithm. That is, if the ob-
served queuing delay is high, the path is presumed congested.
However delay measurements may be noisy, and to mitigate this,
a probabilistic response is used. The probabilistic response sets
a smaller probability of response when the perceived queuing
delay is small, which increases as the queuing delay increases.

Figure 2(a) shows the response probability, p against
the queuing delay. Similar to gentle RED, three thresholds
are defined, Tmin (emulates Qminthresh), Tmax (emulates
Qmaxthresh) and 2Tmax (emulates 2Qmaxthresh). In addi-
tion, the maximum response probability pmax used by RED is
also defined. These parameters have been previously discussed
in Section II-B1. When the queuing delay ≤ Tmin, p = 0. As
the queuing delay increases beyond Tmin, p increases linearly
until pmax at Tmax. For Tmax < queuing delay < 2Tmax,
p increases linearly between pmax and 1. For queuing delay
> 2Tmax, p stays constant at 1. For parameters Tmin, Tmax
and pmax, we use 5 ms, 10 ms and 0.05 respectively as
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(b) simplified F-RED emulation

Fig. 2. Backoff probability function

was used in [12]. To emulate the simplified F-RED algorithm,
Figure 2(b) also shows the response probability, p against cwnd.
Similar to F-RED two dynamic thresholds are defined, namely,
BE cwnd (emulates avgcq) and max cwnd (emulates maxq).
For cwnd ≤ BE cwnd, p = 0 and when cwnd increases
beyond BE cwnd, then p increase is defined by the queuing
delay, in such a way that cwnd = max cwnd when p = 1.

The slow-start threshold (ssthresh) is limited by the avail-
able bandwidth (BEcurrent) and cwnd increases exponentially
until it reaches ssthresh. Beyond ssthresh if no congestion
is detected, cwnd increases linearly just like in regular TCP.
When congestion is detected (either based on increasing delay
probabilistically or by 3dupacks), cwnd is decreased to a
value derived from the bandwidth estimate, BEcurrent. When
congestion is detected by a timeout of an unacknowledged
packet, cwnd is reset to 1 and ssthresh is set proportional to
BEcurrent. The F-TCP protocol is summarised in Algorithm 1.

IV. PERFORMANCE EVALUATION

In this section, we discuss the simulation setup and perfor-
mance evaluation of F-TCP. The evaluation is conducted by
testing F-TCP performance while examining some of the well
known transport protocol metrics such as throughput efficiency,
responsiveness, protocol fairness, TCP friendliness, stability and
RTT fairness.

A. Simulation setup

The ns-2 simulator [26] is used to evaluate the performance
of F-TCP using the dumbbell network topology illustrated in
Figure 3, where

• S1 - Sn are 1 to n senders of flows of F-TCP or other
protocols (e.g. regular TCP, UDP or another high-speed
TCP)
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Algorithm 1 The F-TCP algorithm

Initialise cwnd = 1, ssthresh = BDP , dupacks = 0 {BDP
is the bandwidth delay product}
On receipt of each ACK:
Estimate the current queuing delay, δcurrent

Compute the available bandwidth estimate, BEcurrent

{Using ABSE with a delay-sensitive instability measure}
previousBE cwnd = BE cwnd
BE cwnd = BEcurrent ∗ minRTT
if BE cwnd < previousBE cwnd then

ssthresh = previousBE cwnd
end if
if cwnd < BE cwnd then

p = 0 {As in Fig. 2, p Vs cwnd}
else

p = f(δcurrent) {Just as in Fig. 2}
end if
if ACK is a duplicate then

Increment dupacks by 1
end if
if cwnd < ssthresh then

cwnd+ = 1 {Increase exponentially since this is slow-
start}

else
Pick a random number rand, uniformly from 0 to 1
if rand < p ∧ only once per RTT then

cwnd = BE cwnd
else

increment cwnd by α/cwnd
(α = 1)

end if
end if
if dupacks > 3 then

cwnd = BE cwnd
ssthresh = BE cwnd
dupacks = 0

end if
if TIMEOUT then

cwnd = 1
ssthresh = BE cwnd

end if

• D1 - Dn are the corresponding destinations of flows of F-
TCP or other protocols (e.g. regular TCP, UDP or another
high-speed TCP)

• R1 and R2 are routers such that R1–R2, the bottleneck link
has bandwidth B Mbps which is either 100 Mbps or 1000
Mbps and the one way link delay, Y ms is either 5 ms or
50 ms.

• All the other links i.e. S1–R1, R2–D1, Sn–R1 and R2–Dn,
have bandwidth of A Mbps and one-way delays of X ms.

For most simulations (Sections IV-B - IV-E) the bottleneck
link (R1–R2) B = 100 Mbps, Y = 50 ms, A = 100 Mbps

Fig. 3. Dumbell Topology

and X = 10 ms. For these simulations minRTT is 140 ms.
For the simulations in Section IV-F, B is either 100 Mbps or
1000 Mbps, A = B, Y is 5 ms and X is uniformly distributed
between 5 and 30 ms resulting in minRTT between 30 and
130 ms. The droptail queue is used in all the simulations and
the queue buffer size is set to 1XBDP where BDP is the
bandwidth delay product.

B. Throughput Efficiency and Responsiveness

To test the throughput efficiency and responsiveness of F-TCP
a single flow is simulated, while monitoring its throughput and
RTT throughout the simulation. For comparison purpose, the
simulation is repeated for regular TCP (TCP NewReno).
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Fig. 4. Throughput and RTT for a Single Flow: (a) F-TCP (b) Regular TCP

Figure 4(a) shows that the F-TCP flow very quickly grabs and
maintains the full bandwidth, while still keeping its RTT at the
minimum of 140 ms. F-TCP is fast in reaching full bandwidth
because it stays in the slow-start phase (in which the cwnd
increases very fast) until the bandwidth estimate terminates
it. F-TCP maintains full bandwidth while keeping low RTT
because it keeps track of its queuing delay to limit cwnd to
the data rate. The regular TCP flow (Figure 4(b)) on the other
hand, slowly reaches the available bandwidth (after 200 s). It
is also shown that the TCP flow’s RTT continues to increase
implying that TCP continues to fill the queue much faster than
it is being emptied even after full bandwidth is achieved. This
leads to a self-induced loss at ∼ 470 s which drives the flow’s

38



bandwidth momentarily below the link bandwidth. From this
result we conclude that F-TCP is more efficient and responsive
than regular TCP.

C. Protocol Fairness

To test the intra-protocol fairness properties of F-TCP, 20
F-TCP flows are made to share the bottleneck link.

 0

 2

 4

 6

 8

 10

 0  100  200  300  400  500  600

Th
ro

ug
hp

ut
 (m

bp
s)

time (s)

tput1
tput2
tput3
tput4
tput5

tput6
tput7
tput8
tput9

tput10

tput11
tput12
tput13
tput14
tput15

tput16
tput17
tput18
tput19
tput20

Fig. 5. Throughput of Multiple (20) Flows

Figure 5 shows the throughput of each of the 20 flows for the
entire simulation. It can be seen that the 20 flows equally share
the bottleneck capacity. Therefore F-TCP is fair (comparable to
regular TCP, which is also known to be fair).

D. TCP Friendliness

To evaluate TCP friendliness a simulation where an F-TCP
flow shares the bottleneck with a regular TCP flow is set
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Fig. 6. Throughput for 1 F-TCP & 1 Regular TCP

Simulation results in Figure 6 show the throughput of both
flows. It can be seen that F-TCP quickly grabs the available
bandwidth, which it reduces gradually as TCP increases. TCP
is characterised with increasing its throughput until the queue is
full and packet loss is experienced. In this simulation two packet
loss events are seen at ∼ 305 s and ∼ 480 s. Both TCP and
F-TCP experience packet loss since the queue is full, however,
immediately after the packet loss event, F-TCP recovers quickly
as it grabs the available bandwidth while TCP returns to its
conservative increase. From this result we conclude that F-
TCP has both good TCP friendliness and throughput efficiency
properties.

E. Interaction with UDP traffic

UDP traffic is known to use as much bandwidth as its sending
rate and is non-responsive to congestion. To compare UDP
interaction with F-TCP versus UDP interaction with TCP, we
simulate a UDP flow of data rate set to 95 Mbps sharing the
(100 Mbps) link with either an F-TCP or TCP flow.
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Fig. 7. Throughput of a heavy UDP flow with: (a) F-TCP and (b) Regular
TCP

The simulations results in Figure 7 show that F-TCP utilises
the bandwidth left over by the UDP traffic more efficiently than
TCP. This is because the F-TCP flow settles at the available
bandwidth, while the TCP throughput keeps increasing to values
greater than the available bandwidth causing congestion for
itself as well as the UDP flow.

F. Co-existence with loss-based flows in comparison with m-
PERT

To evaluate the co-existence properties of F-TCP with loss-
based regular TCP, a simulation in which 20 flows of F-TCP
together with 10 flows of regular TCP sharing the bottleneck is
run. For comparison purpose the same simulation is repeated,
where m-PERT flows replace the F-TCP flows.

Figure 8 shows 20 flows of F-TCP competing with 10 flows
of regular TCP while Figure 9 shows 20 flows of m-PERT
competing with 10 flows of regular TCP. This experiment is
done for both a 100 Mbps and 1 Gbps bottleneck link. The
results show that F-TCP provides fairer co-existence than m-
PERT for both low-speed and high-speed links.

The behaviour of m-PERT in the high-speed bottleneck is
surprising as the m-PERT flows get a very low throughput. We
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Fig. 8. Throughput of 20 F-TCP & 10 Regular TCP; (a) 100 Mbps bottleneck
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further investigate this behaviour by setting a simulation of one
m-PERT flow of RTT either 70 ms or 110 ms on a link of either
100 Mbps or 1 Gbps. Figure 10 shows that m-PERT performs
well at low bandwidth for both low and high RTTs, however, at
high bandwidth, m-PERT performance suffers for high RTTs.
The parameters Tmin and Tmax, previously discussed in
Section III have to be adjusted upwards to 20ms and 40ms
respectively for m-PERT to be efficient for high RTT flows on
a high-speed link. It is unknown how these parameter changes
would affect performance under other network settings. We note
that m-PERT was reported to work well in high-speed networks
[12], the simulation done to reach this conclusion was of a
single m-PERT flow of RTT = 70 ms. We see similar result in
Figure 10(b) for the 70 ms curve. However when the RTT of
the m-PERT flow is increased to 110 ms the m-PERT flow is
unable to sustain the full bandwidth, unless Tmin and Tmax
are adjusted. This limitation of m-PERT in high-speed networks
is also seen when there are multiple m-PERT flows of different
RTTs sharing a high-speed link with TCP flows (Figure 9(a)).
F-TCP flows of high RTT do not suffer on high-speed links
because F-TCP adjusts the cwnd (and therefore the throughput)
to a value derived from the available bandwidth.

To summarise this section, the queue length (in packets)
and the packet loss fraction (packets lost/ packets sent) of the
bottleneck link in each of the experiments presented previously
is given in Table I

From the table it can be seen that simulations involving only
F-TCP flows or F-TCP and UDP have a low average queue and
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zero packet loss. While those with regular TCP, have a higher
average queue size and average packet loss. F-TCP inherits low
queue and zero packet loss properties from the PERT [11], [12]
algorithm by design.

V. CONCLUSION AND FUTURE WORK

So far, we have analysed F-TCP, which uses delay as a
congestion signal, whose slowstart phase continues until a
threshold determined from probing the available bandwidth and
which reduces its cwnd when competing with loss-based flows
to a value suggested by the available bandwidth. F-TCP shows
good throughput efficiency, intra-protocol fairness and TCP
friendliness properties. It avoids self-induced packet losses by

40



Experiment AvgQueue
(pkts)

AvgPktLoss

1 F-TCP 0.6 0
1 TCP 327.4 4.5 ∗ 10−8

20 F-TCP 45.5 0
1 F-TCP & 1 TCP 674.5 7.5 ∗ 10−7

1 F-TCP & 1 UDP 39.9 0
1 TCP & 1 UDP 562.8 1.2 ∗ 10−3

20 m-PERT & 10
TCP (100 Mbps link)

1267.9 1.9 ∗ 10−3

20 F-TCP & 10 TCP
(100 Mbps link)

1392.6 8.2 ∗ 10−4

20 m-PERT & 10
TCP (1 Gbps link)

10114.6 1.4 ∗ 10−6

20 F-TCP & 10 TCP
(1 Gbps link)

12733.1 1.4 ∗ 10−5

TABLE I
BOTTLENECK AVERAGE QUEUE SIZE AND PACKET LOSS RATE OF THE

DIFFERENT EXPERIMENTS

using delay as the congestion signal hence zero packet loss is
experienced in all the simulations where all the flows are F-TCP.
In simulations with regular TCP, packet losses are inevitable
since it is loss-based. We ensure fair co-existence between F-
TCP (a delay-based protocol) and regular TCP (a loss-based
protocol) by employing adaptive bandwidth share estimation
with a delay-sensitive instability measure to guide backoff when
congestion is experienced.

Delay (RTT) is indeed a useful congestion signal indicator
when treated carefully. Bandwidth estimation is a good indica-
tion of available bandwidth for delay-based flows if it is made
aware of the early congestion back off experienced by these
flows. The following areas need further investigation.

1) F-TCP’s dynamics in terms of stability as well as its
equilibrium properties need to be examined. Fluid models
can be used for this study as was done for some high-
speed TCP variants in [27]. These fluid models will be
used to provide insight about boundary conditions of F-
TCP.

2) Comparing F-TCP performance with other high-speed
TCP protocols such as CUBIC, TCP-Illinois and C-TCP.

3) F-TCP’s behaviour when there are multiple bottlenecks
also needs to be studied.
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