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Abstract— Highspeed TCP (HSTCP) has been proposed to
make better use of large congestion window flows. Due to the
nature of HSTCPs congestion avoidance increase rate, mathe-
matical apalysis of HSTCP fairness is rarely found in literature.
We develop analytic models for HSTCP congestion avoidance.
Based on the work for standard TCP fairness analysis in [1], we
construct a model to predict throughput share of two long lived
HSTCP flows sharing an Adaptive RED buffer, with increasingly
disproportionate RTTs. We show that HSTCP inherits standard
TCPs problem of fairness of flows with different RTT, even in
the ideal case of non-synchronised loss. We also show that in
the presence of some degree of loss synchronisation, HSTCPs
fairness can degrade rapidly as the ratio of RTT increases.
However, we also show that, as the shared buffer’s bandwidth
increases, Adaptive RED is better capable of preventing loss
synchronisation.

Index Terms—Modeling, Transport protocols.

I. INTRODUCTION

With increasing bandwidth of networks, increased distri-
bution and volume of information in the Internet comes the
need to scale the Internet’s main transport protocol, TCP. To
reach this goal. researchers have proposed several protocols
aimed a1 high bandwidth and high congestion window trans-
fers. Such example protocols include, Highspeed TCP, FAST
TCP and Scalabte TCP [2], [3], [4]. Each of these protocols
shows promise when it comes to making better use of high
bandwidih-delay links. Highspeed TCP (HSTCP) [2] deserves
special attention as it is engineered to behave along a similar
respense function as standard TCP, but scaled up to meet the
demands of higher window size at higher path loss probability.

A problem for standard TCP that still remains unresolved
in today’s infrastructure, whether it be Droptail or Active
Queue Management (AQM) buffers, is that TCP has a bias
towards connections with shorter RTT. [5] This stems from
the rate of increase in slow start and congestion avoidance.
This rate is directly related to RTT, such that the shorter
the RTT, the higher the increase rate, and hence the more
bandwidth obtained, when operating in an environment with
connections of longer RTT. It begs to ask, therefore, whether
a high bandwidth protocol such as HSTCP, is able to improve
upon the fairness between flows of different RTT that standard

. TCP exhibits, whether it has similar fairness properties to
standard TCP. or whether it makes the problem more severe.

For standard TCP, models exist that specifically identify the
features of competing flows with different RTT, over several
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types of shared queue/path. For the case of a simple Droptail
queueing mechanism, [5] provides a result that assumes that
losses are synchronised. Furthering this work, [1] suggests that
AQM schemes such as RED are able to alleviate the problem
of synchronised loss, and presents a model that assumes no
synchronisation.

Although there exists many analytical models for standard
TCP congestion analysis [5], [6], [7] , mathematical analysis
of HSTCP RTT fairness is rarely available due to the nonlinear
behavour of HSTCPs congestion avoidance increase rate.

In this paper, we extend the work in [1] to analyse the RTT
fairness of HSTCP. We also analyse fairness in an environment
where the shared path is governed by an Adaptive RED queue-
ing mechanism. [8] We provide new models for the increase
rate of HSTCP congestion avoidance. We relax the constraint
of tight control over the RED queue length, such that we
can model large scale scenarios with realistic queue lengths.
We also relax the constraint of strict non-synchronisation, by
introducing a control over the extent of loss synchronisation
between flows. We then proceed to show that in an ideal case
of non synchronised losses, HSTCP is able to gain improved
throughput over standard TCP while displaying equal RTT
unfairness as standard TCP. However, we show that with
moderate levels of loss synchronisation the relative throughput
of two connections of different RTT diverge quite quickly.
Though we also show, through simulation, that Adaptive RED
queues can manage to lower the likelyhood of synchronised
losses at much larger windows, it remains a concern that in
environments without AQM capability, RTT fairness problems
will be amplified.

In the next section, we develop our models for HSTCP
congeslion avoidance. In section 3, we introduce our HSTCP
extensions to the work from [1]. Section 4 provides numerical
results and comparison with standard TCP results, while in
Section 5 we present simulation results to validate cur model’s
results. Section 6 follows with a conclusion of our work.

I1. MODELLING HSTCP CONGESTION AVOIDANCE

Highspeed TCP has been proposed to allow TCP to
make better use of high bandwidth-delay-product paths. This
is achieved by modifying the response curve to cater for
higher window sizes at realistic line loss rates. HSTCP de-
fines three parameters, Low Window, High Window and
High_P, while Low_P is obtained from standard TCP’s



curve at Low_Window. Given HSTCP’s suggested values
of Low Window = 38, High.Window = 83000 and
High P = 1077, the following response function is ob-
tained [2]:

W = 0.12/p"83 (0

HSTCP then proceeds to formulate equations for the AIMD
parameters a(w) and d{w). For standard TCP a{w) = 1 and

b(w) = 0.5 regardless of window size w. HSTCP proposes to
change both of these parameters, resulting in'

In(w) — In(W)

bw) = (H-D-05) m +0.5 (2)
a(w) = w?xp(w)*2xb(w)/(2 - b(w)) 3)
p(w) = 0.078/w"? @)

where H_D = High_Decrease = b{High Window) = 0.1,
W = Lowwindow and W, = HighWindow.

In [1], the authors introduce a fluid model for standard
TCP congestion avoidance which models a congestion window
increase rate of 1 packet per RTT. This is not suitable for
HSTCPs increase rate of a(w). In creating a model for HSTCP
congestion avoidance, we require a function to predict the
window size w after a given number of RTT n = t/RT'T. For
this goal, we utilize a similar fluid model of window evolution,
such that;

dW(t) _ aw(s) dack _ o(W(1))

W) a(W()
dt dack ~ at W@

RTT~ RIT
5)

This forms a differential equation for which we wish to solve

for w(n); . .
[ e = [ e

However, in its evaluated form, the reciprocal of a{w) integrate
into a function that cannot be inverted to find w{n). Therefore,
we formulated an expression am(w) of similar structure
to a{w) with parameters {c1,¢2,¢3, c4,¢5, ¢6}, that had an
elementary integral which could be inveried to find win).
In order to find the best approximation, we constructed the
following minimax problem

{cl — c2ln(w}) (c3 — cdln(w))

(6

am(w) = 0.156w P (7
fanﬁdw = —ax{n(b—In{w)}
+e x In(d — in(w)) (&)
orr I — a(w) — am{w)
e = min s (2500 v o

To ensure that we could invert the result to obtain w{n}, we
added a constraint to the minimisation problem such that the
ratio of ¢ : a is a simple fraction. This leaves an equation to

INote that the specification uses log base 10 in b{w). The ratio of two log
base 10 values in b(w), permits our equivalent use of natural log (In), as it
simplifies analysis in resultant models.
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TABLE [
COMPARISON OF W{N} TO VALUES PUBLISHED IN RFC3649.

RIT —n  RK3680  winl | RIT =n REC3640  w(n)
100 131 134 1100 21455 22768
200 415 472 1200 25893 27613
300 1131 1117 1300 30701 32856
400 2160 2143 1400 35856 384359
500 3601 3609 1500 41336 44382
600 5477 5553 1600 47115 50585
700 7799 7998 1700 53170 57028
800 10567 10953 - 1800 39477 63670
900 13774 14411 1900 66013 70473

1000 17409 18358 2000 72754 71400

solve a low order polynomial fraction on In(w). The resulis

are.
1
! —_—
C /am(w}dw
= —1985n (12.68 — In(w))

+3970in (25.51 — In(w)) (10)
win) = (25:51-26.45( £ (n) =/ FIm)(—0.97 7 (m))) an
f(n) 60.000504n

To complete the model we combine these results with standard
TCP’s congestion avoidance increase of 1 per RTT for w < 38.
The final results become

nw) = { n'{w) — n'(38) + 38 otherwise 12)
n n < 38
win) = { w'(n —38) otherwise U3

Table I, which shows a comparison of our model to values
published in 2], reveals that our model follows the published
values, for the target window range of HSTCP, within a 10%
relative error. However, since in practice the number of RTTs
between congestion events is rarely more than 400 (see table
3 in [2]), the errors in our model are normally much less.

IT11. MODELLING HSTCP RTT FAIRNESS

In [1], the authors present a mathematical model to analyse
the RTT fairness of two standard TCP flows using a semi-
Markov process with cost functions, assuming that losses are
not synchronised between flows. The authors propose that two
TCP sources 1 and 2 share a path of bandwidth z, each with
RTT of T7 and T respectively. Once the sum of the sources’
bandwidths reach p, a loss occurs for one connection only,
and proceed to create a probability transition matrix from
window size ¢ to j. Some important assumptions are made
of the system;

1} RTT of each connection is static

2) The probability of a loss for one of the connections is

proportional to its bandwidth share

3} Queueing delay is short enough to be ignored, such as

using a RED router to keep average delay small

4) Each loss indication is contrained to one connection at

a time (whether a single packet loss is assumed is not
stated).



We follow the process of [1] for our analysis of HSTCP, using
the models built in the previous section. However, we state that
some of the above assumptions do not hold for use in large
window size TCP transfers as is targeted by HSTCP. We keep
assumptions 1 and 2 as above, but alter assumptions 3 and
4, Firstly, we note that for large window size TCP flows, a
significant queue length is needed to keep utilisation high and
not susceptible to loss from bursty flows. Secondly, we assume
that more than one packet is lost in each loss indication, and
that these packets may be distributed among flows subject to
assumption 2. These allow for more realistic queue sizes and
for multiple packet drops per congestion event common in reat
" networks,

A. Two HSTCP flows sharing an Adaptive RED buffer

Adaptive RED is a proposal to make the settings of thresh-
olds and probabilities of a RED router self configurable [8).
The aim is for the administrator t¢ decide upon an average
queueing delay, so that Adaptive RED can self configure pa-
rameters such as minimum threshold, maximum threshold and
associated probabilities, such that a queue length is maintained
that indeed has the specified average delay. In our modelled
system and simulation, this average queucing delay is set to
5ms. Therefore, for links of bandwidth of [.5Mbps, 15Mbps
and 100Mbps, average queue lengths in an Adaptive RED
buffer would be 10, 16, 108. Furthermore, these are average
queue lengths, such that the instantaneous queue length must
exceed this substantially to cause a loss. Hence, when the sum
of the two flows” bandwidths reach the shared bandwidth p,
the queue length builds up. It is this portion of time in each
flow where the utilisation reaches maximum and is maintained
until loss.

To model this behaviour, we consider that the shared band-
width g has some extra capacity Ay, that accounts for this
queue space, and peried of maximum utilisation.

From Adaptive RED, the probability of dropping increases
when the average queue length is between min_th and max_th
and dropped with certainty once past this threshold. [8]
Considering that the average queue size does not immediatly
track the instantaneous queue size, we propose that the extra
capacity Ap accounts for twice max th, such that a loss will
certainly oceur at 1 + Ag. Furthermore, since loss is detected
by the sender at least one RTT later, we propose that such a
loss consists of multiple packet drops D, that can be shared
between the two connections.

These form the modified assumptions

1) RTT of each connection is static

2) The probability of a loss for one of the connections is
proportional to its bandwidth share

3) Queue sizes must be significant, as is the time taken
to build up to such a queue size. Therefore, we keep
assumtion | but adjust y to account for the extra time
at maximum utilisation

4) Each loss indication consists of D packet drops which
can be distributed among the two flows
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IV. THROUGHPUT MODEL

The next step involved in extending [1] for HSTCP, is to
formulate equations for the window size of connection 1 from
one congestion event, ¢, to the next congestion event, 7, and
time between two consecutive congestion events, 7;;. In [1],
two sets of equations are given for standard TCP, one for a
loss indication on connection 1, and one for a loss indication
on connection 2. For our model, we introduce a third case,
whereby losses are seen on both connections. This case aims
to model a synchronised loss, commonly seen in traces of two
competing long lived flows.

A. Times and windows between consecutive losses

Due to the nature of (10) and (11), finding the exact point
of equal time between losses where the sum of bandwidths
equals p is nontrivial. To approach this problem, we consider
the available bandwidth created by connections dropping their
windows, X,,. We then derive the time taken by each flow
to individually recover X, completely without influence of
a competing connection. Taking the shortest time, we observe
how much bandwidth the slower connection recovers indi-
vidually X, in this exact time. We propose that the ratio
Xt Xoy gives a good indication of the ratio of X, : X5 for
X1 + Xz = u, since the ratioc of bandwidth gains over this
short period of time does not change significantly.

1) Case 1: Connection I only reacts to loss: The bandwidth
made available by connection 1 reacting to loss is given by

Xow =i x b(D)/Th (14)
The times taken by each connection to individually recover
this bandwidth are given by

i = (#—%) T (15)
ton = [n(d) —nG{1— bW T (16)
taiz = [n (z + Xm,Tg) —n (z)} T 4D

The percentage of bandwidth share obtained by connection 1
is then given by

Xslll =
KXoz =

ot/ 5 () =] /7
[w (fav12/T1 + 7 (2 (1 — b(i})))
=1 {1 —b(&)] /T

bs { Xaov/ {Xav + Xsu11)

XsllZ/ (Xav + Xs€l2)
The window at the end of the congestion avoidance period,
and the time taken become

ta'ull < taul?
otherwise (18)

g(i) =

Tigld)

bs X Xgp x T1 + i{1 — b(i))
[n{g(8)) —n{i(1 = b)) T,

(19)
(20)



2) Case 2: Connection 2 only reacts to loss: The bandwidth
made available by connection 2 reacting to loss is given by
Xow = ixb(i)/Th @1

The times taken by each connection to individually recover
this bandwidth are given by

[n(if'erT{) - n(z‘)} T
(-G -16)))

The percentage of bandwidth share obtained by connection 1
is then given by

22)
(23)

tav21

tav?Q

Xan = o (tan/To+0 (i (1- )
3 (1 - b(i))] /Ts
Xaze = [wlteue/Ty +n (i) —4d] /Ty

Xau/ (Xav + Xsl?l)
Xoza/ (Xaw + Xo2)

tanl < tavZZ
otherwise

=

The window at the end of the congestion avoidance period,
and the time taken become

gt =

Tig(i)

24

bs x Xgy X T+
[n(g(i}) — n(i)] Th

(25)
(26)

3) Case 3: Both connections react to loss: The bandwidth
made available by both connections reacting to loss is given
by

Xow = ixbE)/T1+1xb(E)/Ts 27

The times taken by each connection to individually recover
this bandwidth are given by

(26 + X)) —n (i (1 — b T2 (28)
[n (G + Xm,Tg) —n (z (1 - b(i)))] T (29)

The percentage of bandwidth share obtained by connection 1
is then given by

tav31

tause

Xaz = [w (tavsl/TQ +n (5 (1 — b(%))))
-i1- b(-i))] /T2
Xozz = [w(tawsz/T1 + 1 (i{1 - b))

= (1 —b(i))] /T
bs — { Xuv/(Xav+X3131)

Xs£32/ (-qu + X5132)
The window at the end of the congestion avoidance period,
and the time taken become

taval < tm;32

otherwise (30}

bs X Xgy x T1 + (1 — b(i))
[n(gs(8}) —n(i(1 = b(HN]T1

(30
(32)

gs(i) =

Tigs(i)
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B, Window size stationary distribution

As in [1], we define a state space for the possible window
sizes 4 of connection 1, ¥ C 1, WT4X i € x, and construct a
Markov chain and associated probability transition matrix P.
However, we include in P the third case of synchronised loss.
Our transition matrix P = pjjey, is described as foilows,

noo L
! ¢
P2 = l—-p
0
) if § = g(1)
Pa =y b itj =g O
+1— (P +pf) if j = gs(d)
where DD is the number of packet drops in each congestion

event.

We then use this matrix P to obtain the stationary distribu-
tion of the Markov chain 7 = (m; ), . This can be achieved by
transforming the transistion maxtrix P into an arrival/departure
¢ matrix and solving the set of equations subject to a total
probability of 1.

Q = PT-I (34)
Q@ = 0 (35)
o= 1 (36)

iex
C. Cost functions of Markov Process

The stationary distribution +# = (ﬂ'i)iex describes the
probability that connection 1 experiences a loss at window size
. As in [1], we must define cost functions to enable calculation
of expected threughput. We define f;; as the total number
of packets sent while in state ¢, for a time of ;; seconds,
and formulate f; and 7; averaged over the three possible loss
scenarics

fi = fugmPigw) + figtaPigt) + TigsteyPigs(s)

o (%) o 4(1)
= m / w(n) + Py f 'Ll)(n)
iW(1—b(i)} 4

95(4)

+=0f +oP) [ win)
i(1=b())

7 [n(g(8)) — n{i(1 - 6(i)))] /Ty
+p3 (n(9(8)) — n(i)] /Ty
(1~ (o +p7)
[n(gs(2)) — n(i{1 — b)) /Ty
D. Calculation of throughput

(37)

(38)

With the constructed probability matrix P, and cost func-
tions f; and 7; defined fer HSTCP, (he calculation of through-
put for connection | is equivalent to that in [1], repeated here

for compieteness
= Z icy ™ fi

X1 = (39)
! Ziex T
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Fig. 1. Nurmerical comparison of RTT fairness of HSTCP and standard TCP.
Bandwidth = 1.5Mbps, packet size = 576bytes, slow RTT = 0.5 seconds.

V. NUMERICAL RESULTS
A, Model parameters

Qur model requires four main input parameters, 171,75,
and D, The round trip times T; and T3 are equivalent in
use to [1], while g, the bandwidth of the shared connection,
requires adjustment, and D, the number of packets dropped
per congestion event is a new parameter.

As discussed earlier, we propose adding an extra capacity,
Ap to p, to account for the full utilisation when the RED
queue builds up. Given a path bandwidth B in bps, a packet
size p, and an average Adaptive RED queue delay g, this extra
capacity is calculated as
(40)

A,u:m'm{s, Xq]xﬁ

8§x2xp
The number of packets dropped per congestion event D, is
designed to model flows that do not suffer strict synchronised
losses, nor the simplified case of losses contrained to one
connection at a time. However, D = 1 is equivalent to the
strictly” non-synchronised loss assumption, and D — oo is
equivalent to the strictly synchronised loss assumption,

B. Comparison of HSTCP to standard TCP

We solved numerically our model for HSTCP, using the
same scenario as in [1}, and compared it to the results for
standard TCP using the same parameters. Figure | shows the
comparison of HSTCP to TCP with ¢ = 1.5Mbps, 11 fixed at
0.5 seconds, T» ranging from 0.15 to 0.5 seconds, and D = 1.
We then repeated both evaluations with g = 15Mbps, and
added a third set of results to show a scenario of moderate
synchronisation of loss, D = 10.

As can be seen in Figure (1), the comparison of HSTCP
to standard is very similar with slightly greater throughput to
HSTCP This makes sense as HSTCP only begins to change
the increase rate of congestion avoidance for windows greater
than 38, while windows in this scenario rarely push above
80. Figure (2) shows the same comparsion but at 15Mbps.
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Fig. 2. Numerical comparison of RTT faimess of HSTCP, synchronised loss
HSTCP and standard TCP. Bandwidth = [5Mbps, packet size = 576bytes,

slow RTT = 0.5 seconds,
100Mbps. Sms
100Mbps. 4ms

@ YMbps. Hms e

Abps. Xms

Fig. 3. Simulation topeclogy. S1 connects to D1, §2 to D2. Sms is part of
the fixed longer RTT connection {slow). Xms is part of the variable shorter
RTT connection (fast). YMbps defines the bottleneck bandwidth.

100Mbps. Sms

We can see that HSTCP has throughput gains over standard
TCP. However, when we illustrate a scenario with moderate
synchronised loss, we see the throughputs of connection 1 and
2 diverge quite quickly. This poses a warning that HSTCP
running in a droptail environment may show undesirable RTT
unfairness. This curve is worse than the linear curve shown
for synchronised losses in standard TCP shown in [1].

VI. SIMULATION VERIFICATION

We conduct simulation using NS-2 (o verify that our model
predicts well the throughput of two connections with varying
RTT. Our simulation scripts are based on the HSTCP test suite
supplied with NS-2.26. This is a simple dumbell topology as
shown in Figure (3). We introduce wvariablity to one of the
sources’ links to the bottleneck router, and make the bettleneck
capacity variable. We choose the scenario based on the "good”
queue, which is spectified to be an Adaptive RED queue of size
200, with an average queueing delay of 5ms.

We ran simulations with bandwidths of 1.5Mbps, 10Mbps
and 100Mbps with fixed longer RTTs of 500ms, 500ms and
250ms respectively. Packet size is 576Bytes and maximum
window size is set to 83000 to make sure the TCP window
size is limited only by the network. Each simluation ran for
1500 seconds. the throughput calculated over the last 1000
seconds. For each ratio point, we repeat a simulation three
times and plot the thoughput.

Figure (4) shows simulation results for a bottleneck band-
width of 1.5Mbps, and fixed longer RTT of 500ms. Plotted
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Fig. 4. Comparison of RTT fairness of HSTCP model and simulation.
Bandwidth = 1.5Mbps, packet size = 576bytes, slow RTT = 0.5 seconds.
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Fig. 5. Coemparison of RTT faimess of HSTCP model and sirnulation.
Bandwidth = 10Mbps, packet size = 576bytes, slow RTT = 0.5 seconds.

against the simulation results are two sets of results from our
model with two different loss synchronisation levels, D = 4
and 1) = 8. The latter model suggests that this simulation
scenario experienced a moderate level of loss synchronisation.
Indeed from examination of the simulation trace, seven losses
per congestion event were common. At a low number of
packets per second, the Adaptive RED buffer is making a
comparatively low number of updates to the average queue
length per second, This allows the instantaneous queue length
to grow well past the maximum threshold causing a high
number of drops when the average queue length begins to
catch up. Therefore, the two flows experience a moderate level
of loss synchronisation, as at each congestion event there is a
high probability of lost packets from both connections.
Figure (5) shows simulation results versus model resulis

14000

4+ —®— HSTCP fan D=l

- A= 1ISTCP slow Da)
& TISTCP simulatjan fest
+  HSTCP simalajon slow

Throughpn (packetss)

Fig. 6.  Comparison of RTT faimess of HSTCP mode] and simulation.
Bandwidth = 100Mbps, packet size = 576bytes, slow RTT = 0.23 seconds.
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for a bandwidth of 10Mbps. Note the close relationship when
D = 6, showing that less loss synchronisation occurs at a
higher bandwidih, With more packets per second traversing
the Adaptive RED queue, the average queue length tracks
the instantaneous queue length more closely and can detect
increase in queue length earlier.

Figure (6) shows a high congestion window scenario involv-
ing a shared bandwidth of 100Mbps. Note the convex shape of
both the model and simulation results. At this high bandwidth,
the Adaptive RED buffer is able to detect increases in queue
length early enough to signal the respective signal before a
second packet is dropped. This is due to the high number
of updates to the average queue length state variable, which
brings the buffer within the packet drop thresholds earlier.

VII. CONCLUSION

In this paper, analiytic models have been developed for
Highspeed TCP congestion avoidance and fairness. The
models can include both flows of synchronous and non-
synchronous loss.

Our model shows that an Adaptive RED queueing mech-
anism can still cause synchronised losses for two competing
long lived flows. We confirm that, much like standard TCP,
a non-synchronised loss scenario provides better thoughput
and improved RTT fairness. However, we show that, for a
scenario of moderate loss synchronisation possible in Droptail
buffers, Highspeed TCP has the potenttal to exhibit differences
in throughput that which diverge quickly with respect to ratio
of RTTs.

‘We have shown that an Adaptive RED buffer is better able to
prevent cases of synchronous loss for higher bandwidth links.
Therefore, it is recommended that some form of Active Queue
Management is required to maintain similar RTT fairness in
HSTCP as for standard TCP.

Extensive simulation has validated our results.
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