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Abstract—We propose modifications in the TCP-Friendly Rate  and wireless links has been extensively evaluated with a
Control (TFRC) congestion control mechanism from the Data-  nhymber of proposed protocol enhancements, [7] it is likiait t
gram Congestion Control Protocol (DCCP) intended for use wth the DCCP algorithms (which reproduce a congestion control

real-time traffic, which are aimed at improving its performance L
for long delay (primarily satellite) links. Firstly, we pro pose an similar as the one of TCP) should also have performance

algorithm to optimise the number of feedback messages perumd  difficulties over these networks.
trip time (RTT) rather than use the currently standard of at | east In this paper, we show that the current feedback mes-

one per RTT, based on the observed link delay. We analyse the sages frequency is suboptimal in the context of long delay
improvements achievable with proposed modification in diférent network and that a dynamic evaluation of this frequency can

phases of congestion control and present results from simations . .
with modified ns-2 DCCP and live experiments using the modifié ~ IMmProve the goodput of the DCCP/CCID3 connection. Thus,

DCCP Linux kernel implementation. We demonstrate that the ~ we propose an algorithm to determine the optimum number of
changes results in improved slow start performance and aredced  feedback messages (as opposed to using the currently elanda

data loss compared to standard DCCP, while the introduced of at |east one per round trip time RTT) in DCCP/CCID3
overhead remains acceptable. (DCCP with TFRC congestion control). This algorithm is
I. INTRODUCTION based on the observed link delay and is dynamically applied

Despite of an undeniable success of the TCP service d8 the DCCP receiver. We first analyse the improvements

the primary means to carry reliable data over IP netWorksachievable with our modifications in different phases of TFR

an increasing number of new multimedia applications havgong_estlon c_ontrol_and prese_nt results from ns-2 S|mula'|or_
found TCP too limiting. This is one of the reasons that pushe(fl’dd't'.On to S|mu!at|on, we .drlve real measurements on a live
IETF to propose a new transport protocol called Datagrarﬁatenlte link by implementing our proposal inside thg _ang
Congestion Control Protocol (DCCP) [1] which is particljar kernel DCCP/CCID3 . We demonstrate that the modification

adapted to carry multimedia traffic that does not need abielia results in a reduced data loss and higher data rates while the
service overhead introduced remains acceptable. In a previous work

DCCP includes multiple congestion control algorithms[S]’ we have introduced the idea of increasing the number of

which can be selected based on the user applications ant Whif:%db‘"“_:k messages and have presented results of expeiment
are identified by the Congestion Control ID (CCID). evaluation of the performance of DCCP/CCID3 for example

We consider improvements for CCID3 [2], the TCP- values of the increased number of feedback messages. In this

Friendly Rate Control (TFRC) algorithm which is suitable paper, we pus_h further this idea with t.h(.a proposition .Of a
for traffic with smooth changes in sending rates, such ggynamic algorithm able to compute efficiently the optimal
telephony or video streaming. The CCID3 is based on the TcpuMmber of feedback messages.

throughput equation [3] and is designed to be reasonahly fai The rest of thg paper is structured as follqws: section 1l
when competing with TCP flows. provides an overview of the related work. Section Il présen

There has been an increasing deployment of satellite nef® Proposed changes to the TFRC rate control. Section IV

works in recent times [4], [5], [6] and an increasing trengPresents the simulation and experimental setup and Section

towards their use in residential and small business environy @nalyses how the changes affect the different stages of

ments, rather than the previously used dedicated enviroteme COngestion control. Section VI presents results of liveltiat
i.e. governmental, military or oil/gas/mining remote sitghis  t€Sts and additional analysis. Conclusions and a disqussio
increases the applicability of new protocols like DCCP feeu future work is presented in Section VII.

in those networks, as the networks will have an increasing
amount of multimedia and real time traffic and the primary
purpose of introducing DCCP was to better handle such traffic DCCP/CCID3 [1], [2] and its variant for small packet sizes,
and provide a degree of transmission control which is noDCCP/CCID4 [9], use TFRC congestion control. TFRC is
integrated in UDP. As the performance of TCP over satellitean equation-based congestion control mechanism in which

II. RELATED WORK



the sender and receiver jointly compute an optimal sending We define an observation interv@ as the length of time
rate based on the monitored network conditions. TFRC usegsed for all calculations on which receiver feedback is base

equation (1): with O = RTT in the standard TFRC implementations and
O = RTT/Np, with Ng, being defined as the number of
¥ = S ) feedback messages per RTT in our proposal. The optimum
(RTT - %2 4 RTO. /—pTW p- (1432 %) Npy is calculated as:
Where . . ) RTT RTT * X e
« X is the transmit rate in bytes/second; Npp = min(max(round( RTT. ), 1), . ) (@
« s is the packet size in bytes; rel
o RTT the round trip time in seconds; Where:X,.. is the received rate in bytes/secodtlf T ¢ is

« pis the loss event rate, between 0 and 1.0, to represettite reference (standard) link delaythe mean size packet; and
the number of loss events as a fraction of the number ofound: a function that roundRT'T/RTT,.s to the nearest
packets transmitted; integer.

o RTO s the TCP retransmission timeout value in seconds. \We note that the receiver can only measure the received
TFRC results in a smoother sending rate and lower datdata rate and the average loss interval used for calculttiing
throughput variations compared to TCP, which makes it suitloss event rate¢ based on the fully received packets, and as a

able for multimedia streaming and VoIP applications. Theminimum needs to receive and process one packét. ifihis
reliance on receiver feedback, as shown in [10], makes TFR@sults in a lower bound for the number of feedback messages
respond slower to changes in available bandwidth compared per RTT in equation (2).
TCP in the case of long delay. Furthermore, the DCCP/CCID3 Please note that all the parameters are already calculated a
and CCID4 performances in the context of satellite delaypart of the TFRC congestion control algorithm.
have been recently studied [11]. In order to palliate some
drawbacks of TCP and TFRC, the authors evaluate in [11], IV. SIMULATION AND EXPERIMENTAL SETUP
[12], using ns-2 [13] simulation, the impact of Quick Start i .
[14] and Fast Restart [15] transport protocol mechanisms VYV use ns-2.32, patched to include the proposed modifica-
on the overall DCCP performance and show that these nef{PnS inside the official TFRC implementation. The simuati
mechanisms do not provide a consistent improvement to podtarameters include RTT, error rate and a congestion bettlen
TFRC performances over a long delay network. equivalent to a representative satellite link bandwidtbk. Wave _
In this paper, we propose an alternative method to improv&_hose” the parameters to closely_ match the IPSTAR satellite
the performance of DCCP/CCID3 which uses a combinatiofink We have at NICTA Laboratory in Sydney, Australia. Other
of already available parameters to dynamically adjust tag w than the proposed improvements, the standard DCCP/CCID3
DCCP control behaves in long delay networks. As the equatiof€fault parameters, as recommended in [16], are used for all
based (1) mechanism uses measured RTT and loss and [ﬂénulgtlon an_d live tests. The DCCP packet size used_ln all
measurement is done within each feedback period, the whofXPeriments is 1000 bytes and the refereRGel;.; used is
feedback-based algorithm is both slow and late to respond tb00mMsec which is consistent with measurements in [17].
network changes in long delay networks. Our proposal [8] to Prgwous experlmgntal results _[8] characterised the IFSTA
increase the number of feedback messages per RTT has show@fellite network, which we consider a good representative
significant improvements on live satellite links. Howeveny ~ the growing number of IP based satellite services. IPSTAR
choice of experimental values was heuristic and to realise t USeS shared access over radio channels and consequently ca
potential of proposed changes we needed to characterise th8Ve Poth congestion and errors on the link. The network RTT
optimum choice of parameter value and come up with arfnd loss characterised during our long term experiments sho

algorithm which can be applied dynamically to produce thedn average RTT of around 1200msec and a paqket error rate
optimum value. (PER) ranging from 0.24% to 0.42%. Other satellite networks

e.g. DVB-RCS [18] have a specified BER of lower thidn?,
Ill. PROPOSEDIMPROVEMENTS resulting in a similar lower bound for PER for the packet size

This section presents proposed improvements. In the fowe have used in experiments and analysis.
lowing section, we analyse the effect of the proposed improv The experimental setup is presented in Figure 1. For live
ments in different stages of TFRC congestion control. satellite link tests, the DCCP-capable application using a

We propose to increase the number of feedback messagB&<CP protocol client is connected to the DCCP protocol
based on the measured delay and taking into consideraon tiserver and the application server, through a satellite link
received data rate and packet size. We argue that in a rawehich is connected to the public Internet through a local
based algorithm, changes can be applied at any time, rath@hustralian based) gateway. The ns-2 configuration indude
than needing to follow the logic of a window based algorithman intermediate router and two links, one of which has a
where the changes are applied once every RTT. Care needslimited bandwidth and delay to match the representativie lin
be taken to prevent oscillations, as has been identified]in [3 parameters.
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with N, feedbacks per RTT.
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Application’ Satelits = NICTA Application _ Once the receiver detects thg first loss event Qf the connec-
&DCCP  modem gateway &DCCP tion, TFRC mechanism enters into the congestion avoidance
client (a) server

phase. During this phase, the sending rate is computed using

' ‘ the equation (1), with packet loss ratand RTT as parameters.
fis-2 : @ : Fa:2 The p value is estimated at the receiver based on loss interval
source | Bandwidth, delay (1) Bandwidth, delay (2) | sink . .
= » durations (number of packets between two loss events)gusin
() a weighted moving average algorithm which includes a hjstor
of previous loss interval durations and the number of packet
Figure 1. Experimental setup: (a) for live tests and (b) rsraulation received in the current error free interval. The value of RTT
is computed at the sender using the receiver feedback on the
recorded one-way packet delay and is also a weighted average
V. ANALYSIS over the duration of the observation interval.

This section presents analysis of the potential gains achie In the error free periods, we can analyse the impact of
able with the modified TFRC algorithm. We demonstrate thathe increased frequency of feedbacks on the resulting sende
the lager number of (accurate) feedback messages willtresURte separately for the loss event rate estimation and fdr RT
in a more responsive control mechanism and illustrate th&stimation.

analysis with results from ns-2 simulations. The packet-loss-rate estimation algorithm is the reason wh
increasing the number of feedback messages will have a
A. Sow start positive effect on the estimation of the loss event rate niople

In the slow start phase, the sender increases the rate bas&fji no errors or congestion, as the increasing amount af dat
on receiver feedback. For long delay links, the rate of ghowt received, with more frequent observations, will be recdrde
can be very slow as the feedback is provided once every RT-faster and the loss event rate will therefore be reduced more

which is very likely to be less than once per second (as peguickly which will in turn result in a higher value of sender
te.

observed RTT times on IPSTAR). rate. _ _
The minimum delay D,.;,) with which the sender will Having more frequent feedback with shorter observation
receive feedback from the receiver can be viewed as: intervals results in reported RTT values which are closer to
the RTT values for individual packets. This is particularly
Dunin = RTT + O + taetay 3) important when RTT values increase, which is an arguable

indication of getting closer to congestion. The variatidiRd T

with t_delay being the time e|apsed between the receipt\Ni” result in aCCOfdingly adeSted values of sender rateal
of the last data packet and generation of this feedback repoflynamic environment, as will be shown in Section VI, the RTT
in the receiver as per [3]. For an observation interval of RTTCchanges will have a greater impact on the equation (1) based
the sender will therefore make a rate adjustment based on ti§gnder rate during the periods with no errors, as RTT in these
receiver feedback approximately every RTT. periods varies more than

In our proposal, the observation interval is shortened to ] ) )
RTT/Nr, From the point in time where the receiver startsC- Demonstration of performance improvement in ns-2
seeing a measurable amount of received data in the observati  This section presents the improvement achieved with in-
interval, the minimum delay with which the sender will ra@i creasing the number of feedback messages per RTT in ns-2.

feedback from the receiver will now be: Figure 2 shows result of ns-2 simulation of the
N 1 DCCP/CCID3 performance with standard and with dynamic
Dinin = ?Vbi"" * RTT + tdeiay (4) feedback, with RTT of 1sec on the nominal satellite link with

Fb

a 1Mbit/s downlink rate, patched to include the same number
Applied in a feedback loop in which the value of the of errors and RTT values on exiting slow start phase. In tkis e
sender rateX is adjusted on receiving every feedback, theperiment, it can be observed that there is a 14sec improvemen
improvement in a time periot (assuming the starting rafg with the dynamic feedback algorithm the standard algorithm
of one packet per second as per) can be approximated by: when exiting the slow start. It can also be observed that the

proposed modification results in about 20 sec improved loss
X, = s 9TRTT (5) recovery after the slow start phase. Please note that all the
TFRC safeguards in regards to maximum rate increase as
with standard rate control and defined in [3] are still followed.
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Figure 2. Slow start and error recovery on a representaditalite link, ns-2 Figure 4. Measured throughput with the dynamic feedbackritgn

simulation, standard and dynamic feedback DCCP/CCID3

Table |
DCCPDOWNLOAD PERFORMANCE ONIPSTAR

The on-going congestion avoidance is more complex an
the simplistic ns-2 simulation could not demonstrate the d Avg. rate std. Dev. Q.
> p Yy download (kbit/s) | download (kbit/s) | Loss (%)
namic range of the RTT and error rate changes, therefore We Standard TFRC 372 35.6 2.9%
have based the analysis on the results of experiments done pRynamic Fb TFRC 529 44.1 1.9%

live satellite links, presented in the section below.

VI. RESULTS OFLIVE TESTS AND PERFORMANCE . . . . . .
are consistent, i.e. higher rates are achieved with therdima

ANALYSIS ;
. . feedback version.
We have performed extensive experiments over the IPSTAR 14 aid with analysis, we also show the representative loss

satel_lite network and the below figures show representati\_/gvent ratep values calculated at the receiver and sender-
receiver rates for the standard TFRC and for the dynamigpseryed RTT values in the Figures 5 and 6. As the slow start
feedback algorithm. is exited when the receiver detects the first error, we cam als

The experiments were done a number at different timeg,qq he), values to observe the difference in slow start phase
of the day (as the IPSTAR network peak congestion timeg,, poth algorithms.

coincide with business hours) and with different duratiohs
summary of the results from 50 download experiments are

presented in Table I. The loss is the actual packet loss oate f loss event rate P (Standard Feedback)

loss event rate P (Dynamic Feedback) ——

each experiment (not the loss event rate used in TFRC rate
control).

1200
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Figure 5. Loss event rate measured at the receiver for st dynamic
feedback DCCP/CCID3
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L . . .
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Figure 3. Measured throughput with the standard TFRC (1f@ekd message
per RTT by default)

A. Sow dtart phase

It can be observed, consistent with the observations in the
controlled environment of ns-2, that the slow start phasdsis

It can be observed that the average download rates are @xited earlier for the dynamic feedback algorithm. Thisursc
consistently higher by 33% and that the majority of the rssul close to 3 seconds earlier for dynamic feedback TFRC.
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the complexity of the control mechanism. We have analysed
the performance of the proposed modifications and present
results from ns-2 simulations and tests over a live sagdifik.
We have demonstrated that the proposed changes results in
improved performance of DCCP/CCID3, while the increased
overhead introduced remains acceptable.

We plan to further investigate DCCP over satellite and
consider a TFRC-Vegas-like modification to rate control in

1000 | °

500 B

0 20 40 60 80 100 120 140 160 180
Time (sec)

Figure 6. RTT measured at the receiver for standard and dgrelgorithms

[1]
B. Congestion avoidance phase [2]

The on-going congestion control, as indicated by the rgsult

in Table I, shows a marked improvement for the dynamic [3]
feedback algorithm. The values pfand RTT can be directly
correlated with received rates, which logically followrin 4]
the formula based algorithm. E.g. the error events recordeds)
around 82 and 160sec from Figure 5 correspond to lowered®]
rates recorded in the standard DCCP in Figure 3. For thel”
dynamic feedback, higher RTT values around 90 sec from
Figure 6 result in lower rate values in the same period inigigu [8]
4, followed by a more noticeable rate drop from error events
occurring between [100, 110] sec in Figure 5. We note that
while the relation of sender rate fois clearly reactive, i.e. [
after reported error events, the influence of RTT can be seen
as both predictive and reactive i.e. the sender will redtee t [10]
rate based on higher values of RTT, which occurs both in error
free intervals and after error events. [11]

C. Discussion on the performance results

We believe the main benefit of the dynamic feedback mecht?]
anism in the congestion avoidance phase to be the increased
accuracy of the RTT measurements, which are arguably an
indicator of congestion, as demonstrated by the proposé Td
Vegas [19]. While a higher increase in the number of feedback 4
messages may further improve the adjustments to dynamic
network conditions and provide highest possible gainss it i[5
important not to overload the return channel with control[ig]
messages. The proposed dynamic feedback algorithm adjugts]
the number of feedback messages to the level of feedba
traffic equivalent to what DCCP/CCID3 would generate on a

standard internet link.
[19]

VIlI. CONCLUSIONS ANDFUTURE WORK

We have proposed a change in the DCCP/CCID3 TFRC
congestion control mechanism to improve it's performarue f
long delay links. Our proposal is an algorithm to increase
the number of feedback messages based on the link delay
parameter. As the link delay is already measured within the
DCCP protocol, the proposal does not significantly increase

13] “ns-2 network simulator,”

order to predict and minimise error events.

VIIl. ACKNOWLEDGEMENT

This research work has been supported by funding from
National ICT Australia (NICTA). Authors would also like to
thank IPSTAR Australia for their continuing support.

REFERENCES

E. Kohler, M. Handley, and S. Floyd, “Datagram CongeastiGontrol
Protocol (DCCP),” IETF, Request For Comments 4340, Mar.6200
S. Floyd, E. Kohler, and J. Padhye, “Profile for DCCP Cigps
Control ID 3: TRFC Congestion Control,” IETF, Request Fom@nents
4342, Mar. 2006.

M. Handley, S. Floyd, J. Pahdye, and J. Widmer, “TCPdlg Rate
Control (TFRC): Protocol Specification,” IETF, Request Romments
3448, Jan. 2003.

“INMARSAT BGAN,” http://bgan.inmarsat.com/.

“IPSTAR,” http://ipstar.com/.

“Wildblue,” http://wildblue.com/.

1 H. Balakrishnan, V. Padmanabhan, S. Seshan, and R. Kat&om-

paraison of Mechanisms for Improving TCP Performance oveelss
Links,” in Proc. of ACM SGCOMM, Aug. 1996.

G. Sarwar, E. Lochin, and R. Boreli, “Experimental perf@nce of
DCCP over live satellite and long range wireless links,”7th Inter-

national Symposium on Communications and Information Technologies

(IEEE ISCIT 2007), Sydney, Australia, Oct. 2007.

S. Floyd and E. Kohler, “Profile for DCCP Congestion CohttD 4:

the Small-Packet Variant of TFRC Congestion Control,” IETiernet
Draft, 2006.

J. Widmer, “Equation-based congestion control,” Diph Thesis,
University of Mannheim, Germany, Feb. 2000. [Online]. Ashle:

http://www.icsi.berkeley.edu/ widmer/tfrc/thesis gis.

A. Sathiaseelan and G. Fairhurst, “Performance of Vbofihg DCCP
over a DVB-RCS Satellite Network,” ihEEE International Conference
on Communications (ICC), Glasgow, UK, Jun. 2007.

A. Sathiaseelan and G. Fairhurst, “Use of Quickstartlfoproving the
Performance of TFRC-SP Over Satellite Networks,” limternational

Workshop on Satellite and Space Communications (IWSSC), Leganes,
Spain, Sep. 2006.

http://www.isi.edu/nsnéms/.
Available: http://www.isi.edu/nsnam/ns/

S. Floyd, M. Allman, and A. Jain, “Quick-Start for TCP P - draft-
ietf-tsvwg-quickstart,” IETF, Internet Draft, 2006.

[Online].

] S. Floyd and E. Kohler, “Faster Restart for TCP FrienBigte Control

(TFRC) - draft-ietf-dccp-tfrc-faster-restart,” IETF,térnet Draft, 2006.
“Waikato University, DCCP site,” http://wand.net/riam4/dccp/index.htm.
L. J. Pietzuch, P. and M. Seltzer, “Supporting Networto@linates on
PlanetLab,” inProc. of IWORLDS 05, San Francisco, CA, Dec. 2005.

i1(8] ETSI EN, “Digital Video Broadcasting (DVB); Interacth channel for

satellite distribution systems,” Tech. Rep., Sep. 2008hrial report
301 790 V1.4.1.

Lawrence S. Brakmo and Sean W. O’'Malley and Larry L. Pl
“TCP Vegas: new techniques for congestion detection andtamoe,”
S GCOMM Comput. Commun. Rev., vol. 24, no. 4, 1994.



