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Abstract. Transport protocol for supporting multimedia streamingpriabile ad
hoc networks has to cope with the rich dynamics, includingifitg-induced dis-
connection, reconnection, and high out-of-order delivetyos; channel errors;
and network congestion. In this work, we describe the desighimplementation
of ADTFRC, a TCP-friendly transport protocol for ad hoc netiks. ADTFRC
adapts wireline TFRC protocol to ad-hoc networks with inve rate adapta-
tion behavior, the capability of application layer framiagd selective retrans-
missions. It detects different loss behaviors based ontemhd measurements
of multiple metrics; this allows ADTFRC to more accuratebBuge the network
behavior and achieve higher throughput. Our ns-2 simuiatghow much per-
formance improvement over standard TFRC and TCP with eixilnk-failure-
notification (ELFN) support in terms of throughput, rate pidgion behavior and
application level quality while still maintaining the TGRiendliness property.

1 Introduction

With the advent of IEEE 802.11 technology, wireless chatyp@tally supports a data
rate up to 11M bps or higher, which makes multimedia stregnf@asible. Potential
multimedia streaming applications for a mobile ad hoc nétwoclude multimedia
instant messaging, environmental monitoring and distedgaming.

Current research on multimedia streaming over ad hoc n&svmcuses on low-
layer design such as service differentiation in MAC QoS+&wvauting, admission con-
trol and adaptive packet scheduling. In this paper, we addransport-layer issues. We
adapt the popular, slowly responsive congestion contmtiomol — TCP Friendly Rate
Control (TFRC) — proposed for wired multimedia transpartitobile ad hoc networks.
To this end, we devise novel end-to-end mechanisms to eééctaddress the wireless
and mobility issues.

Early proposals use UDP to carry multimedia streams [21]c&iUDP does not
provide congestion control, these unresponsive multiméoivs compete unfairly with
other responsive TCP flows. Using TCP in multimedia stregrtiansport can prevent
congestion collapse, however, TCP provides 100% reltghiirough its retransmission
mechanism, which is not necessary for loss-tolerant mettiia streaming. Moreover,
TCP halves its transmission rate upon any congestion esecit; dramatic oscillations
in rate adaptation are deemed detrimental to applications.

Recent research on multimedia transport has focused oiogévg a TCP friendly
protocol that does not react to any single congestion evearhatically and slowly



adapts to network dynamics [16][18][19]. A noticeable prsal is TCP Friendly Rate
Control (TFRC) [17][20], which theoretically charactesiza TCP friendly throughput
given the RTT and congestion probability measurements,jraardases/decreases the
transmission rate accordingly.

There are several technical challenges for TFRC to funatiethin mobile ad hoc
networks. Such networks exhibit a rich set of packet lossabieins. It is well known
that applying congestion control upon every packet lossli@R friendly protocol leads
to unsatisfactory performance in ad hoc networks [1][dB}]Moreover, TFRC has to
handle other types of network events, including mobilitghiced disconnection and
re-connection, route-change-induced out-of-order éeji\and error/contention-prone
wireless transmissiohsThese events require TFRC to respond differently from con-
gestion control. For example, it makes sense to simply igr@morandom packet loss
due to channel errors rather than to multiplicatively deseethe current sending rate
[3]; and it is more appropriate to periodically probe thewatk during disconnections
for a prompt recovery than to slow down and exponentiallyease the retransmission
timer [1]. Another challenge is how to accurately detect dif¢rentiate these events
in the first place. Packet loss as the sole detector used lygotanal TCP/TFRC flows
cannot differentiate all these new events [8].

1.1 RateAdaptationin Ad Hoc Networks

In order to effectively adapt the transmission rate, nekvayngestion has to be re-
liably detected. In particular, among all kinds of packetses, the congestion loss
probability needs to be estimated; treating all losses agestion loss leads to un-
desirable rate adaptations. Most of the literature on cstigedetection for ad hoc net-
works endorses a network-oriented approach. In this agprdhe routers implement a
monitoring module and generate explicit notifications baxcthe sender upon various
packet losses. Specifically, if mobility triggers netwoiikabnnection, an explicit link
failure notification (ELFN) will be sent to the sender [1]; explicit congestion notifi-
cation (ECN) message is generated when a congestion losssd2d]; and an explicit
loss notification (ELN) is sent to the TCP sender when theaabserves a wireless
channel-induced packet loss [3][4]. While these are soanlrtiques to improve TCP,
they have several drawbacks when used for proper rate aaapitaad hoc networks.
First, the failure notifications, such as ELFN, generatednibgrmediate nodes are
sent directly to the sender; the receiver is left unawareéhisf mmessage. Thus, single
packet loss event can trigger two different reports froneiimtediate nodes and the re-
ceiver end host. Since these two reports can arrive at trees@m arbitrary order, it is
difficult to combine the two observations made at differémetand render a consistent
image of overall network condition$ Second, the failure notifications require a global
deployment of monitoring modules at every node, which cdddlifficult to adopt in

! Even with link-layer re-transmissions of 802.11 MAC, patckess still occurs due to bursty
channel error or MAC-layer contentions.

2 Even if the measurements are performed at sender side,delexlffrom both receiver and
intermediate nodes are still needed, same complicatiseswhen trying to combine the two
overlapping observations.



practice because of the inherent heterogeneity of padtiicig nodes in ad hoc environ-
ments. Nodes ranging from notebooks to hand-held devices\aiant resources and
consequently varying abilities to adopt full-blown netksriented transport solutions.

Based on the above considerations, an end-to-end appreacbre desirable for
TCP-Friendly rate adaptation in mobile ad hoc networksesihtalls naturally into the
existing TFRC protocol [17]. Network events are differatdid at the receiver end host,
who derives the congestion probability and paces the festdbdnelp sender effectively
adjust its transmission rate. In addition, the end-to-guut@ach is much easier to be
implemented and deployed in practice.

1.2 Main Contributions

The key innovation proposed in this paper is the use of nmdttric joint detection
instead of single-metric detection. Because end-to-erasarement data in ad hoc net-
works is highly noisy, frequent false identifications andifi@ations could happen [8].
How to detect events in an ad hoc network imaustmanner using noisy measure-
ments poses a great design challenge. With multi-metnit hetection, we exploit the
degree of independence in the measurement noise of eagfdimaimetrics, so that the
probability of false identification is significantly redwt®y cross verification among
the multiple metrics.

In addition, we applied the Application Level Framing (AL&hd Partial Relia-
bility techniques to improve the quality of the multimediseaming perceived by an
end user. The resultant ADTFRC protocol is implemented in2Z\&mulator, and the
performance of ADTFRC is extensively evaluated in mobildnad networks.

The results show that, without compromising the TCP-Frigeds property, ADT-
FRC outperforms TFRC and TCP NewReno with ELFN support imsgaof throughput,
packet loss ratio and smoothness in rate adaptation beheitb real MPEG-4 video
traces, the streaming quality of ADTFRC is evaluatedaggregated starvation time
at the user level. We demonstrate that ADTFRC significamtlgroves the streaming
quality of TFRC and TCP NewReno with ELFN support in mobilenad networks.

The remainder of the paper is organized as follows: Sectiprogides an overview
of our ADTFRC design. Section 3 describes the detectiorgdedihe ADTFRC pro-
tocol implementation issues together with the ALF and phréliability design is pre-
sented in Section 4. Performance evaluations are giverciioss 5. Section 6 discusses
the related work and Section 7 concludes the paper.

2 Design Goal of ADTFRC Protocol

In this section, we describe the design rationale of the ARTFtogether with an

overview of the protocol specification. Our starting pomthe TFRC framework in-

troduced in the wireline network [17]. The first question amguld ask is: what is the

ideal rate adaptation behavior in the mobile ad hoc netvihksanother words, if the

perfect knowledge of the underlying network is given, whattigular network states

must ADTFRC distinguish and how should the transmissioa betadapted in each of
these states?



In the following we define the network states to be distingagand the most suit-
able (ideal) rate adaptation policies to be applied in eé&ahation.

CONGESTION (CONGWe define congestion in ad hoc networks as the signal that
the offered load exceeds the network capacity. When coigestcurs, there will be
queue building up and the network throughput is reduced dextessive contention
delays and collision losses. To deal with congestion, thesort protocol should re-
duce the sending rate, and react similarly to the congestairol actions of standard
TFRC.

CHANNELERR (CHERR)When random packet loss occurs, the receiver should
not count it as congestion event; without slowing down, #vwder should calculate the
sending rate as normal.

ROUTECHANGE (RTCHG)The delivery path between the two end hosts can
change from time to time, with disconnections that are taodient to result in a re-
transmission timeout. Depending on routing protocols,rdeeiver may experience a
short burst of out-of-order packet delivery or packet las$e both cases, the receiver,
again, should not count it as congestion; and the sendetdskeep the streaming rate
unchanged in the next RTT period, waiting for the receivdetmback more measure-
ment statistics for the new path.

DISCONNECTION (DISCWhen the delivery path is disconnected for long enough
to cause a retransmission timeout, instead of expongnshilving down and back-
ing off, the sender should freeze the current congestiordavinand the retransmis-
sion timer. It then performs a periodic probing so that tl@smission can be resumed
promptly once a new path is established. Once it is recoyéhedactions of RTCHG
should be followed. We natice that this probing techniqual$® proposed in [1][2].

So far, we have established the target network states todmifiéd in ADTFRC,
that is, CONG, CHERR, RTCHG and DISC. How to reliably detbeim using noisy
end-to-end measurements poses a major challenge. In thsewtion, we present the
multi-metric joint detection algorithm to achieve this ¢§o@ihe detection algorithm
is implemented at the receiver end host, who periodicallyates the sender with its
current network state estimation using ADTFRC feedbackeiasc

3 Detection via Multiple Metrics

This section describes the end-to-end metrics used in tteetiten algorithm, and how
we use them to jointly detect the four network states. Theeaxeld accuracy by our
approach is also evaluated through simulations at the ettdso$ection.

3.1 Devising End-to-End Metrics

End-to-end measurement is widely used in transport prégoto TCP, the round trip
time (RTT) is maintained by the sender to calculate the mstr@ssion timeout. Previ-
ous work uses delay related metrics to measure the congéstel of the network. For
example, [2] and [8] use inter packet arrival delay, and [92RTT to estimate the
expected throughput. A challenge in ad hoc networks is thakgt delay is not only
influenced by network queue length, but also susceptibldghteraonditions such as



random packet loss, routing path oscillations, MAC layenteation, etc. These condi-
tions make such measurement highly noisy. Rather than jmgrany single metric that
is robust to all dynamics of the network, we devise four emeiid metrics that tend to
be influenced by different conditions so that the noise irtelence among them can
be exploited by multi-metric joint identification.

Inter-packet delay difference IDMetric IDD measures the delay difference be-
tween consecutive packets. It reflects the congestion &wvaly the forwarding deliv-
ery path by directly sampling the transient queue size tiaria among the intermediate
nodes. However, in an ad hoc network, there are still a nurabsituations in which
IDD values might give an incorrect estimation of congestiorr. &@mple,|IDD can
be influenced by non-congestion conditions like mobilitgiuoed out-of-order packet
delivery. We therefore introduce an additional me&if7 in the following.

Short-term throughput STCTompared witld DD, ST'T is also intended for network
congestion identification. However, it provides obsexatver a time intervdl’, and
is less sensitive to short term out-of-order packet dejitkani D D. Therefore STT
is more robust to transient route changes, which can be vegquént in a mobile ad hoc
network. However, usingT'7T" alone to detect network congestion can be susceptible
to measurement noise introduced by bursty channel errbiank disconnections or
altering source rate. In the following, we combine STT an®I® jointly detect the
network congestion. Aside from the above two delay relatettics, we also consider
the following two metrics for non-congestion state idenéfion.

Packet out-of-order delivery ratio POR packet is counted as being out-of-order
if it arrives after a packet that was sent later than it (byghme sender). The receiver
records a maximum sending time for all the received packeta the connection, de-
noted byT},......- Every received packet that has a sending time-stamp lesg . .. ;.
is added intaPOR. POR is intended to indicate a route change event. Duringptlite
switching period, multiple delivery paths exist. Packdtsg the new path may catch
up, and those along the old path are then delivered out-dd+or

Packet loss ratio PLRAt each time intervalt, ¢ 4+ T'|, we compute this metric as
the number of missing packets in the current receiving wmd®OR can be used to
measure the intensity of channel error.

In this section, we describe network states that are impbitaimproving TFRC
performance in an ad hoc network, and metrics that can be ureghgnd-to-end. In
the next section, we study how to identify these states ubi@four metrics discussed
above.

3.2 Detecting The Network States

For all simulation results shown in this section, the defaettings are as follows unless
otherwise specified. We use the NS-2 simulator with CMU wisslextension modules.
30 wireless nodes roam freely inl&0m x 800m topology following aandom waypoint
mobility pattern, in which the pause time is zero so that ewste is constantly moving.
The wireless link bandwidth is 2M bps, and IEEE 802.11 andddgit Source Routing
(DSR, see [1]) are used as MAC and routing layer protocolgeaets/ely. One TFRC
flow created with packet size of 1000 bytes. To introduce estign, three competing
UDP/CBR flows, each with source rate 180K bps, are creatddmitiie time intervals



of [50,250],[100,200] and [130,170] respectively. EachRJibw transmits at 180Kbps.
The simulations last for 300 seconds.
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Fig. 1. End To End Metric Measurement. Left two: the IDD and STT nreasent w.r.t. instanta-
neous maximum queue occupation of all wireless nodes iretineonk. First figure shows simula-
tion with static nodes; second figure shows simulation withife nodes (5m/s). Right two: POR
and PLR measurements w.r.t. the number of route changesthitefigure shows simulation
with mobile nodes (5m/s), no channel error. The fourth orenvshsimulation with static nodes,
progressively increasing channel error (0%,2%,5%,10%jryithe entire run.

Detecting Congestion To study the relationship between network congestion a8 T,
we simulate both static and mobile scenarios. A TFRC flow hrettcompeting UDP/CBR
flows are introduced in each simulation and the network iseetgd to become con-
gested as it becomes overloaded. The first two figures of Faholv the simulation
results. The first is for the static case without channelrsrrand the second is for the
mobile case with node mobility speed of 5m/s and 5% channed.én both figures, we
plot the measured IDD/STT values with respect to the inatatus maximum buffer
occupation of all nodes in the network, which reflects thevoek congestion level at
the sampling time instancé.

In Fig 1, we observe that when the maximum network queue sizessls half of the
buffer capacity (25 packets), IDD is cleatijghand STT is clearljyow. We formalize
this observation by defining a value to be HIGH or LOW respetyiif it is within the
top or bottom 30% of all samples However, when the network queue size is small
(non-congestion case), both IDD and STT vary from LOW to H|@®lith the majority
of IDD samples being not HIGH and STT samples not LOW. In tlietleo figures
of Fig. 1, when node mobility is present, the two metrics lmeeanuch more noisy in
non-congestion state (i.e., small network queue).

In the single metric-based detection using either IDD or Sf& noise reduces the
accuracy significantly when the network is not congestege@slly in scenarios with
mobility and channel errors. However, in the proposed jdetection approach, we can

3 The maximum buffer size for each node is 50 packets in oursitioms.
4 This threshold was determined empirically from simulatiesults and real testbed measure-
ments [15].



use both metrics twerify each other to improve the accuracy. Specifically, we idgntif
a congestion state when both IDD is HIGH and STT is LOW, andcanmgestion state
if otherwise. The following shows why the multi-metric appch has better detection
accuracy than the single metric approach.

When the network is congested, Bt and P, be the probabilities that IDD is HIGH
and STT is LOW respectively. The single metric accuracydsq(cong) = P; and
accgit(cong) = Pa. For the multiple metric caseicc,uiti(cong) = Py - Pe. Since
the simulations show that, ~ P, ~ 1 (see left two figures of Fig. 1), these three
accuracies are roughly equal in congestion state. On the bind, when the network
is not congested, Ie?] and P be the probabilities that IDD is still HIGH and STT is
still LOW. Similarly, we haveicc;qq(non_cong) = 1— P{, accgr(non_cong) = 1— Py
andaccepmuri(non_cong) = 1 — P/ - Pj. Since each noise probability,< Py, P; <
1, is non-negligible, multiple metrics thus achieve highecwracy. Combining these
two cases, multi-metric identification improves the accyrim non-congestion states
while maintaining a comparable level of accuracy in the @stign state. Therefore, it
achieves better identification performance over a variétyetwork conditions.

The key insight here is that in the non-congestion state, aD®STT are influenced
differently by various network conditions, such as routarie and channel error; while
in congestion state, they are both dominated by prolongediiqg delay. Thus, the
two noise probabilityP; and P; become largely independent. Effective verification
across multi-metrics is possible as long as these conditimnot co-exist during the
measurement time interval. Although this joint identifioattechnique cannot achieve
perfect accuracy, it does increase the accuracy significastwve show in Section 3.3

Detecting Non-Congestion States If the network state is not congestion, we next seek
to detect whether it is RTCHG or CHERR. The third figure of Fighbws data from
a simulation run with node mobility speed being 5m/s. A sngFRC flow is created
without any competing flows that might cause network corigestWe plotPOR and
PLR sample values together with the number of route change®ifotfvarding path
over time. A clear correlation is seen between route chamgete and bursts of high
POR measurement. During the changing period, packetseaatithe receiver from
multiple paths and consequently may lose their orderinth@lgh not all route changes
result in out-of-order packet delivery, we only count thasservable changes, which
would have an impact upon TFR@OR can be used to identify RTCHG state and
PLR can be used for CHERR state.

Moreover, since there is no congestion or channel erronisésd simulations, PLR
remains stable with a few significant outliers. These an@salbrrespond to situations
in which packets along the old path are excessively delayéast

In the simulation shown in the fourth figure of Fig 1, nodesstetionary and four
channel error rates (0%, 2%, 5% and 10%) are introduced ouoitientical time in-
tervals (75 seconds). In this case, packet loss is propattio the channel error rate
and theP L R gradually increases as the channel error rate increasds.thit a high
channel error rate can also create route change in the riethatrwill in turn result in
bursts of highPO R measurements. The routing layer interprets any MAC-langers-



mission failures (in this case, channel error) as a sign sbkdm link and consequently
seek to repair/re-establish the delivery path, which mayseaoute changes.

In conclusion, a burst of higi?OR sample values is a good indication of a route
change and a higP LR is a good indication of a high rate of channel error. It should
be noted that the network may be both in a state of high chamraland route change,
which can be identified by high values in ba#ti. R and POR.

We next consider disconnection. Disconnection happenswaeket delivery is in-
terrupted for non-congestion reasons for long enough ggéni a retransmission time-
out at the sender. Multiple network conditions can triggertsa timeout at the sender
including frequent route changes, heavy channel errornaaork partition after mo-
bility. If the timeout is triggered by congestion, then pms state feedback should
reflect the transient queue build up period by increagibd and.STT measurement
at the receiver; if not, the timeout was due to non-congestanditions in the net-
work. Therefore, a DISC state is identified at the senderdfdbrrent state estimation
is non-congestion when retransmission timeout is triggjere

IDD andSTT |POR|PLR

CONG | (High,Low) | * | *

RTCHG |NOT (High, Low)[ High| *
*

CHERR [NOT (High, Low) High
DISC *, ~0) N
NORMAL default

Table 1. Metrics patterns in 5 network states. High: top 30% valuesytbottom 30% values;
"*: do not care

Table 2 summaries the metrics patterns in five different nekvgtates. They are
the identification rules used in our ADTFRC. We show latelhiis section that such an
identification method, combined with a simple sample cfasgion technique, achieves
an accuracy above 80% on average in all simulations scenario

3.3 Detection Accuracy

We now study the accuracy of congestion identification usigRSD technique. In
particular, we compare the single-metric (using only IDCSGIT) and multiple-metric
(using both) approaches. We run two sets of simulationsumate-congested and con-
gested cases (Figure 2). In the first non-congested casegla JiIFRC flow is created
within the topology. In the second congested case, two ctmpe/DP flows are cre-
ated as before. In both cases, 1% random channel error &linted and the mobility
speed varies from 0 to 20 m/s. We repeat simulations 50 tirneach speed to reduce
the impact of random topology factors.

During the simulation, upon each packet loss, we comparéthgified network
state and the actual network state to determine the accofaigtectiori. In particular,
if a packet is lost due to network congestion, but the algarigives non-congestion

5 The real network state is obtained by a global monitor imgleted in NS-2 simulator. See [5]
for implementation details.



estimation, we count it as an incompatible error becausedhbr in detection (and
only this one) causes ADTFRC to be more aggressive than affi@Rily flow and
consequently TCP-incompatible.

A 1]

node mobility speed, m/s

Fig. 2. Identification Accuracy. Left: Percent of inaccurate id&oations in a non-congested
case, Right: Inaccuracy ratio in a congested case

Figure 2 shows the percentage of inaccurate identificatitdoth cases. In the single
TFRC flow case (the left figure), mobility and channel erra lire dominant reasons
for packet loss. The increase in mobility speed reducesdberacy of the single-metric
identification quickly. However, from the simulations, timelti-metric approach results
in only 10% to 30% inaccurate identification. This is achiblag the cross verification
between IDD and STT measurements to eliminate false cangedarms. Meanwhile,
the incompatible error remains less than 2%.

In the multi-flow cases (the right figure), congestion hap@iore frequently. For
multi-metric identification, more than 95% accuracy is alied in all simulations with
less than 2% incompatible errors. For the single metricaggi, accuracy is only about
70% to 80%.

In summary, we have demonstrated that multiple metrics ¢oedowith RSD is a
feasible approach to detect network events by end-to-erduanements only.

4 ADTFRC Protocol Design and I mplementation

We now incorporate the design of Sections 2 and 3 in our ADTBRS@ocol to improve
the performance of TFRC in ad hoc networks.

4.1 Adaptive Rate Adaptation

ADTFRC seeks to maintain backward compatibility with camienal TFRC. It uses
identical connection establishment and connection teangmocesses. It estimates the
RTT and derives the sending rate in the same way with TFRCmfwave the perfor-
mance of TFRC in ad hoc networks, ADTFRC makes several extesist both the
sender side and receiver side.

Upon each packet arrival at the receiver, besides the navpeahtions, values for
the four previously discussed metrics are calculated ahdark states are estimated.
In ADTFRC, the congestion probability is calculated baseadtte outcomes of our
multi-metric identification instead of the packet loss ageifhe receiver then passes
this congestion frequency measurement together with sttimations, i.e., CONG,



CHERR and RTCHG, to the sender in every feedback packetdBg#he regular feed-
back of each RTT, the receiver generdtrgent state update packet as soon as a con-
gestion event is detected and feedback to the sender imtalgdiehe sender maintains
the most current state report received, and proceeds withalol FRC operations un-

til either of the following two events happen: the receptadrieedback packet, or the
re-transmission time out. A modified TFRC state diagram @shin Figure 3 for the
sender.

(
N
Retransmit Timeout Feedback Arrived

RTO triggered| Feedback receiveg

NON-CONG+
CH_ERR

NON-CONG+
RTE_CHG

NON-
CONGESTION

CONGESTION
CONGESTION

(Roule_Chang} ( Channe\_Erro]
< =

TFRC
Congestion
Control

T_new=min(T_calc, 2*T_recv)

Fig.3. ADTFRC state diagram for sender NS-2implementation

A feedback report or retransmission timeout triggers ADTHR take different con-
trol actions according to the current network state esfipnatn particular, a probing
state is introduced to explicitly handle network discortimet When a non-congestion
induced retransmission timeout occurs at the sender, AILTH&ezes its current trans-
mission state and enters a probing state. The sender Ids/probing state when a new
acknowledgement is received or the probing is timed.cthhe ADTFRC connection is
closed after multiple probing attempts fail.

Pseudo-codes that illustrate the actions taken at bothethées and receiver are
avaialbe in our technical report [15].

5 Performance Evaluation

This section evaluates the performance of ADTFRC througgrestveNS-2simulations
in terms of its throughput, rate adaptation behavior as aslthe application level
quality perceived by the end user.

5.1 Throughput Improvement

In the throughput evaluation part, we compare it to TFRC afdP Wwith ELFN [1]
support. Instead of using end-to-end measurements, TCR EbHects link state in-
formation directly from the network and is expected to be enmccurate. It is used as a
reference system; a throughput close to ELFN indicatesfteet&veness of ADTFRC.
Figure 4 shows the single flow throughput of ADTFRC, TFRC a@PINewReno
with ELFN support. The simulation parameters for TFRC flowes set as described in

8 A similar probing mechanism was proposed by [1]



Mobilty Only 10 Mobility + 5% Channel Error 1o Mobility + Channel Error + Congestion

Thioughput, bitsec
Throughput, bitsec
Throughpu, bitsec

mobility speed, m/s : mobilty speed, mis

Fig. 4. Performance Improvement of ADTFRC. From left to right: 1jifity only, 2)mobility+5%
channel error, 3) mobility+5% channel error + 3 competing BECBR flows

section three, and for TCP ELFN flow, we set the packet size tbd®0 bytes and max-
imum window size to be 8 packets. In all three cases, ADTFRWides significantly
better throughput than TFRC. When nodes are mobile, ADTF&f=&es a throughput
improvement from 100% to 800% over TFRC. Furthermore, itigssing to see that
ADTFRC out-performs TCP+ELFN even in a static network whemobility speed
is zero. The reason is because the ACK packet traffic on tlergepath is much heav-
ier in TCP+ELFN than in ADTFRC. Due to the broadcast naturthefwireless link,
such ACK flows contend for the channel access with forwardatg flows, introducing
additional delay in RTT and resulting in throughput decesas

5.2 Rate Adaptation

We further measure the rate oscillations experienced atebeiver for each of these
three protocols. To effectively support best-effort rmaktidia streaming, dramatic rate
variations are highly undesirable.

Rate Adaptation: Channel Error Only Rate Adaptation: Mobility + Channel Error

:WW WD

ZM/WWM o, mm
gMWWWWWWMMW

Fap MMAMWWMWMWD

P simutation time (seey . 0 %77 dimuiation time (sec

throughput measured by receiver side in 1sec

Fig. 5. Smoothness of Rate Adaptation. From left to right:1)Sifighe in static ad hoc network,
2% random channel error. 2) Single flow with node mobility &% random channel error.

In Figure 5 we show the throughput fluctuations at the receike in two environ-
ment settings. The left figure is for the simulation in stat&twork, with 2% random
channel error. It shows that the ADTFRC (the middle one) a@ms a more stable
transport rate.

When mobility and channel error are both introduced as shiowthe right one
of Figure 5, the rate variation of ADTFRC becomes much largienwever due to a
probing mechanism of ADTFRC, the transmission interrumiare much smaller than
the TFRC flow. For TCP+ELFN flow, although its disconnecti@mipd is also short,



due to its aggressive bandwidth probing mechanism, it agradounters more frequent
interruptions than ADTFRC.

5.3 Application Layer Quality

To evaluate the quality improvement perceived by an end, gestuse an application
layer metric,client starvation timehat is defined in [28]. This metric characterizes
the situation when the client experience a freezing motioframe skip during the
streaming. We use the StarWar video trace [27] encoded viiKbps average source
rate in MPEG-4 format. The application layer framing andipdreliability is enabled
at the two end hosts. The implementation details are agéémreel to the technical
report [15].

Single Flow Aggregated for Two Flows
0 m/§2 m/g5 m/g10 m/s|0 m/g2 m/95 m/910 m/s
TFRC |14 |69 (102 |178 (|31 |308 |1083|4032
ADTFRC |2 15 (42 |58 4 137 (216 |367
TCP-ELFN6 17 (39 |67 14 (187 |831 |6873
Table 2. The (aggregated) client starvation time (in seconds) fogld MPEG-4 streaming and
two simultaneous flows (each flow has average source rate amftatDK bps). Each numbers
presented are averaged from 10 repeated runs to filter outldamess of topology and node
mobility. The video trace lasts for 1 hours, with receiveaytiack buffer set to be 96K bytes.

Observe from Table 5.3, the streaming quality measured ieptcstarvation time
is greatly improved by ADTFRC. Compared with standard TFR@GP+ELFN, the
improvement is especially significant in scenarios whentiplel streaming flows run
in a mobile network. A detailed trace analysis is availahleur technical report [15].

6 Reated Work

There are two types of approaches in detecting network aiiogein the Internet. One
is based on end-to-end measurement and the other on feefdbaciktermediate gate-
ways in the network. In mobile ad hoc network, Most of the msgds, [1][6][26][24],
adopt a network infrastructure oriented approach.

In general, the network assisted approach provides a maetanonitoring of con-
gestion, while in the end-to-end measurement approactgahgestion has to be in-
ferred from metric observation. However, end-to-end mesagent maintains the end-
to-end semantics of TFRC and provide a convenient impleatientthat does not need
infrastructure support. In this paper, we explore the tgiisi of end-to-end based con-
gestion detection in mobile ad hoc network usmglti-metric joint identification

Recent studies on the end-to-end measurement based dongktection are pre-
sented in [8][25]. [8] used a single metric based detectiarhsas inter-arrival delay ,
throughput or packet losses. But they indicated a negadiselr simply because of too
much noise in the end-to-end measurement, especially wheée mobility and chan-
nel errors are both present. [25] uses packet out-of-o@&Q) to differentiate packet



losses due to route changes and network congestion. Howkigeis based on the as-
sumption that the packet losses can only be contributedute mhanges or congestion.
In this paper, we tries to provide a more general solutioreliably detect multiple net-
work conditions such as channel errors and network disodtiores using end-to-end
measurements.

7 Conclusion

Multimedia streaming in a mobile ad hoc network is a challegdask. Not only the
network is highly dynamic but also the intermediate nodeshaterogeneous, having
varying capacity and battery power. In this paper, we explor end to end approach
and designed a TCP-friendly transport protocol, ADTFRGirtprove the performance
of rate adaptation of TFRC in such dynamic network. In pafttic ADTFRC uses
multiple metrics to jointly detect network states in thegmece of measurement noises,
so that the sending rate can be adjusted accordingly. Iniaddihe streaming quality
perceived by the end user is further enhanced by the appictyer framing and
partial reliability capability of ADTFRC. Simulations in 82 show that ADTFRC is
able to significantly improves the transport performanceeaf time video streams in a
TCP friendly way.
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