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Abstract— paper, we propose to an overlay streaming media system,
Streaming media delivery is of great importance for ap- which can dynamically switch the transmission path to
plications such as Video on Demand (VOD) and Internet bypass congestion/failures in the order of seconds, based
conferencing. Traditional streaming media systems treat on the feedback of overlay network monitoring system.
the underlying network as a best-effort black box, and ap- Furthermore, we apply skip-free technigues so that the
ply various coding techniques or blindly transmit the data client perceives continuous and smooth media playback

over multiple paths to improve the quality and reliabil-  without disruption.
ity. In this paper, we design and implement an adaptive
live sltreami\rzlg rEediadsystelmbtlhat Ieve_ztrages on th_e emerr]girrl]g Il. STREAMING MEDIA TECHNOLOGIES
overlay networks and scalable monitoring services whic
can provide real-time network congestion/failure informa A. TCP vs. UDP-based
tion when it occurs. First, we examine the performance im-  Itis a common view that neither TCP nor UDP are ad-
provement with PlanetLab [1] global overlay networks and equate for streaming media applications, and numerous
find that in many cases, overlay routing can effectively re- transport protocols are proposed with alternative service
duce the loss rate and/or increase the TCP throughput. The models. Commercial products like Real Player and Me-
client of our streaming media system uses overlay routing to dia Player use RTSP protocol [4], which can be built on
bypass faulty link(s) and reestablish new connection to the top of TCP, UDP or HTTP. By default, they usually use
server in the order of seconds. Furthermore, we apply skip- UDP for performance reasons.
free rewinding techniques so that the client perceive contr However, in a recent revisit, Krasiet al. suggests
uous and smooth media playback without disruption during that TCP is a viable and attractive choice for quality-
the path switch. Deployment and experiments on PlanetLab adaptive video streaming applications, like VOD [5]. In
testbed show that our system can adapt to network conges-fact, the Nullsoft Video (NSV) format [6], which is used
tion in less than four seconds, and achieve skip-free mediaby Winamp [7], only uses TCP for transport-level pro-
playback. tocol. On the other hand, TCP is not applicable for
purely-interactive applications, such as tele-conferencing
and multiplayer gaming. Our implementation is based
I. INTRODUCTION on the SHOUTcast server [8] and Winamp client. But
The Internet has evolved to become a commercial ifUr technique is applicable for both UDP and TCP-based
frastructure for service delivery. However, due to the IBireaming media.
addressing scheme, routing paradigm, and other historical
reasons, the current Internet is not well suited for the puB: Reliability Techniques

pose of service delivery. In response to these challengesy; st existing streaming media systems treat the net-

. N Work as a black box. The reliability is achieved through
functionality within the network near the edges, have begk,q, transport/application-level coding or multi-path re-

proposed and some deployed in the Internet. For instang§ngant transmission [9]. They also do not consider how
commercial Content Distribution Networks (CDN) havg, chqoase the multiple paths. We are one of the first to
been deployed to bring content closer to the end USers.n o rorate the feedback from network monitoring infras-

Many of the overlay applications and services hayg, v re to improve the reliability and throughput in a cost-
flexibility in choosing their communication paths and tar;

S , iffective manner.

gets, they can benefit significantly from dynamic networ

distance prediction (e.g., latency and loss rate). Recently,

some dynamic overlay monitoring systems are proposed I1l. DIVERSITY OF OVERLAY PATHS

and deployed [2], [3], which can detect path outages andin this section, we try to address the question: Can over-

periods of degraded performance within seconds. lay routing indeed bypass the congestion/failures?
Streaming media has many important applications, e.g.In [2], Andersonet al. studied the loss rate, latency

Video on Demand (VOD) and Internet conferencingand TCP throughput improvement on an overlay network

Meanwhile, streaming media has stringent network banof-only 12 - 16 nodes, and found that about 5% of sam-

width/loss rate requirement to ensure its quality. In thiges have significantimprovement (i.e., loss rate reduction



by 0.05 and double throughput). However, there remainWill the probing traffic itself cause losses? We did sen-
many open questions. For instance, it is not clear the psitivity analysis on sending frequency as shown in Fig. 1.
centage of lossy pathsthat receive significant improve-All experiments were executed between lam-3am PDT
ment. How many of them become non-lossy? How willune 24, 2003, when most networks are free. The traffic
the performance be for a larger overlay network, e.qg., mdte from or to each host (§1 — 1) x sending_freq x 40
50 nodes? Furthermore, RON uses bi-directional perfdrytes/sec. The number of lossy paths does not change
mance measurements and take the half as uni-directiomaich when the sending rate varies, except when the send-
performance which is not accurate for asymmetric routirigg rate is over 12.8Mbps, since many servers can not
and asymmetric link performance [11]. We address thesastain that sending rate. We choose a 300 msec send-
issues with our improved experiments below. ing interval to collect loss rate statistics quickly but with
moderate bandwidth consumption.

A. Measurement Methodol ogy

Bandwidth consumption (Kbps)

We choose 51 Planet Lab hosts, each from a different 160012 160 1600 16000
organization as shown in Table I. All the international 1400 |
Planet Lab hosts are universities. g 1200
Areas and Domains # of hosts : a0 |
.edu 33 § 600 |-
.0rg 3 5wl
us (40) .net 2 200 -
-gov 1 o 10 100 1000
. US 1 Sending frequency (number of trials per second)
France 1 Fig. 1. Sensitivity test of sending frequency
Sweden 1 :
Europ Denmark 1 Fro_m June 24 to Jun_e 27,2003, we ran the experiments
Inter- (6) Germany 1 100 times, mostly during peak hours 9am - 6pm PDT.
: Each experiment generatgs x 50x 300 = 765K UDP
national UK 2 . ;
(11) Asia Towan 1 packets, totaling 76.5M packets for all experiments. We
) Hong Kong 1 run the loss rate measurements three to four times every
Canada > hour, and run the pair-wise traceroute f_or I_atency every
Ausiralia 1 two hours. Table Il shows the loss rate distribution on all
the paths of the 100 runs. About 96% of the paths are non-
TABLE | lossy. Among the lossy paths, most of the loss rates are

lessthan 0.5. Though we try to choose stable nodes for ex-
periments, about 25% of the lossy paths have 100% losses

We measure the loss rates between every pair of hogisd are likely caused by node failures or other reachability
Our measurement consists of 300 trials, each of whlplnob|ems_

lasts 300 msec. During a trial, each host sends a 40-byte

UDP packef to every other host. Usually the hosts wilfjoss [0, lossy path [0.05, 1.0] (4.1%)

finish sending before the 300 msec trial is finished. FOfate | 0.05) [[0.05,0.1)] [0.1, 0.3) | [0.3,0.5) ] [0.5,1.0)| 1.0
each path, the receiver counts the number of packets[res | 95.9% | 15.2% 31.0% | 23.9% 43% | 25.6%
ceived out of 300 to calculate the loss rate.

DISTRIBUTION OF PLANET LAB HOSTS FOR EXPERIMENTS

To prevent any host from receiving too many packets TABLE Il
simultaneously, each host sends packets to other hosts iDoss RATE DISTRIBUTION LOSSY VS. NON-LOSSY AND THE
a different random order. Furthermore, any single host SUB-PERCENTAGE OF LOSSY PATHS

uses a different permutation in each trial so that each des-

tination has equal opportunity to be sent later in each trial, Next, we will show the performance improvement
because when sending packets in a batch, the packets aehteved through single-node relay on the overlay net-
later are more likely to be dropped. Such random permweork. For each paths¢c — dest) considered, we find
tations are pre-generated by each host. To ensure thatlal overlay path{rc — relay — dest) that gives most
hosts in the network take measurements at the same tiperformance improvement. The performance of overlay
we set up sender and receiver daemons, then use a wath is computed with the formulas below: stands for
connected server to broadcast a “START” command. loss rate andp stands for throughput.

\We classify a path to be lossy if its loss rate exceeds 5%, whi?p .
is the threshold between “tolerable loss” and “serious loss” as defined@verlay — (1)
in [10].

220-byte IP header + 8-byte UDP header + 12-byte data on sequentBoveriay = min(tp(src — relay),tp(relay — dest))
number and sending time. (2)

1= (1=Ir(src — relay))(1—Ir(relay — dest))



B. Loss Rate |mprovement

OVERLAY NETWORK
New Overlay Path OPERATION CENTER
In a total 0f2550 x 100 = 255,000 path measurements, oy ooy 2
2. Register trigger

10,980 (or 4.1%) are lossy. Among them, 5,705 paths @ =3
(52.0%) have loss rate reduced by 0.05 or more and 3,084 4 Detect congestion connection SEF:'%ER

paths (28.1%) change from lossy to non-lossy.

failure

3. Network congestion /
C. Throughput Improvement

We do not have root access on PlanetLab machines 7. Skip-free streaming
media recovery

thus we cannot deploy lightweight bandwidth measure-
ment tools such as [12], [13] to simultaneously measure

the bandwidth among the 2,550 paths. Instead, we use €5 Event-driven diagram of monitoring-based adaptive overlay
formula from [2] as below to estimate the TCP throughnegia streaming

OVERLAY RELAY
NODE

put.
L b B V1.5 3 Given millions of clients, we cannot monitor the net-
throughput = it % \/loss rate (3)  work distance for each of them. We group the client by

_ o _ . the autonomous system (AS) (or more sophisticated tech-
wherertt is the round-trip time antbss_rate is the uni- pigye like [15]) and assume that there is an overlay node
o_Ilrec_tlonaI loss rate of the path. It pro_wdes a good feferred as proxy) in the same AS of the client and ex-
timation of the path throughput for a wide range of loSseriences similar congestion/losses as the client does. If
rate [14]. congestion is in the last mile of the client, any scheme

Among the 255,000 path measurements, 60,320 pafligied on path diversity will not work. For simpiicity, we
(24%) have non-zero loss rate, and thus computablgsyme that the client and its overlay proxy are the same
throughput. When the loss rate is 1.0, the path is discq{jjge.
nected, so we set the throughput to be zero. Note that mos{ext, we will discuss the techniques for each step of
paths with small bandwidth has non-zero loss rates. %Saptation.
this subset covers most of the paths of which the throug
put can be improved.

Since we only consider a subset of overlay paths (249), Detection of Congestions
the performance improvement below is a conservative sy, implementation, we have the client passively

timation. Still, the results are very encouraging. Amonl%onitor the throughput every 200-300 msec Use

the 60,320 path measurements, 32,939 (54.6%) paths h@(ﬁonential—weighted moving average (EWMA) for bet-

mrougﬂpu: (;mpt:;)vctled, and 13,734 (22.8%) paths hay& stability. If the smoothed throughput drops below cer-
roughput aoubled or more. tain threshold (e.g., 50% of streaming bitrate), we assume
the congestion occurs.

IV. MONITORING-BASED ADAPTIVE OVERLAY
STREAMING MEDIA

In addition to streaming media clients and server, thBe' Recovery Path Selection with Dual Metrics
system is composed of a set of overlay nodes, e.g., thé'he path is selected based on two metrics: throughput
CDN. For the rest of the paper, we refer “overlay nodegind latency, based on a similar techniques in [16]. As-
as “nodes”. These nodes and the server are controlledstyne that we use a scalable overlay monitoring system
an Overlay Network Operation Center (ONOC), whichke [3], the up-to-date throughput and latencies between
instruments some of the nodes to continuously meas@ery pair of nodes are available at ONOC, which will se-
some paths for a complete map of network conditioh@ct the recovery path for the client.
among the nodes [3].

Normally a client directly connects to a server fo , . ,
streamingymedia content. )I/t also registers the path arid XiP-free (Lossless) Sreaming Media Recovery
sets up atrigger for path performance warnings at ONOC.To bypass network congestion or failures, the client
When the path incurs congestion/failure, ONOC deteateeds to tear down the current connection, switch to the
that either through passive monitoring by the client @verlay path and reestablish the connection to the server.
through some active probing instrumented by ONOGCor live streaming media or when the server is broadcast-
Then ONOC searches for an alternative overlay path ittg the media to multiple clients, the reconnected client
bypass the faulty path, and sends that to the client if suetay lose part of the data. In this section, we discuss the
path exists. The client tears down the current connectignptocol and implementations for continuous (skip-free)
sets up a new connection via overlay node(s), and attempisdia playback.
to concatenate the new streams with the old one for skip-We add a buffering layer at the server and an overlay
free effect. The event driven diagram is shown in Fig. 2layer at the client to work with legacy client and server
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Fig. 3. Architecture of monitoring-based adaptive overlay media sirepm

softwares. The architecture is shown in Fig. 3. Our inasclient_count). The server then uses the current num-
plementation is built on Winamp [7] client and SHOUTber of bytes broadcastedefver_count) to determine
cast [8] media server software. But it can be extended fime amount of broadcast data that the client is missing
any TCP or even UDP based streaming media protocoléserver_count — client_count). If the amount of missing

When a client sends a connection request to the streafata is no larger than the buffer size, the server resumes
ing media server, the media server responds with a serdata transmission from exactly the point where the con-
header indicating the server type, build, etc. The bufferection dropped before, and the client will have perfect
ing layer at the server keeps track of the current numiegncatenation with the old media streams.
of bytes broadcasted and inserts that information into theDuring the path change, the Winamp client is discon-
server header. The overlay layer at the client also recorgiscted from the server, but it will continue the playback
the current number of bytes broadcasted. This is to enswi¢h data in its own buffer. If it receives new streams
that both the server and the client have a common reféem the reestablished connection before running out of
ence point as the absolute byte offset from the beginnitige buffer, the client will perceive continuous skip-free
of the media, then the client starts counting the numbermwiedia playback. The path change and stream concate-
bytes it receives. nation are transparent to the user.

During normal video streaming playback, both the The minimum size of buffers on the server and client
server and the client know the number of bytes broafbr skip-free playback depends on the streaming bi-
casted. The data flows directly from the SHOUTcastate and the adaptation time defined as the period from
server to the client. Meanwhile, the most recent datae moment that congestion/failure occurs to successful
streamed are cached in the buffering layer of the serverstream concatenation. The maximum streaming bitrate

When a path change occurs, the client sets up a nfw DSL/cabel modem is 450 Kbps [17]. As shown in
path via overlay node(s) to connect to the streamifBgc. VI-A, the adaptation time is about 10-20 seconds.
media server. When reconnected, the filtering layer ®hus a buffer of 1.2 MB is sufficient. Even if the missing
client issues a “reset” signal along with the clients laslata is bigger than the server buffer size, the server can
known number of bytes the server broadcasted (denoggil start from the beginning of the buffer to alleviate the



losses. The baseline for comparison is the client-server stream-
1) Implementation Details: Each normal client has aing media without monitoring-based adaptation. Thus
data queue. There is a main thread reading data from tileen congestion occurs, the Winamp client will gradually
SHOUTCcast server and enqueuing the data to each quaua.out of buffer, and eventually stall the media playback.
Every client also has a dequeuing thread which dequediesomparison, our monitoring-based approach will adapt
the data and sends it to the client. When disconnected, théhe congestion. There are two metrics: 1) the adaptation
client removes the queue and exit the dequeuing threadime defined before, and 2) successful skip-free continu-
For each reconnected client, a separate rewind thread playback.
(denoted as the dotted curve in the buffering layer at
Fig. 3) will be spawned to calculate the byte offset of the
streaming data where the client left off (the concatena-
tion point in the buffer as shown in Fig. 3), and transm#. Adaptation time
the data from the buffer. The sending rate of the rewind The adaptation time breakdown are as follows.
thread for the reconnected client is higher th_an that ofl) Detection of congestions: the time from introduc-
those normal clients so that the reconnected client can re- ing the bottleneck link via PacketShaper to when the

fill its buffer quickly. From our experiments, the catchup  ¢jient detects the congestion is less than one second.

time is negligible to the path switch time. _ 2) Client reports the congestion to the ONOC: less
When the reconnected client catches up with normal * than one second.

the streaming data as the main thread, the main thread” e path, send to the client. We run the through-

will take over the client, and the rewind thread can exit.  nt calculation and path finding on the tomography-
To avoid the synchronization overhead between these two  pased overlay monitoring system [3] for a 50-node
threads, we have the main thread enqueue the reconnected overlay network on Planet Lab, on average it takes
client as well (denote the starting index as reconnection  gpout one second.

point). Since the catch up time is negligible (in the or- 4y client tears down old connection, sets up new con-
der of seconds), we assume that the queue of reconnected npection via overlay node and gets the new media
client can hold the transmitted data of the main thread in  qata concatenated: on average 0.6 second.

that period. Then the rewind thread only needs to transmity o adaptation time: less than four seconds. When

the data from the concatenation point to the reconnectiﬁ{b latency between client and overlay relay node or be-

point. After that, it becomes a normal dequeuing threaﬂveen overlay relay node and server is bigger, we get

transmitting data from the queue to the client. larger adaptation time. But conservatively speaking, the
We can also apply this technique to app“cat'on'.levéldaptation time should be 10-20 seconds.
media multicast. So the edge overlay nodes use skip-free

technique for their clients. Presumably, this technique
is also applicable to wireless streaming media when tBe Effectiveness of skip-free

VI. PERFORMANCERESULTS

handoff occurs. Current experimental settings show perfect concatena-
tion of streaming media. We also do the experiments on a
V. EVALUATION METHODOLOGY few other Planet Lab nodes, and find that as long as there

are enough available bandwidth on the overlay path and

We implemented the client overlay layer in 2200 linegeasonable adaptation time, we achieve the skip-free con-
of C# code and the server buffering layer and overlay rgatenation.

lay layer in Java, with 1100 lines and 900 lines of code,
respectively.

We deploy our system on Planet Lab [1], a global net- VII. CONCLUSIONS
work testbed. For most of our experiments, the SHOUT- |n this paper, we first examine the diversity of Inter-
cast server is placed at UC San Diego, the ONOC is @t end-to-end paths and find that in many cases, overlay
Stanford University, the overlay relay node is at HP Lab @buting is effective on reducing loss rates and/or increas-
Palo Alto, CA, and the Winamp client is at UC Berkeleying throughput. Then we design and implement an adap-
The client is an Intel P11I/500MHz Windows XP machingive streaming media system which leverages on scalable
with 256MB RAM on 100Mbps switched Ethernet. Alloverlay monitoring services to bypass congestion/failures
other hosts are Planet Lab nodes, 1.0GHz-1.8GHz Linwithin seconds. Furthermore, skip-free rewinding tech-
machines with 512MB-883MB RAM. niques are applied so that client perceive continuous and

The bottleneck is introduced by using a&mooth media playback during the path switch.
Packetegr) PacketShaper [18]. The streaming bi-

trate is about 600 Kbps and less than the normal available

bandwidth between client and server. During streaming, VIlI. A CKNOWLEDGEMENT
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