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Abstract 1 Introduction

Multicast services have been used for many years i@y ticast provides data delivery to groups of re-
transmit multimedia data to large receiver groups.ceivers that can scale to very large sizes. Multi-
However, only recently have counterpart network caqt allows applications to scale with group size by

services been introduced that provide similar Sca"providing bothbandwidth savingsby duplicating
ability and anonymity in the opposite direction (i.e., packets in the network instead of at the end sys-
messages fro.m a group of senders destined for fems, andanonymity hiding group membership in-
common receiver). formation from senders and allowing them to deal
In this paper, we explore how these emerging seryith the group as a single entity. Multimedia ap-
vices, specifically aoncast servicecan be used pjications have long been prime users of multicast
to improve the scalability and performance of mul- services. For example, real-time audio and video
timedia applications. In particular, we show how gpplications have been running over the Internet for
such services can be used in both the control angears now.
data planes to overcome WeII—knqwn scalability Traditionally, the only way to send information in
problems (e.g., with RTP) that are difficult to solve

: : the reverse direction in a multicast application (i.e.
effectively with end-system approaches alone. Wefrom many group members to one or a few end sys-

validate our solutions by presenting expenmentaltems) is via the same service used in the forward

results taken from prototype video and audio ap'direction, i.e. unicast or multicast. For example,

plications we designed and implemented. Our |n|-many deployed multimedia applications need con-

t'?l resul_tts jho_w thatks?cl)w as TUCh as tvf['ﬁ ord(;:%rol information (feedback) to be sent from receivers
ol magnitude in packet loss rates using these g, e source; these applications either use UDP or
generic services.

require all receivers to also act as multicast senders.
*Effort sponsored in part by the Defense Advanced Re- This limits the scalability of such applications, be-
search Projects Agency (DARPA) and Air Force Research Labcause (i) as data from many sources is “funneled”

oratory, Air Force Materiel Command, USAF, under agree- toward one receiver, the load may exceed available
ment number F30602-99-1-0514. The U.S. Government is au- . . .
thorized to reproduce and distribute reprints for Govemmme resources (either in the network or in the end sys-

tal purposes notwithstanding any copyright annotatioretie. (€M), resulting inimplosion[17, 18]; and (ii) the
The views and conclusions contained herein are those ofithe a receiver is forced to deal with the many group mem-

thors and should not be interpreted as necessarily refiregen perg individually, destroying anonymity.
the official policies or endorsements, either expressedner i .. e .
plied, of DARPA, the Air Force Research Laboratory, or the 1 hese limits are difficult to overcome with end-

U.S. Government. system-only mechanisms. EXxisting solution ap-




proaches typically fall into one of two categories. an end-to-end service that uses concast to aggregate
Either the end-systems learn/guess/infer the groufReal-Time Control Protocol (RTCP) feedback for
size and adjust the feedback rate appropriately [18media applications. Section 4 describes two exam-
19, 4], or they create an overlay network in the re-ple end-system combining services, one for video,
verse direction to aggregate control information [22,the other for audio. We describe a prototype im-
16]. plementation of the video and audio service and

Recently, however, various network-based mechPresent experimental results that demonstrate the
anisms have been proposed to aid in overcomingscalability of our approach with as much as two or-
these limits. For example, Pragmatic General Mul-ders of magnitude reduction in packet loss rates us-
ticast [21] is a protocol based on a set of router-iNg our video service. Section 5 discusses related
based mechanisms that can improve the scalabilityvorks, and Section 6 summarizes our conclusions.
of multicast applications that use sender-based re-
transmissions. Generic Router Assist [7] comprise
simple router-based mechanisms that can be use

in a variety of ways to improve scalability and per- ¢4t is a many-to-one communication service

formance of group applications. Concast [8, 9]iS ayhat provides the symmetric inverse of multicast: a

backward-compatible many-to-one service that al-q, 1 of senders transmit messages that are merged
lows application-specifiedhergingfunctionality to

- . - enroute to a common receivAr. As with multicast,
be loaded mto supportlr_wg routers,.thereby prowdlngan arbitrary number of group members (senders)
the same kind of benefits as multicast. are represented by a single group addi@sshid-

In this paper, we show how such network-baseding the group’s membership from the concast re-
mechanisms can improve the performance and scakejver R. Packets delivered t® are derived from
ability of multimedia applications in two ways: the packets sent by members®f A concast flow
First, in the control plane, by permitting feed- is uniquely identified by the paiiG, R). Each flow
back to be transmitted to the source without implo-js created by its receiver, and senders “join” the flow
sion and with anonymity, and second, in the datapefore they begin sendifgThe Concast Signaling
plane, by allowing multimedia streams to be com-protocol (CSP) handles establishment of the rele-
bineden routeto a point of convergence. The lat- vant flow state in the network, i.e. at all concast-
ter capability is an alternative to the placement Ofcapab|e nodes on the paths from group members to
transcoding or combining servers throughout thethe receiver. Each concast capable router maintains
network [3, 2, 12]. Such servers present some praca flow state blockthat records anerge specifica-
tical difficulties: identifying the “correct” location  tion describing how packets are to be merged, and
for a server is difficult, and moreover it may vary an upstream neighbor lis(UNL) that records the
with group membership and network congestion.next concast-capable nodes “upstream” (towards
However, using a generic network-level service like the senders) for this flow. The UNL is maintain us-
concast, transcoding and merging of data flows cafing soft-state techniques similar to RSVP [5].
be done without any a priori knowledge of where  The concast service allows for different merging
the transcoding takes place. This approach impliegomputations to be carried out by the network; the
the use of network computation resources on behalfiesired semantics (i.e. the merge specification) are
of applications; in this paper we also investigate thesypplied by the receiver at flow setup time.
computing load imposed by this kind of application.  The merge semantics are characterized by a

The remainder of this paper is organized as fol-merge specificatignwhich defines (1) how data-
IOWS_' Section 2 gives a brief overview of the C_OncaSt "Note that for concast, both receivers and group members
service on which we have developed solutions tOgjgnaj before sending; for multicast, both are also requice
the problems described earlier. Section3 describesignal, but the two sets coincide.

Concast Overview
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grams delivered to the receiver are derived from

datagrams transmitted by different senders (2) the

timing of datagram forwarding and delivery; and (3) ProcessDatagram (Receiver R, Group G,
which datagrams are combined with each other (e.g. IPDatagram m) {

only packets containing the same sequence number

are merged with each other). A custom merge spec- FIowStateBIock fsb;

ification can be specified by supplying definitions I\DAESTZ% tt’ Block s:

for the functions shown in Figure 1(b) which will gestateblockss,

be executed in the framework shown in Figure 1(2).  ¢sp = LOOKUP ELOW (R, G):

if (fsb 1= NULL) {

In all the examples described in this paper, the t = fsh.getTag (m);
language used to supply and execute merge specifi- s = GET_MERGE_STATE (fsb, t);
cations was the Java language. Datagrams are pro- S =UPDATE_TTL (s, m);
cessed hop-by-hop at concast-capable nodes via a S = fsh.merge (s, m, fsb);
new IP option called theoncast IDwhich hold the if (fsb.done (s) ) {
group identifierG. Given the paif R, G) the packet (s, m) = fsb.buildDatagram _(S);
) . : . FORWARD_DG (fsb, s, m);
is demultiplexed to the appropriate merge function. }
We have built a prototype concast implementa- PUT_MERGE_STATE (fsb, s, t);

tion that comprises: a user-space CSP implementa- 3}

tion; a user-space “merge daemon” framework for }

Java and one for TCL; and linux kernel modifica-

tions to allow sender/receiver signaling via socket (@) Network per-packet processing

options, as well as intra-kernel routing of concast

packets to and from the merge daemons. All resultsgetTag(m) a tag extraction function returning a hash
shown in this paper were collected using this real or key identifying the message. Message m

i i i and m’ are eligible for merging iff
implementation of the service. oetTag (m)  getTag (m’)

merge (s,m,f) : the function that combines messages
3 Scali ng RTP/RTCP togather. The first parameter is the current
merge state (i.e. information representing mes-
sages that have already been processed). The

A common protocol used in many multimedia video second parameter is the new message to merge

and audio applications is theeal Time Protocol into the saved state s. The third parameter is a
(RTP) [20]. RTP is a general purpose protocol "flow state block" containing information about
that can be used by a wide range of realtime - tt}}lle ‘;OflcaStd.ﬂOW tOdWhltChﬂf:ltbe}llOHI%S-

: : : : . one (S) : € Torwarding predicate that checks s,
pllgatlons. Because realtlme.appllcatl_ons often re- the current message state, and decides whether
quire feedback from the participants in the multi- a message should be constructed (by calling
cast group, RTP’s control protocol, RTCP, provides buildMsg) and forwarded to the receiver.

a generic feedback mechanism via the use of Re4yildMsg (s) : the message construction function,
ceiver Report (RR) messages. RR messages pro- which takes the current message state s, and re-

turns the payload to be forwarded toward the

vide the source with information about the perfor- X
receiver.

mance of each receiver in the group. For example,
given information about the loss rates at receivers,
the source can adjust its transmission rate, encoding
scheme, number of multicast groups, etc. The RR
message format is shown in Figure 2. Each RR cor-
responds to a single reporting interval and carries

(b) Functions that comprise a Merge Spec

Figure 1: The Concast Framework

3



0 8 31 timal reporting interval for RRs [18, 19].
el Using concast for RR transmission has several
obvious advantages, the main one being that feed-
extended iahest sequence number received Block 1 back messages only need to be sent (via concast) to
the realtime data source. Other nodes can remain
oblivious to the size and membership of the group
and can send feedback at a constant rate, relying on
SsRe2 | Bloe2 the concast service to limit the bandwidth used by
| feedback messages.

fraction lost cummulative number of packets lost

interarrival jitter

last SR (LSR)

delay since last SR (DLSR)

Figure 2: Format of Report Blocks in the Receiver 31 Merging RTCP Receiver Reports

Report In the following we present three possible concast
merge specifications that can be used to efficiently

information about the source of the report messagec®MPineé RR reports so that implosion is avoided.

the current loss rate, cumulative losses, how mucHt is important to note that the RTP/RTCP protocol

of the stream has been received (the highest nurmd0€S Nnot specifinow the application uses the in-

bered packet seen), interpacket delays (jitter), andormation from RRs. Typically the application is

information identifying the reporting interval. Each ONlY interested isummarnyinformation, such as the
RR may contain reports from multiple sources. ~ MaXimum loss rate, minimum delay, minimum se-

Each ver in th odicallv t it guence number received, average jitter, or longest
ach receiver in the group periodically transmits reporting interval. However, in certain cases the ap-
a RR describing its current performance informa-

i As th o th b 1plication may want to see each report as opposed to
lon. As Ihe group size Increases, the numboer Osummaryinformation (e.g., to learn group member-

RRs transmitted grows "‘?”d 'mF"OS'O” become_s aship); in these cases the use of concast can still be
real problem. To prevent implosion, RTCP uses 'n'advantageous to prevent implosion

formation about the current group size to determine In view of the application-dependent semantics

the rate at which each receiver transmits RRs: as tth RR messages, we present merge-specifications
size of the group increases, the rate of RR transmis; )

ion d In order to di th .__for three classes of applications: (1) those that want
sion decreases. In order to discover the group S'Zewmmaryinformation, (2) those that wartom-

Z” RR's alrte n:lultlca_st to all merITI1tI;eRr’s ?f the gilroup. pleteinformation, and (3) applications that use cus-
hs. aresu d Ia reiﬁlvers see a s from all Ma- 1omized RR packets. To simplify the presentation
chines (and learn the group size). of the three classes of merge specifications, we will

Although this approach ameliorates the problemyse the packet field names listed in Figure 3.
of implosion at the multicast source, it has sev-

eral drawbacks. Because RRs are multicast, th
anonymity of the multicast abstraction (i.e., group
members are not known) is destroyed. Also, mul-Generally a multicast sender is not interested in
ticasting RRs means that all group members beeach receiver’s individual report, but rather wants
come vulnerable to implosion (not only the mul- to know quantities such as the maximum loss rate,
ticast source). Increasing the time between RRghe minimum delay, or the minimum sequence num-
as the group size grows also increases the time reber received. Such information can be obtained
quired for the application to react to changes in net-by deploying a merge specification that invokes the
work conditions. Because of the difficulty and im- desired operator (e.gni n, or max) on incoming

portance of this problem, various researchers haveackets. Whenever the merge function receives a
proposed end-system approaches to estimate the opacket, it compares the desired field in the incoming

S11 Aggregating Receiver Reports
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struct RR_Packet {
struct report src[32];

/* may contain nmultiple reports */

*/
*/
*/
*/
*/
*/

}
struct report {
u_int32 ssrc; /* receiver generating this report */
u_int32 frac_lost:8; /* fraction |ost
u_int32 cumlost:24; /* total (cummulative) |ost
u_i nt 32 hi ghest; /* highest seq # received
u_int32 jitter; /* interarrival jitter
u_int32 |l astRR /* last receiver report
u_i nt 32 del ay; /* delay since last RR
}

struct RR_Packet *m

/* message mpoints to an RR _Packet */

Figure 3: RR Packet Fields

packet (e.g., the fraction lost) against the maximum

(or minimum) value seen so far. Once all upstream

neighbors have been heard from, the resulting value
(e.g., maximum loss rate) is forwarded toward the

receiver (multicast sender).

Figure 4 shows (in psuedo-code) an example
merge specification that computes the maximum
values of the fields in the RR packet.

For simplicitly, the following code requires that
each RR message contains a single report. gete
Tag predicate simply returns a constant so that a
node will merge all RRs that come in during a re-
porting interval. Thanergefunction compares the
incoming fields with the existing merge stateall
fields ins are initialized to 0. The flow variabl&
is the concast group identifier.

Thedonepredicate returns true the first time it is
called, and thereafter returns false. ThaldMsg
function sets a timer to automatically invoke it-
self (and the forwarding function)nterval sec-
onds from now. When the timer expires, it in-
vokes forwardMsg(R, G, fsb.buildMsg(s)) to
send the merged packet. This wakes up the merge
specinterval seconds from now to forward the re-
sult of all RR packets seen during the next reporting
interval. Thus, after the first packet, packets are for-
warded everynterval seconds.

mu
Note that with this approach the multicast sender

does not learn anything about (or need to man-
age/keep track of) the group’s size or the identity of

5

getTag(m) {
return(1);

merge(s, m, fsb) {
s.ssrc=G;
s.fraclost = max(s.fradost, m.src[0].fradost);
s.cumlost = max(s.curdost, m.src[0].curdost);
s.highest = max(s.highest, m.src[0].highest);
s.jitter = max(s.jitter, m.src[0].jitter);
if (m.src[0].lastSR > s.lastSR){
s.lastRR = m.src[0].lastRR;
s.delay = m.src[0].delay;
}
}

done(s) {
if (s.started){
s.started = TRUE;
return TRUE;
} else
return FALSE;

}

buildMsg(s) {
struct RRpacket pkt;
pkt.src[0] =s;
settimer(now+interval);
return(pkt);

Figure 4. RR merge specification to compute maxi-
ms.



the group members. Because control information is
merged as it travels toward the multicast sender, the
multicast sender only receives a single RR packet,
regardless of the group size. Moreover, control mes-
sages are only sent to the multicast sender and not
to all group members, thus avoiding implosion at
other group members. Clearly, other types of ag-
gregation are also possible, such as computing the
average jitter.

3.1.2 Multiplexing Receiver Reports

In certain cases, the application may want to dis-
cover the identity of all receivers, or associate a re-
port with a particular receiver. To collect this infor-
mation from large groups without causing implo-
sion, the merge specification can be written to hold
RR packets for aggregation as they arrive. Fortu-
nately, the RTCP packet format already supports the
ability to concatenate multiple RR reports into a se-
guence ofreport blocksin an RR packet. When a
maximally sized RR packet has been constructed or
a timeout interval has expired, the resulting packet
is forwarded on to the destination. Essentially, con-
cast nodes perform packet processing similar to that
of an RTCP translator [20]. The merge specification
for concatenating RRs is shown in Figuré SThe
getTagpredicate (not shown) is the same as the one
in Figure 4.

3.1.3 Customized Receiver Reports

RTP allows application-specific RTCP packet for- o

merge(s, m, fsb) {

for (i=0; ijm.numrecords; i++]
s.src[fsb.count+i].ssrc = m.srcfi].ssrc;
s.src[fsb.count+i].fradost = m.srcf[i].fraclost;
s.src[fsb.count+i].cuntost = m.src[i].cumlost;
s.src[fsb.count+i].highest = m.src[i].highest;
s.src[fsb.count+i].jitter = m.srcf[i].jitter;
s.src[fsb.count+i].lastRR = m.src[i].lastRR;
s.src[fsb.count+i].delay = m.src[i].delay;

}

fsb.gount +=i;

done(s) {
if (fsh.count ¢= 31)
return(TRUE);
else
return(FALSE);
}

buildMsg(s) {
struct RRpacket pkt;
canceltimer();
fsb.count = 0;
pkt=s;
settimer(now+interval);
return(pkt);

Figure 5: Merge specification to multiplex RRs.

16 31

mats called APPs [20]. To use concast in this

SSRC_1

case, the application would create a customized

Name (Tag)

merge specification that knows how to deal with

Report Count

the application-defined packet format. For example,

Average Loss Rate

the application may want to simultaneously com-

Max Loss Rate

pute maximum, minimum, and average loss rate ex
perienced by receivers. In this case it might creat

Min Loss Rate

an APP packet such as the one shown in Figure 6.
The merge specification (nhot shown here) to com-

2For simplicity the psuedocode shown here ignores the case
when the size of the incoming RR exceeds the capacity of the
new RR.

Figure 6: Example APP packet format.



pute/aggregate these values would be similar to th@ideo quality if the bandwidth is not managed care-
code shown in Figure 4. fully.
To control the potential implosion at or near the

instructor, a concast session can be established that
4 Scaling Multimedia Applications  transcodes the incoming streams into lower quality

streams, thereby reducing the network bandwidth
The previous examples primarily focused on waysrequirements. To support this type of application,
to improve multimedia communication in the con- we designed a simple merge function that scales the
trol plane. In this section we show how to im- incoming video stream by down sampling the pix-
plement scalable multimedia applications by usingels that comprise each frame of the video. The goal
concast in the data plane. In particular, we showof the merge specification is to ensure that all in-
how to inject transcoding functionality into the net- coming streams are down sampled into a single out-
work to dynamically manage bandwidth require- going stream. In other words, each network link
ments and avoid network congestion. First, weshould carry no more than one video steam. Conse-
will describe our implementation of a video merg- quently, the merge specification keeps track of the
ing application that uses concast to intelligently number of incoming streams and the number of stu-
transcode video streams to lower bit rates to pre-dents (video streams) encoded in each video stream.
vent congestion and provide fair bandwidth sharinglt then assigns a region of each outgoing frame to
among video streams. Second, we describe a coreach incoming video stream and down samples the
cast implemenation of an audio application that dy-stream appropriately to fit in the assigned region.
namically combines music or voice exactly where As new students “join” the class, other students im-
needed (in the network), so that only a single audicages are adjusted to make room for the new student
stream crosses any bottleneck link. (see Figure 7).

4.1 VideoMerging

10Mbs

- ——

1

Applications involving video often require the abil-
ity to receive video feeds from multiple sources
simultaneously. Examples include applications
such as distance learning and video monitor-
ing/surveillance. The objective is to receive the
best possible video quality from all sources. Be- ‘ ‘
cause the video flows will compete for bandwidth
at confluence points, not to mention competing withFigure 8: Topology used in the video merging ex-
random cross traffic, it is difficult to devise end- periments.
to-end solutions that share bandwidth fairly among
flows [15, 10]. To evaluate concast’s ability to combine video

Consider a distance learning application in whichflows inside the network, we implemented the video
the instructor wants to see the video feed from eachmerge application on top of our (Linux-based) con-
student in the class, while each student only needsast router implementation and measured its perfor-
to see the instructor. Video transmission from themance. Our test topology in shown in Figure 8. We
instructor to the students can easily be handled bysed four video senders, each transmitting an unen-
a multicast session originating from the instruc- coded (i.e., raw) video stream at a rate of 3 Mbps.
tor. However, the video flows from the students to All network links, except the link to the concast
the instructor quickly result in implosion and poor receiver, were 100 Mbps Ethernet. The link from
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(a) Initially there may only be four students who's video (b) As more people joins the class, the concast merge
is merged into a single video stream that is displayed.  function dynamically adjusts the video to make room for
the new students.

Figure 7: lllustration of a Distance Learning Applicatioithe video stream from each source is down
sampled at the merge point, resulting in the viewing wind@e st the receiver remaining constant while
the number of subwindows increases (i.e. more participaatsl the size of subwindows decreases.

the “Merge 1" node to the receiver was a 10 Mbps
Ethernet to create a bottleneck. When all 4 senders
join the group, the total (unicast) video bandwidth
transmitted is roughly 12 Mbps, which leads to con-
gestion over the 10 Mbps link to the receiieFor GPU Usage Of Cancast Merge Nodes
comparison purposes, we tested both a unicast and”
a concast implementation of the application. 5
Figure 9 shows the CPU load caused by merge A
processing on each of the three merging router
(nodes 1, 2, and 3)0ur concast merge specification
was written in Java and runs in a user-level JVM,
which accounts for the majority of the load. Ini-
tially, video sources are started on senders 1 and 3. |
This causes the the load on merging node 1 to in- ‘

9 i i : E.__iiG .

crease (see point A in the graph). Video sources ° % 100 150 200 250 200 %0
. Time(seconds)
were then started on senders 2 and 4 (points B and

C), causing the load to increase on merging node&igure 9: Merge processing load imposed on con-
cast routers.
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3The realizable bandwidth is actually less than 10 Mbps.

“Merging node 1 happened to be a 600 Mhz Pentium,
whereas the other nodes were 400 Mhz Pentiums — so the load
appears to be lower on node 1 even though it is doing the same
processing as the other nodes.



2 and 3 respectively Note that when a node only surements on our unicast implementation.  Fig-
has one upstream neighbor, packets are forward d¢e 11 illustrates the incoming packet rate to Merge
normal without invoking the merge processing. De-node 1 (the solid red line) and the outgoing packet
spite being implemented in java, the merging coderate (the dashed green line). Because the transmis-
(which is merging two 3 Mbps incoming streams Sion exceeds the link's bandwidth, we see roughly
into a single outgoing 3 Mbps stream) does not ex-400 packet drops per second.
ceed a 60% CPU load. At the end of the test, the
senders terminate (points D, F, and I) and after the .« . - - S
concast softstate times out, the CPU loads again re- ‘\‘ - - S
turn to zero (points E, G, and J). . *
As a comparison, we also ran a test with only wl w
unicast transmission under the same setting. In the ‘ L
unicast setup, when all four senders start sendingz T ‘
video, the receiving windows randomly experience f w0 “ \
discontinuation in the video stream due to packets |-
losses. In the concast setup, all four video windows **
receive data as smoothly as when only one senderis e e B P B s Recaved

0 50 100 150 200 250 300

sending. Time(Seconds)

Unicast Packet Loss Across Bottleneck Link

Figure 11: Unicast packet loss due to congestion
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| Finally, although this particular example did not

\ require many-to-many video streams, other telecon-
| ferencing applications require the ability for all par-
"°° | ticipants to see all other participants. This is a sig-
nificant problem for conventional teleconferencing
” il applications because, even when using multicast, it

i
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| | requiresN video streams to every participant (one
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ch)
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Packets(approx. 1320 bytes ea

200

out andN — 1 in). However, by using concast to
0 ,___ padkes Regoed Afer Herge ccessng combine streams together, we can guarantee that
' ¢ " metseconty end systems only need two video streams to par-
Figure 10: Bandwidth savings from the concast serJiciPate (one going out, and one (combined) stream
vice coming in). Streams going out would be merged

enroute to a central aggregation point that remulti-
Figure 10 illustrates the bandwidth savings of casts the combined stream to all participants. Be-
merging video streams togeather. Packet trace§ause data is merged inside the network, scalability
were collected on ingress to merging node 1 (top),of the central server is not a problem.
and at the egress of merging node 1 (bottom). The
graph clearly shows the merging of the two incom-42  Audio Merging
ing streams into a single outgoing stream.

As a point of comparison, we made similar mea-A related application is audio mixing. GiveM au-

dio signals, standard audio mixing algorithms can
5

This actually reduces the load on merging node 1 slightly ha deployed at confluence points to reduce the band-

because node 1 switches from horizontal downsampling to ver
tical downsampling (which is a better match for the datacstru width by a factor oV while still maintaining excel

tures used.) When senders 2 and 4 terminate the load returd€Nt sound quality. The following section describes
(point H). an example audio merge specification and presents




experimental results obtained from our prototypenetwork show in Figure 12. The merge specification
implementation. for the audio mixing application is shown below.

We implemented an audio transcoding system of
this type and measured its effectiveness using OU?etTa%(zl)éackets have the same tag in this time slot
concast framework. The idea is to conv@¥ftin- merge will check the sender id and sequence number */
coming audio streams, in our case 64 Kbps PCM, return(L):
audio streams sampled at 8000 Hz, into a single 64
Kbps outgoing stream that is a combination of the™®9&(s,m, fsb) {

. ) . . /* haven’t seen a packet from this sender yet */
incoming voice channels. As a result, the destina- it lisrecvd(m.src, fsb)

tion machine receives a single 64 Kbps flow that /* converting incoming to 14-bit linear samples and
. . . summing them into the current merge state. */
contains the audio from all senders. A variety of s = convert(s, m);
audio mixing algorithms exist with some produc- elsed _
ing better sound-quality than others. We developed rop(m);
a basic audio mixing system (merge function) and
implemented it on the concast framework. Our sim-"*)¢t
ple audio mixing function converts incominglaw /* schedule packet to be built and sent 125 ms from now */
streams to 14-bit linear samples, sums them, and schedule(builch-forward(s), 125);
return(FALSE);
converts the result back to a 64 Kbpdaw stream;
peaks that exceed the dynamic range are clipped.
buildMsg(s) {

AIthO_Ugh mor(? SOphIStIC&ted mixing functlon§ are [* convert the current merge state back to a 64 Kbps
possible, the simple merge spec shown below is suf-  stream, clipping peaks that exceed the dynamic range. */
ficient to evaluate the network performance. pkt = builldPki(s);

return(pkt);

Each outgoing packet contains a sequence num-
ber identifying the timing interval to which the
packet corresponds. To ensure proper synchroniza-
tion of the voice streams, each merge point main-
tains a variablen; indicating the “next sequence  |n our experiments, senders collected 1000 audio
number expected” from each incoming stream samples into one packet every 125 ms. To test the
(Note that incoming streams may already have beerervice, we use a topology (Figure 12) with a bottle-
merged upstream.) Every 125ms, thgs are in-  neck link and a legacy router to demonstrate back-
cremented. When a packet arrives on streaits  ward compatibility with the existing Internet. In our
sequence numbaey; is checked against;. If the  topology( is a non-concast capable routéh and
packet is late, the merged sample for its intervalG, are concast routers whitgs, G4, G5 andR are
has already been transmitted; in that case< n;  concast-capable end-systems. We created simulta-
and the packet is discarded. gif > n;, the packet neous audio flows by starting sender applicatiSns
is early; it is buffered and merged into the proper— g, each sending one stream towaRda total of
interval. Because clocks drift, the combiner auto-six 64 Kbps streams). The senders signal to join the
matically adjusts sequence numbers for an upstreargoncast flow, thereby triggering the Concast Signal-
neighbor that consistently runs behind or ahead. liing Protocol which downloads and installs the au-
the incoming sequence number misses the expectegio merge functions at the concast routers and nodes
value by 1 for some number of consecutive inter-G; - G5. The concast routers and nodes merge two
vals,n; is set top;. streams sent by the upstream neighbors and forward

We implemented the audio mixing algorithm as aone resultant merged audio stream towaRds
merge specification which was then automatically We compared the concast-based implementation
deployed (via the concast service) across the teswith a unicast-only implementation, in which all
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Figure 14: Concast Senders’ signals played out at
R in each 125 ms interval.

Figure 12: Experimental topology. 5 Related Work

Although many-to-one communication models
streams are unicast t§. The merging of the au-  arise frequently in practice, application writers have
dio streams was done at the receiver only. historically been forced to implement application-

Figures 13 and 14 show the senders whose datgpecific adhoc solutions because the network of-
was successfully received &t over 125 ms inter-  fered no support this type of communication model.
vals from 12.5 to 37.5 seconds for unicast and conerhaps the most obvious examples of this are re-
cast respectively. As seen in Figure 13, the unicasfiable multicast protocols which create overlay net-
implementation imposed a load of 256 kbps on theworks with special purpose nodes that merge or sup-
bottleneck link, resulting in a high loss rate. Thesepress feedback messages to avoid implosion [21, 22,
appear as gaps on the graph instead of a continuouss, 13, 11, 11, 6].
line. However, we observe continuous line plots i As mentioned earlier, the RTP protocol tries to
the case of concast since mergingzat G4 andGs  avoid implosion by reducing the receiver report
ensured that the audio stream did not consume morgansmission rate as the size of the group increases.
than 64 kbps over the bottleneck link. Various hueristic techniques to estimate the group

size with low overhead have been proposed [18, 19].
Unicast Although these statistical methods can reduce the

‘ ‘ ‘ overhead needed to estimate group size, they do
not address the problem of achieving scalability
through anonymity; all receiver reports still visible
to the RTP source as opposed to providing the RTP
source with only the information it needs (e.g., the
maximum loss rate).

A recent trend in multimedia applications is to
15 20 25 %0 s place transcoding servers at strategic points in the

Time (Seconds) network [1, 2, 14]. The objective of these network
servers is to maintain the highest possible quality
Figure 13: Unicast Senders’ signals played ouRat while reducing the network load by either “thin-
in each 125 ms interval. ning” the multimedia stream or by “combining”
multiple streams together. Such approaches can

w = ol (2] ~
T

Unicast Sender #
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provide additional scalability but are difficult to de- [2]

ploy because the locations where servers can be run

is typically very limited, and identifying the “cor-

rect” location for a server is difficult and changes in

response to changes in group membership. (3]
Unlike application-level gateways, the approach

we propose in this paper is based on a generic

E. Amir, S. McCanne, and R. Katz. An Active
Service Framework and its application to Realtime
Multimedia Transcoding. IrProceedings of the
ACM SIGCOMM '98 Conferenc&ept. 1998.

E. Amir, W. McCanne, and H. Zhang. An applica-
tion level video gateway. |ACM Multimedia '95
1995.

network-levelservice that is self-configuring, auto- [4] J.-C. Bolot, T. Turletti, and I. Wakeman. Scalable

matically instantiating the needed state and func-
tionality only at nodes where it is required.
5]

6 Conclusions

In this paper, we demonstrated how multimedia [6]
group applications can be implemented by end-
systems in a scalable way using generic network
level services like concast. We provided concrete
examples and algorithms that show how a many-to- [7]
one service can be used to control feedback traffic

in conjunction with multicast for multimedia deliv-

ery, and can also be used to perform the function of

a transcoding gateway, combining audio and video (8]
streams to reduce bandwidth requirements.

We presented experimental result taken from our
prototype implementation of audio and video ap-
plications implemented on (Linux-based) concast
capable routers. Because the concast framework
allows users to define application-specific merge
specifications, the single generic network-level ab-
straction was able to support widely different end-
to-end uses. Our experimental results show that ouf; g
video application, based on a generic concast ser-
vices, reduced packet loss by two orders of mag-
nitude. Moreover, it ensured fair allocation of the
bandwidth among senders. Although these types 0{11]
generic service have been a long time in coming,
they offer significant benefits to a wide range of ap-
plications.

9]

[12]
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