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Abstract—In this paper, we propose a new path-diversity
based scheme for application layer multicast streaming ove
the Internet. Rather than building simple trees as in traditional
multicast, we construct multicast k-DAGs, characterized ly the
property that each receiver has k parents. This multiplicity of
parents, not only allows for streaming from multiple sources
at the same time, thereby decorrelating losses, but also ates
an opportunity to dynamically adapt streaming rates from
these senders depending on the existing error conditions ithe
network. To exploit these possibilities, we use a simple rat
allocation algorithm and a packet-partitioning algorithm that
allows a receiver to co-ordinate the sending of data from amugst
its parents. Our results show that our scheme is effective in
dealing with packet losses in the network, and increases the
goodput of FEC-coded video data by 15-30%.

|I. INTRODUCTION @

With the increasing user demand for multimedia content, _ . . . .

. . . . . Fig. 1. A simple k-DAG with k = 2. Unlike a traditional multisa tree,
video multicast is becom'ng more important for both If""jtwortl.ﬂ/ery receiver here is connected to 2 parents. The dottedshiows how to
service providers and content distributors. The inabiityP handle a single source situation. In this case, the first lesidtat join this
multicast to provide the desired support for various maftic source serve as the source nodes for building the k-DAG doeara from
applications including video multicast applications hed to en on-

the evolution of several overlay based multicast solutions

These overlay or application-layer multicast solution-sufgliowed by a receiver-based packet-partitioning algorithat
port the application requirements in several ways inclgdirensures that all the required data is received while avgidin
network-adaptive routing, multipath routing, redundanttng  quplication. Finally, we present simulations comparing ou

etc. In this paper, we propose an overlay multicast sche¢éheme with simple overlay multicast and a non-adaptive
for streaming multimedia based on a new content distributiQariant of our scheme in Section VI.

mechanism, called a k-DAG. A k-DAG is a Directed Acyclic
Graph in which each receiver has k parents. This differs Il. K-DAGs
from the traditional multicast tree, where each receives ha In this section, we present the data-structure for consirgic
a single parent. As observed in [4], [6], [7], this multipiic multicast distribution networks such that every receivas h
of parents improves multicast streaming performance in twosenders. Since there are multiple parents per node, our
ways. First, by streaming multimedia from multiple parentproposed distribution network is no longer a tree, but a
it is possible to de-correlate loss among various pathséo tbirected Acyclic Graph (DAG). Figure 1 shows an example
receiver, reduce loss-burstiness at the receiver, anéftrer of a simple 2-DAG. We now begin with some definitions and
improve the effectiveness of schemes such as Forward Erassumptions.
Correction (FEC) [7]. Second, by adapting sending ratesifro Level of a node We define the level of a node as the length
each parent based on loss characteristics of each path, iinifiops of the longest path from the source to this node. The
possible to minimize overall loss at the receivers. level of the source nodes is assumed to be 0.

This paper is organized in the following manner. In Section Degree of a DAG(dag_degree): We define a DAG to have a
II, we describe the idea behind a k-DAG and the variowegreek if all its nodes havé parents. We denotéug_degree
trade-offs involved in constructing one. We then present a ky k. Clearly k = 1 results in traditional multicast trees with
DAG construction mechanism in Section 1ll, and a k-DAGne parent per receiver.
maintenance algorithm in Section IV. In Section V, we présen Fraction of bitstream bandwidth reserved by a receiver
a simple rate-allocation algorithm that allows a receiver fat each parent (frac_bw_per_parent): For a given multi-
determine streaming rates from each of its parents. Thisneedia session, we definfrac_bw_per_parent as the ratio




between the maximum bandwidth allocated by a parent to Average Goodput versus Number of Nodes

stream to a receiver, and the total bit rate of the multimedia y ¢~ "
content being streamed by the source. By definition, this 8 %%’5&\‘
quantity which we denote by, is always smaller than 1. For = S S —
the receiver to receive the entire video-stream, we reqhae £ 06| g I Ko
kxb>1. g .l s

Since end-nodes are likely to be limited in outgoing ca- & R
pacity, we assume that receivers proactivebserve the % 02 304 % |
maximum bandwidth they might need, ile* bitstream rate, 2 N by i

from any parent for the entire duration of a session. When a %0 50 100 150 200 250 300 350 400 450 500
receiverreserves bandwidth at a parent, the upstream capacity Number of Nodes

of that parent decreases by that amount as the parent deglicat

that portion of its outgoing bandwidth for servicing a resfueFig. 2. This figure captures the relationship between theativexpected
from this receiver, should the need arise in the future. Fhou900dput or packet delivery ratio arid k.

conservative, this assumption ensures fairness to the etimgp
simple overlay multicast scheme. Despite reserving mae th
the bitstream rate across all parents, at any given poiintia, t
data is streamed at precisely the bitstream rate.

A. DAG-degree, Bandwidth reserved and Depth of the DAG B. DAG-degree, Bandwidith reserved and e<p-ecte(?l loss
The degree of the DAG is an important parameter of our For the same average loss rate per link in the petwork,
proposed scheme. Intuitively, larger DAG-degrees willutes deeper trees suffer from increased average loss ratesiagaaort

in greater flexibility in adapting to losses. However, asigm over all the nodes. This is because the longer the path tlae dat

that the upstream capacity for all nodes stays the Sar4’,§estreamed along, the more the number of lossy links it has to

distribution networks that use k-DAGs are likely to becom@ncounter enroute to the receivers, and hence greatersm.e_lo
deeper ask # b becomes large. This is because the total We now derive the trade-off between the reserved bandwidth
bandwidth reserved across all parents for a given piece the upstream nodes and the increased loss rates due to

content exceeds its bitrate in order to allow for rate-aaliqmt. increase in depth of the tree. Assume that at each level in
Since the outgoing capacities of nodes are limited, mop%e DAG, x percent of the packets get lost. Then total loss for

reserved bandwidth per receiver results in deeper DAGs g gtream of bandwidth sai, as it traverses levels or hops

nodes at any given level can support fewer receivers. becomes

required to support these increases witty_degree, k and
frac_bw_per_parent, b.

We now derive the relationship between d#epreek, Bz +z(l—z)+z(1—2)?+..+z(1—xz)1)
frac_bw_perparentd, and the minimum depth of the DAG — Bx(1—(1—a)".
d for a given number of noded’. We assume the outgoing
capacity to be the same for all nodes and denote it.lAiso, Similarly, the amortized loss rate across all nodes for a k-
for simplicity, we assume that each node has all its parentsAG of depthl, containing the maximum number of nodes
the same level. that it can support, can be shown to be

Assume we have nodes at the first level with the total

: . . . (M)l_l

outgoing capacity being x ¢. Each new node requires a (1—2)=% (C*l’(jﬁix)l)
capacity ofb = k. Therefore number of nodes that can be 1- ML (3)

((b:k)l_l)

c_ _
bxk 1

supported at the next level i@ = ¢)/(b * k). Similarly, the
number of nodes that can be supported at the next level i

- . : From Equation (3), we see that the total loss suffered
_(r(ﬁ;rgé Eg*tkh)g *ngz/x (I?n*uﬁ)])nsz); ifgﬁgc?;itr;ﬁ;r%g;esbséogangreases as the depth of the DAG increases. Substitutang th

ported for a k-DAG of depth d, including the nodes at the epth of the DAG constructed for a given number of nodes
topmost level, is given by: ’ from Equation (2), we can determine the relationship betwee

loss, the daglegreek and the bandwidth reserved per parent

N (ﬁ)dﬂ -1 1) b. Figure 2 shows average goodput as a function of the number
p T — L ' of nodes for differenk x b values. As expected, the amortized
Alternately, to supportV nodes, the minimum depth of theIoss rate increases with an increasekin b. The_ curves for
DAG would be casesk = 1,b = 1 andk = 2,b = 0.5 co-incide because
kb =1 in both the cases and the depth and the amortized
log(¥ (7% —1)+1 loss rates are the same.
(5 (b*kc )+ . @)
log(55£) I1l. K-DAG CONSTRUCTION

The above relations show that for a given number of In this section, we present our k-DAG construction algo-
nodes and a fixed outgoing capacity, the depth of a k-DAGhm. The DAG construction algorithm shown as Algorithm



1 below, consists of three steps: Finding potential parents
probing these nodes for available network bandwidth and
delay, and choosing k nodes from these as parents.

Before proceeding onto the details, we first present the idea
of using special overlay nodes, which we simply refer to as
Distributed Hash Table (DHT) nodes, for separating the data
plane operations such as data forwarding, from controlelan
operations such as choosing new parents for a incoming node.

DHT Nodes

,,,,,,,,,,,,,,,,

Algorithm 1 Steps in Node Join Algorithm

request_potential _parents() @
probe_potential _parents()

choose_k_parents()

Fig. 3. The process by which a node joins a k-DAG. a) The noddsfin
A. Role of the DHT the address of the DHT nodes by a naming mechanism and recadist
of potential parents; b) The DHT responds by sending a lishaifes with
We use DHTs primarily to facilitate node-joins and nodeavailable capacity; c) The node wishing to join the netwdrrt probes these
failure recovery. This is useful from an administrativensta Parents for available bandwidth; d) The node chooses k dette be its
. . . arents in the k-DAG;
point as well, since it allows the sender or the owner of tHé
content distribution network to select the join location af

new node in the tree, depending on the price this new nodegis

willing to way, its outgoing capacity, stability or a comhiion : . , . . .
Since our scheme is motivated by multimedia multicast and

of these. S T .
Another advantage of indirection in the form of DHT nodeglm”ar content distribution applications, we choose a DAG

: ) . . . onstruction algorithm that allows nodes to join at any time
is that depending on the size of the multicast session, : L . ; )

. ; . ring the lifetime of the multicast session. In the remamnd
choosing a suitable hash function, the control load can

distributed in a centralized or distributed manner. Thatas O? th|s sect|or!, we Qes_crlbe hOV.V a .new node can join the
multicast session. This is shown in Figure 3.

a S”?a” group, all key valugs may hash toa S”.‘g'e node thu ince we construct a k-DAG rather than a simple multicast
making the scheme effectively centralized, while for adarg[ .
ree, we assume that there exist at lelast £ source nodes

?hrg?ept;;gir\:\i/g\;:(rllc;agcgfbﬁltitse distributed over a set of node[%, begin with whereh is the choice factor signifying the

) ) ) o flexibility a new node has in choosing itsparents from the
1) DHT Mapping: We manipulate information in the DHT

; initial set of h x k& offered by the DHT. In case there is only
by mapping level number of the nodes to DHT nodes. Thuszagingle sender, the firgt « & nodes to join the session can

given DHT node(s) will maintain information about all thegarye as thesa « & nodes. Figure 1 shows such a scenario
nodes in the DAG at a particular level. Even though thighares, — 1.

set grows exponentially with level number, it is possible to 1) Finding a list of Potential Parents The first step for
alleviate this problem by partitioning, either at the DHT 0p e\ node to join the multicast session is to find a set of
while assigning levels. potential parents. In order to do this, the node first needs to
2) State maintained at the DHT: The DHT nodes merely know the address of a node maintaining the DHT or alternately
maintain information about the level of each node that isthat of a member node. This can be obtained via any of
member of the multicast Session, and its available Capac'ﬁye Comm0n|y used naming mechanisms such as a pub"cized
This information is made use of during Node Join and DA@RL, DNS etc.
Maintenance phases, as described in Sections IlI-B and IVThjs node then requests the DHT for a list of prospective
respectively. parents. The DHT returns to it a set of nodes that have
3) Inter DHT Nodes Communication: We assume DHT outgoing capacity available, based on some criterion such
nodes to communicate with each other to find nodes at a gives price-willingness of this node, its stability, or outupi
level with available capacity. This communication can takeapacity.
place either in the form of periodic proactive or demandeini 2) Probing Potential Parents: In order to ensure that our
reactive message exchange. We do not assume the informatieerlay links are IP-Network efficient, nodes evaluate thalqg
received from the DHT nodes, such as the available capadity of their paths to prospective parents before selectirgt
at nodes, to be always consistent with the actual valueseat We use a slightly modified packet-pair probing techniqud [11
multicast nodes themselves, even though we expect it to tbeestimate the available bandwidth and delay whereby a set
correct in most cases. of spaced packet-pairs is sent to potential parents to atealu

Node Joins



path quality. In order to find a new parent, a node simply sends a request
3) Parent Selection: Once a node has evaluated the quafer a list of new potential parents to the DHT nodes. The DHT
ity of available paths, it chooses the parents it wants tmdes need to ensure there are no loops formed as a result of
stream from. Several criterion might be employed for thisew parent-child relationships. This is where the notion of
purpose including paths with maximum available bandwidtkevel comes in. By enforcing that a DHT node only choose
or minimum delay, or paths that reduce jitter or minimiza node whose level is less than or equal to the level of the
buffer requirements, or a combination of these. In our currerequesting node as a potential parent, we guarantee no loops
implementation, nodes choose thevidest paths. provided that the level values at all the actual nodes and tha
4) Updating state: Once a node has chosen its list oftored at the DHT are consistent. To ensure the consisteéncy o
parents, it requests them to join in as a child. Dependingiuplevel values, we enforce that no node whose level has changed
the available capacity, this node may or may not choose wthin a certain time-interval respond positively to a pdre
accept this child. This is because the advertised capagity fequest or request a new parent. This time interval is chosen
the DHT may not necessarily be consistent with the actual be the time it takes for a level update to propagate through
capacity at a given parent at all times. If accepted, the nekhe network.
node has completed finding one of kparents. If rejected, it
may decide to choose the next parent on its list of perspectiv
parents, or else it may choose to request the DHT again. OrP
a node is accepted by k parents, it has successfully joireed {E
k-DAG multicast session.

If the DHT nodes, however, cannot find capacity at any of
& nodes with a level lower than that of the requestor becaus
ey are already loaded to capacity, the DHT returns to the
requestor a list of its siblings. The requestor then prolmek a

IV. DAG MAINTENANCE ALGORITHM chooses one or more of these nodes as its potential parents.

Problems might arise when nodes fail in the network or
abruptly terminate their multicast session. To mitigate th If a node higher up the DAG is chosen and consents, the
effect of such occurrences, we now present our DAG mairequesting node has found a parent. If a sibling is chosen
tenance algorithm. While a parent node crash in a k-DA&nd has capacity, again the requesting node has found a new
results in a large number ofrphan nodes as comparedparent. However, since a sibling is chosen, the requestidg n
to a simple multicast tree, the effect of a parent loss areeds to update its level and potentially of its descendents
an individual child is less pronounced since each child h#sa sibling does not have the necessary capacity because it
multiple parents. With an outgoing capacity @and fraction is already fully loaded, it chooses one of its children as a
of bitstream bandwidth requested from each pabetite crash victim, aborts it by telling it to find a new parent, and after
of a fully-loaded node results in nodes being affected in aallowing it sufficient time to adjust its upstream rates,exts
simple multicast tree and/b nodes being affected in a k-DAG the requestor as its child. Intuitively, a child of a siblimight
whereb < 1.0. However, in the traditional multicast case, anyieed to be aborted in favour of the requesting node because
orphaned node suffers from a complete blackout while in caigeorder to avoid loops, an orphan node needs to be assigned
of a k-DAG, orphaned nodes only lose a fractibrof the a new parent which is not its descendent. By definition of
total bitstream data. Moreover, orphaned receiving nodes devel, this child has a greater level than the orphaned node
potentially mitigate the effects of a parent loss by resegvi and therefore the algorithm is guaranteed to terminate etnd
spare upstream bandwidth ahead of time and adjusting the r@ttreme circumstances, there might be cascaded nodeefailur
from surviving parents, until a new parent is found. with the number of orphaned nodes in the worst case being
mazx(out Degree) x height of the failed node, whergeight
Algorithm 2 Steps in Node Failure Recovery Algorithm  of a node is defined as the maximum difference between the

rate_adaptation() level of any node in the DAG and the level of this node;
request_potential_parents() nonetheless, node failures and aborts cause the orphades no
probe_potential_parents() to only lose a fractiorb of the bitstream. In addition, if the
choose_parent() product of degree of the DAG;, and the fraction of bitstream
inform_victim_i f -required() bandwidth requested from each paréntis sufficiently high,
rate_reallocation as seen in Equation (4), a limited number of node failures may

not result in any degradation of the FEC coded multimedia
We now briefly discuss our node failure recovery algorithreontent at all.
as shown in Algorithm 2 above. When a node detects a parent

loss, it immediately invokes a rate-reallocation algamnith  The apove node-failure recovery algorithm ensures regover
discussed in Section V, to minimize the impact of this lo8s. kom multiple node failures in a distributed fashion withde
case of a k-DAG where the upstream bandwidth reserved pRyssibility of occurrence of loops. Once a node has chosen
sender is, up tos node failures can be successfully tolerateg,ng received acceptance from a new parent, it performs rate-
where reallocation and packet-partitioning, as described inrtbet

s = max(k — ) xb > 1.0. (4)  section, and updates the DHT with the new information.

T



V. RATE ALLOCATION AND PACKET PARTITIONING
ALGORITHM

This section describes the rate adaptation algorithm used 4 3
by the receiver to optimally allocate the sending rates amon
its parents. Our rate-allocation algorithm is similar inrgp
to that in [7] with some minor differences. Synchronization @
issues are handled within the packet partitioning algorith
a manner similar to the techniques described in [7]. Slot# 1 2 3 4 5 6 7 8 9 10

17213, 1,2:3.1;2:3:1

A. Initial Rate Assignment

When a node initially joins the multicast session, it is 10
unaware of the expected loss rates from its parents. However _ o '
during the probing process to choose its parents, it has an Fig. 4. Proposed Packet Partitioning Algorithm.

estimate of the available bandwidth and delay. So, to begin
with, a receiver divides the stream bandwidth equally ansbng
its parents. That is, for a dagdpgreek, it streamsl/k of the
bitstream from each of its parent.

To quantify this further, assume that we have a k-DAG, and
that there exists a node with k parents. Further assume that
this node has measured the loss rates from each of its parents
B. Loss Estimator 1,2,..k to bely, s, ...,1;, and that they are in an increasing

We use an exponential moving average loss estimator %rper. With the given rate reallocation mechanism, the aver

3
estimating losses. We sample loss rates every five secondsday rate experienced by this receiver is bounde@lp b
counting the number of packets lost in this period. However,
since we stream from senders at different rates, to make r
consistent comparisons across senders, we need to welgigre: = min > b >0
the sample by the proportional rates at which data is being p=1
received from the senders. Hence we calculatetatss by  E. packet Partitioning

p=1

loss_rate[i+1] = (1—a)*loss_rate[i]+ax B cur_loss_rate Once a node has decided the streaming rates for each of its
parents, a packet-partitioning algorithm is needed tordetes

where « is the averaging parameter amtlis the fraction which packet is sent by which parent. Unlike the proposed

of the bitstream currently being streamed from this pareqartitioning algorithm in [7] which is sender-based and idou

cur_loss_rate is the instantaneous loss rate and is obtaingfve maintained &(n?) state in the number of receivers in a

by dividing the difference between the number of expecteflulticast scenario, the algorithm we use requifks) state

and received packets by the number of expected packets ayethe number of receivers at the expense of not minimizing

this five second interval. packet delay. We believe that this trade-off is specialijedile

. for a multicast scenario where excess load on the end-sgstem

C. Rate Reallocation needs to be at a minimum.

During the course of the multicast session, network condi- Figure 4 shows an example of our packet-partitioning algo-
tions might change resulting in bandwidth fluctuations asrorithm. The slotsize in this example is 10. The receiver node 4
nodes. In our scheme, a receiver performs rate-reallotatigas 3 parents, i.e. nodes 1, 2, and 3. After loss measuregments
whenever the loss-rate from a parent exceeds an experimerhas chosen to stream 0.4 of the bitstream from node 1,
tally determined threshold, or the quality of path betweey a0.3 from node 2 and 0.3 from node 3. The receiver first
two parents differs significantly. discretizes the request rates and assigns a proportiomederu
of slots from a slotsize to each parent. With a slotsize of 10,
4 slots are assigned to node 1, and 3 each to nodes 2 and

We use a rate allocation algorithm similar to the one us&d Requested slots are interleaved to minimize bursty fosse
in [7]. As in [7], through the rate allocation algorithm, weThis information, along with the requested rate, is thert sen
minimize the overall packet loss experienced by a receivier a raterequest packet to the parents. As an example, node
by sending as many packets as possible along the path thatends packets 1, 4, 7, 10, 11, 14, 17 ..., node 2 sends 2, 5,
experiences the lowest loss subject to maximum bandwidh12, 15 ... and node 3 sends packets 3, 6, 9, 13, 16 ... to
that the receiver had reserved from this parent. This aghroaeceiver 4.
is applicable whenevéxk > 1 wherein it is possible to reduce )
the overall loss rate experienced by a receiver by requgstf 'nforming Parent Nodes
more of the video stream from the parent upstream the lesdVhen a receiver node chooses to change rates, it sends out
error-prone path. This essentially corresponds to a wWilieg a new raterequest packet to its parents. The information in
algorithm. this raterequest packet is similar to the information sent after

D. Rate Allocation Algorithm



packet-partitioning, and consists of the new rate reqddsye
the receiver from this sender, and the sequence numbers this

sender is responsible for sending to this receiver. Thenpgare 1-p
switch to this new request pattern after receiving the regue
but continue to send according to the old pattern for a short
period of time in order to avoid losses during the transition
I-q

V1. PERFORMANCEEVALUATION

We evaluate the performance of our scheme using NS=3.5. This figure shows the two state Markov model we use fodetiing
[10]. We compare our proposed scheme with conventioriedses in the network. Stagerepresents the good state, while statepresents

. _ : - e bad state. No packets are lost in the good state, whiler_rate percent
Overlay multicast, and a non adapt|ve variant of our SChem§; the packets are lost in the bad stateror_rate is a parameter of the

. simulation. We sep = 0.85 andq = .75 for our simulations.
A. Smulation Parameters

We generate the topologies for our simulations using the
BRITE[18] topology generator. We use two different typethough with increasing end-node capacities, buffer sizeois
of topologies for our simulations, based on Albert-Barabal®nger an issue, we characterize the tradeoff betweennesjui
model and Two-Tier Hierarchical model. For compactnesmiffer size and path diversity.
though, we present results only for Albert-Barabasi modé&d.  Average Control OverheadWe define control overhead as
have found the results for the Hierarchical model to followhe ratio between the number of control packets sent and the
similar trends. We use 500 network nodes and 250 overldgta packets received.
nodes. All the overlay nodes are multicast receivers. Onl
one DHT node is used. The overlay nodes and their order L0sS Model
of joining are both randomly chosen for each simulation. We We use a two state Markov loss model shown in Figure 5
use 7 source nodes for all the simulations. The bitstreagnsat for generating losses. We vary the probability of losingkeds
128Kbps and the packet size is 512 bytes. A (21,7) FEC coitethe bad state as a parameter, while keeping the prohabilit
is used for protecting the data. The outgoing capacity of af losing packets in the good state at 0. So an error rate of 30
the nodes is fixed to be twice as large as the video bitstrea@rcent corresponds to the probability of a loss in the bate st
rate and the slotsize is 20. Loss rates are updated, and bleéng 0.3. In all our error experiments, we randomly choose
decision to reallocate rates is evaluated every 5 secorltls. #nd inject 20 percent of all the links with a specified error
simulations are run for a duration of 30 minutes. Every poimate for a duration of 5 minutes after which the error rate on
in a plot corresponds to an average of 100 repetitions. THwese links is set to 0 and a new set of links is chosen. We fix
source is started at the beginning of the simulation anchall tthe probability of moving from good state to good state to be
overlay nodes join the multicast session within the first 48.85, while the probability of moving from bad state to bad
minutes. Losses are introduced once all the nodes haveljoistate is fixed at 0.75.

the session.
D. Legend
B. Metrics We refer to all the schemes by a ddggree *
We use the following metrics for measuring the effectivefrac_bw_perparent notation. So, a * 1.0 scheme is simple
ness of our scheme. overlay multicast, & x 0.5 scheme uses a 2-DAG and splits

Goodput or Packet Delivery Ratio This is the ratio of the bitstream evenly between the two senders, afda.4
number of packets received to the number of packets expectatheme builds a 3-DAG and in which each receiver can stream
FEC goodput We define FEC goodput as the ratio beupto 40% of the bitstream from each parent.
tween the number of non-redundant FEC blocks successfully o
received to the number of non-redundant FEC blocks expecfedLink Losses and Path Diversity
by the multicast receivers. This metric evaluates and coespa We examine the effect of using multiple upstream senders
the performance of different schemes from an applicatigrer multicast receiver on burst lengths when losses prevalil
standpoint. in the network. To evaluate this effect, we construct a sémpl
Average delay experienced by the end-nodeBverage multicast tree, a 2-DAG with = 0.5, a 4-DAG withb = 0.25,
delay is the average time it takes for a data packet sent &yd a 5-DAG withb = 0.2 and stream FEC coded data at
the source to reach a receiver. As seen later, there is a trati28kbps from the sources. The total bandwidth reserved at al
off between loss rate and average delay experienced by nodles parents per receiver in each case is also 128kbps, hence
Average jitter experienced by the end-nodedVe define no rate-adaptation is possible.
jitter as the standard deviation in the delay experienced byFigure 6 shows the percentage of lost packets that occur in
a receiver. Average jitter, calculated across all the vexsj a burst of size greater than as a function of s, when 20% of
indicates the buffer requirements at the receivers. Havitlge links in the network suffer from a loss rate of 30%. While
multiple senders is likely to result in increased jitter.elBv a simple multicast tree experiences more that 50% of itekss
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in bursts of length 2 or more, the corresponding percentages
for a 2-DAG is less 25%, and for 4-DAGs and 5-DAGs, it A Ak A R

further reduces to around 20%. Similar results were obthine sor |
for other values of loss rates. Thus path-diversity is sssftg o L . . . . . .
in reducing bursty losses in the network. Intuitively, tiosn 60 80 100 120 140 160 180 200
be explained by considering that in a k-DAG with> 1, the Time
senders split the bitstream and interleave the packetsués s
unless all the links to the parents are experiencing loskeat t Fig. 10. Received rate at node 5 & 0.5 scheme
same time, loss burst-lengths at the receiver are reduced.
F. Microscopic Behaviour 200 f S04 Senderz |1
3*0.4: Sender 3 %
To understand the microscopic behaviour of the schemes, 1o | $°04:Total 1} |

we perform a simple experiment in which errors are introduce

. . . . o o o e =] AHEHEEHEEEEEE
on a single link between a node and one of its parents in k- § BEpyaEaEEs

DAGs of different degrees. Figure 7 shows the chosen node 5 tor |
and its upstream connectivity for different cases. The oést S
the DAG is not shown for simplicity. None of the parents of PRAHAFHAAHIAA K g KA A A AR
node 5 share a link in the underlying network. An error rate o L ) ) *****H ) )

of 40% is introduced on the link between node 1 and node 5 60 80 100 120 140 160 180 200
for a period between 100 to 150 seconds. Time

Figure 8 shows the sequence number of packets lost at node
5 for different schemes over a window of 25 seconds. We Fig. 11.  Received rate at node 5 f®F 0.4 scheme
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Fig. 12. Received rate at node 5 8k 0.5 scheme Fig. 14. FEC Goodput with rate-adaptation.
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Fig. 13. Received rate at node 5 fok 0.4 scheme Fig. 15. The cumulative fraction of nodes that receive a FE©dput less

than f, as a function of f.

observe that an increase in ddggree results in fewer and FEC Goodput versus Error-Rate
less bursty losses. We also observe that unlike schémge$ e

and 2 % 0.5, schemes3 x 0.5 and 4 x 0.4 successfully adapt 09T

to the loss conditions in the network and thereby avoid kbsse 5 08|

later into the experiment, even though the error conditions%L 07 |

still prevail on the lossy link. Schemg « 0.4 also adapts, 3 o6}

however it is limited by the capacity it has reserved and & 45|

therefore has to stream from the parent upstream the lossy ,,1
link at a reduced rate. Figures 9, 10, 11, 12, and 13 show

the received rate at node 5 as a function of time during the 0 5 10 15 20 25 30 35 40 45 50
course of the experiment. Unlike:1.0 which performs poorly, Bror-rate

3% 0.5 and4 x 0.4 are able to maintain a received bandwidth

above 115kbps. Of these two, scheme0.4 performs better Fig. 16. FEC goodput without rate-adaptation.
since even during the transition period, it streams only-one

fourth of the bitstream from the affected node. Sch&mwé.5 Goodput versus Error-Rate

also performs poorly, even though it experiences fewerailver
losses thar x 1.0 as it streams at only half the bitstream rate
from the affected link. Schem& = 0.4 performs better than
schemesl *x 1.0 and 2 % 0.5 but worse than schemes« 0.5
and4 % 0.4 because of its limited ability to adapt.

Goodput

G. Link Error Losses

We examine the overall performance of our scheme by 07 . ) ) ) ) ) ) ) )
injecting losses with rates ranging between 0-50% on 20% of 0 5 10 15 20 25 30 35 40 45 50
links in the network. Figure 14 shows FEC goodput achieved Eror-rate
by different schemes under varying loss conditions in the
network. The results confirm the observations made in the Fig- 17. Goodput without rate adaptation for different sobs.




Delay with jitter for different schemes VII. RELATED WORK

Tl B Multicast Streaming has recently been an active area of
08 | 304 s 1 research and as such, several interesting overlay multicas

4+0.4 schemes have been proposed. In this section, we preseefa bri
1 overview of existing related work and compare our scheme to
them.

Narada [3] builds a dynamic DVRMP style overlay mul-
ticast tree for video conferencing. Even though it adapts
the overlay topology to changing network conditions, every
4 5 6 receiver is essentially connected to a single parent.

Splitstream [1] addresses the issue of handling node é&slur

Fig. 18. Delay and Jitter for Different Schemes. The barswstie delay _by b_uilding multiple multicast trees such that any node is an
while the vertical line between the bars and the small hatioline at the interior node in at most one of the trees. Each tree correggpon
top shows jitter. to a layer in MDC coded multimedia stream. Our scheme is

different in that it handles FEC coded streaming multimedia

Control Overhead for different schemes In addition, Splitstream does not explicitly distinguisttiveen

L0 b | - - - node failures and network losses.
2*05 Co-Op Net [2] is similar in spirit to Splitstream. It too
008 | 208 1 builds multiple multicast trees each for streaming a single
404 MDC layer. However, Co-Op Net is centralized with tree

management operations based at the source rather than being
peer-to-peer.

In terms of motivation, distributed video streaming (DVS)

0.6 |

Delay/Jitter

04

0.2

0.1

0.06

0.04

Control Overhead

0021 [4], [6], [7], [8], [9] comes the closest to our work. DVS uses
0 both path diversity and rate-adaptation for streaming wide
0 1 2 4 5 6 content from multiple sources to a receiver. In this paper, w
have extended this idea to multicast by introducing k-DAGs.

Fig. 19. Control Overhead for different schemes. Informed Content Delivery [5] addresses the problem of

enabling large file transfers over overlay networks. It uses
collaborative transfers between receivers to exploit ity
earlier experiment. Schemé * 0.4 has the highest FEC rich connectivity between the receivers. However, the main
goodput, followed closely b$x0.5 and3+0.4. 3x0.4 manages focus is primarily on traditional data transfer applicato
to perform well for FEC goodput even with its limited abilityrather than multimedia streams limiting the applicability
to adapt because FEC coding successfully mitigates thetefféheir coding and reconciliation mechanisms.
of a limited number of packet losses. Also, the0.5 scheme
without rate-adaptation outperforms simple overlay ncakt VIII. CONCLUSION

because of the loss decorrelation property of path-diersi |, this paper, we have proposed a new mechanism for appli
Figure 15 shows the cumulative FEC goodput distributioghtion layer multicast streaming of multimedia data over th
across all nodes for a case where 20% of the links ajigternet. The proposed content distribution structurBAGs,
injected with 50% loss rate. As seen, schemes that emplgiows receivers in the multicast session to have multiple
path diversity with rate adaptation outperform simple @#er parents. This differs from traditional multicast approaghere
multicast across nodes. More importantly, even nodes tigat @ach node has only one parent. This multiplicity of parents
deeper in the k-DAG than they would have been in a simpéhabled by k-DAGs enables two possibilities. First, byastre
multicast tree due to the fact thiat<b > 1, achieve a gain in ing data from multiple senders, we are able to decorrelate
FEC goodput. losses experienced by the end-nodes, thereby improving the
Figures 16 and 17 show FEC goodput and goodput valuesrformance of FEC coded streams. Second, by dynamically
without rate-adaptation respectively. As seen, withoue-ra adapting the requested video streaming rates between its
adaptation, losses due to increased depth of the DAG offsatious parents, a receiver can mitigate the effect of @msgag
the advantages of path diversity both for goodput and FEfthe network. We use a simple rate-allocation algorithm an
goodput metrics. Figure 18 compares the delay and jittarpacket-partitioning algorithm to enable these postidmsli
values for different schemes. As expected, average del@ur results indicate that our scheme improves FEC goodput
increases withb « k& while jitter increases witlk. of streaming multimedia by 15-30%. This performance gain
Figure 19 shows the control overhead for the differemibmes at the cost of increased delays as well as higher jitter
schemes. As expected, the control overhead is proportiomalues. While with increasing end system capabilities, we d
to dagdegree and is quite low, i.e. less than 7%. not expect jitter to be a major issue, the small additional



delay experienced, we believe is a small cost for the aduitio
performance achieved.
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