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ABSTRACT

This paper presents design and evaluation of an adaptaansing
mechanism from multiple senders to a single receiver in-Reer
Peer (P2P) networks, called P2P Adaptive Layered Strearoing
PALS. PALSiIs a receiver-driven mechanism. It enables a receiver
peer to orchestrate quality adaptive streaming of a sitayer en-
coded video stream from multiple congestion controlleddses,
and is able to support a spectrum of non-interactive stregp-
plications. The primary challenge in design of a multi-s@ustream-
ing mechanism is that available bandwidth from each peebts n
known a priori, and could significantly change during a s@ssin
PALS, the receiver periodically performs quality adaptatiosdzh
on aggregate bandwidth from all senders to deternfin@ver-
all quality (i.e. number of layers) that can be collectiveligliv-
ered from all senders, and more importar{tly specific subset of
packets that should be delivered by each sender in ordeategr
fully cope with any sudden change in its bandwidth. Our dedai
simulation-based evaluations illustrate tHRALS can effectively
cope with several angles of dynamics in the system includiagd-
width variations, peer participation, and partially agbie content
at different peers. We also demonstrate the importanceastlota-
tion among senders and examine key design tradeoffs f&?AhS
mechanism.

Keywords
Quality adaptive streaming, Peer-to-peer networks, Cstimyecon-
trol, Layered encoding

1. INTRODUCTION

During recent years, Peer-to-Peer (P2P) overlays havenizean
increasingly popular approach for streaming multimediateot
from a single source to many receivers without any specipd su
port from the network €.g, IP multicast or content distribution
infrastructure) [1, 2]. A P2P Streaming mechanism requives
key components(i) Overlay Constructiormechanism that deter-
mines how participating peers connect together to collelgtiform

an overlay, andii) Content Deliverymechanism that manages how
the content is being streamed to each peer through the gvéhe

goal is to maximize delivered quality to individual peersii@imin-
imizing the overall network load associated with conteniveey.

Previous studies have often adopted the idea of applicéeiaei
multicast where participating peers form a tree structume each
peer simply “pushes” all (or a specific subset) of its reaigen-
tent .9, packets of a certain layer) to its child peeesg( [3, 4,
5]). This class of solutions have primarily focused on theigie of
overlay construction mechanism to maintain an optimal $tegc-
ture in order to minimize network load. However, they often i
corporate simple push-based content delivery with statitent-
to-parent mapping. This class of solutions are unable tamias
delivered quality to individual peers since each peer oabgeives
content from asingleparent peer who may not have (or may not be
willing to allocate) sufficient outgoing bandwidth to stneaontent
with the desired quality to its child peer. This problem igffier ag-
gravated by the following issue§) heterogeneity and asymmetry
of access link bandwidth among patrticipating peergjg]dynamic
of peer participations, anfii) the competition among peers for
available bandwidth from parent peers. A promising apgidac
maximize delivered quality to individual peer is to allowexeiver
peer to receive content from multiple parent peers. If papeers
are properly selected by the overlay construction mechaesy,

to avoid a shared bottleneck), they can provide higher aggee
bandwidth and thustreamhigher quality content to the receiver.
This multi-sender approach could also lead to a better ladahio-
ing among parents and across the network.

Efficient streaming of content from multiple sender peershial-
lenging. We assume that all connections between peersrperfo
TCP-friendly congestion control [7, 8] to ensure that P2@an-

ing applications can properly co-exist with other appiimas. This
implies that the available bandwidth from a parent is notvkma
priori and could significantly change during a session. Githe
variable nature of available bandwidth, the commonly ustagic
approach of receiving separate layers of a layer encodednstr
from each sender [3, 5]) can easily lead to a poor performance
More specifically, this static approach results in poor fyathen

the available bandwidth from a sender is lower than one lbged-
width, or becomes inefficient when a sender has significduiglyer
than one layer bandwidth but it is not used for delivery okotly-

ers. To accommodate the variations in available bandwaltty-
namiccoordination mechanism among senders can be deployed in
order toadaptivelydetermine:(i) the maximum qualityi(e., num-

ber of layers) that can be delivered by all senders (&nthe proper
distribution (or mapping) of the target quality among senadie or-

der to fully utilize their available bandwidth while ensugiin-time
delivery of individual packets.



This paper presents a receiver-driven coordination mesimafor
quality adaptive streaming from multiple congestion coltéd sender
peers to a single receiver peer, calR2P Adaptive Layered Stream-

number of mapped layers to each sender is proportional toits
tribution to the aggregate bandwidth. This approach torkaye
sender mapping raises the issue of how the residual bartdfxdcth

ing or PALS. Given a set of sender peers, the receiver passively each sender should be used. If the residual bandwidth fraim ea

monitors the available bandwidth from each sender. Thepe-it
riodically determines the target qualityg, the number of layers)
that can be streamed from all senders, identifies requirekieps
that should be delivered during the next period, and regquestib-
set of required packets from each sender. This receiveemap-
proach not only maximize the delivered quality but also easu
its stability despite the variations in available bandWwid¥lore im-
portantly,PALSachieves this goal with a relatively small amount of
receiver buffering €.g, tens of seconds worth of playout). There-
fore, PALScan accommodate a spectrummoh-interactivestream-
ing applications ranging from playback to live (but noreirsctive)
sessions in P2P networks.

We note thatPALSis a receiver-driven mechanism for streaming
(i.e., content delivery) from multiple senders. Therefore, itstrioe
deployed in conjunction with an overlay construction mex$ia
(e.g, [9]) that provides information about potential parerits.,
senders) to each peer. Clearly, behavior of the overlaytaari®on
mechanism affects overall performance of content delieernpss
the entire group. In this paper, our goal is to study the strea
ing delivery of content from multiple senders to a singleereer.
Therefore, we assume that a list of potential senders avidaeato

a receiver peer. Further details of the overlay constranatiecha-
nism and global efficiency of content delivery are outsidegtope

of this paper and will not be discussed. While we motiveRad. S
mechanism in the context of P2P streaming, it should be \dewe
as a generic coordination mechanism for streaming fromipheilt
congestion controlled senders across the Internet.

The rest of this paper is organized as follows: We sketch anvisw
of the design space for a multi-sender streaming mechamniSac-
tion 2. Section 3 provides an overviewRALSmechanism and de-
scribes its key components. We present our simulationebess-
uations in Section 4. In Section 5, we present the relate.wer
nally, Section 6 concludes the paper and presents our fptans.

2. EXPLORING THE DESIGN SPACE

Before describing thBALSmechanism, we explore the design space
for a multi-sender streaming mechanism to clarify desigues
and justify our design choices. Note that streaming corgbatid
have a layered structure in order to accommodate bandwetth h
erogeneity among peers by enabling each peer to receiveparpro
number of layers. To design a multi-sender streaming mesiman
there must be a coordination among senders to address khe-fol
ing two key issues:

e Aggregate QualityHow is the aggregate deliverable quality
from all senders determined?., how many layers can be
delivered by all senders?

e Content-to-Sender MappindgHow is the aggregate deliver-
able quality mapped among sender&?, which (or part of)
layer should be delivered by each sender?

If the available bandwidth from each sender is known, theegg
gate quality can be easily determined as the number of cdenple
layers that can be streamed through the aggregate bandwiakh

sender is not used for delivery of partial layer, the redithaed-
width across different senders can not be accumulated asdtile
aggregate delivered quality can not be maximized. For elgrifp
two senders provide 2.6 and 3.7 layer bandwidth, they caaustr

6 layers only when their residual bandwidth (0.6 and 0.7ragee
utilized for delivery of partial layer. Assigning partiagyer to a
sender requires proper division of a layer across multiptedsrs
(i.e., which particular packets of a layer are determined by each
sender).

Aside from the above design choices for a coordination mashg
a multi-sender streaming mechanism may perform coordinaiti
an adaptive or static fashion, and should determine wherentn
chinery of coordination should be placed as follows:

(i) Adaptive vs Static CoordinatioriThe coordination mechanism
can be invoked just once at the startup phase to determiregre-
gate quality and its mapping among senders. Siaticapproach
is feasible when available bandwidth from senders are krameh
stable. However, if senders are congestion controllediladla
bandwidth from each sender is not known a priori and can figni
cantly change during a session. In such dynamic environrttest
coordination mechanism should be invoked periodically rideo
to adaptively determine aggregate quality and its mappimgre
senders. In adaptive coordination approach, proper aiapize-
riod should be selected in order to achieve responsivendsand-
width variations while ensuring instability of deliveredajity.

(ii) Placement of the Coordination Machineryhe final issue is
to determine where the coordination machinery should bdeimp
mented. The coordination mechanism can be implementeet éith
a distributed fashion by all senders or in a central fashipa bin-
gle sender or receiver peer. In both approaches, sendarkl dte®
informed about the status of the receiver, including it§dnstate,
playout time and lost packets. Distributed coordinatiajuiees ac-
tive participation of all senders and close interactionsmagthem.
Such approach is likely to be sensitive to pair-wise delaypragn
senders and sender dynamics, and results in a higher volcoe o
ordination traffic. In central approach, the receiver is inn&que
position to implement the coordination mechanism since the
only permanentmember of the sessioni.€., receiver-driven co-
ordination). Furthermore, the receiver has a complete letye
about delivered (and thus lost) packets, available barttivirdm
each sender, and aggregate delivered quality. While theivesc
cannot predict the future available throughput for eactdsent
should be able to leverage a degree of multiplexing amondesen
to its advantage. Another advantage of the receiver-dappnoach
is that it does not required a significant processing ovethima
the senders which provides a better incentive for sendepato
ticipate. The coordination overhead for a receiver-driapproach
should not be higher than associated overhead for any a@fdei
distributed coordination among senders.

In summaryPALS adopts a receiver-driven coordination mecha-
nism in an adaptive fashion in order to minimize coordinatiwer-
head, maximize delivered quality, and gracefully accormatedy-
namics of bandwidth variations

3. PALS MECHANISM

PALSis a coordination mechanism for streaming a single content
(e.g, video stream) from multiple senders over the Internet. An
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Figure 1: Internal Architecture of a PALS receiver

overlay construction mechanism provides information alaosuf- is roughly proportional to its hop-count distance from tlerse
ficient number of sendersto each peer in a demand-driven fash- through the overlayDelay, is an important configuration param-
ion. The receiver contacts a proper number of senders t@ serv eter that is controlled by the receiver. As the receivereases

as its parents. Each selected sender establishes a separgts- Delay,, its session becomes closer to the playback mode since it
tion controlled UDP connection to the receiviee( using RAP [7] has more room to request future packets. Table 1 summaliees t
or TFRC [10]). We assume that senders are heterogeneous andhotation that we use throughout this paper.

scattered across the Internet. This implies that sendeyshanze

different available bandwidth and round-trip-time (RT®)the re- 3.1 An Overview

cieiver,kand any SUbe‘Iit O.f Lhem mdight rgsidefbehind a _shar.ted bo The primary design goal d?PALSis to effectively utilize available
tieneck. Because of the inherent dynamics of peer partiopan bandwidth from each sender to maximize delivered qualitjlavh

2P ne(tjworkbs, a:js_e;(rjlerr] may Ieavc_a at any point gf time. To ac- maintaining its stability despite independent variatigmsand-
Cﬁmmg ate bandwidt | eterogeréelgy among ser;] efrs,n‘\{/ve @SsUMyigth from different senders. The basic ideaRALSis simple
that video streams are layer encoded. However, the frankeseor and intuitive. The receiver peer monitors the availabledpadth

be easily extendgd to accommodqte multiple descriptignda‘ng from its parents and periodically requests a list of paclkeim
as We”.' For C_Iarl_ty O.f the_ discussion, we do not consideezsty each parent. Each parent peer delivers requested packgte to
bandwidth varlablllty_ln this paper and_assume_ that all tayewve receiver in the given order through a congestion contratathec-
the same constant-bit-rat€’). General information about the de- tion. In a nutshell, content of delivered packets are deitesthby

I'V.(e;rﬁd stregm e(.g,_(rjne(ljwmuhm num_ber Ofl Iayers_l\r(‘),k:ayllgr ;1?;3 the receiver whereas the rate of packet delivery from eauthesés
width) can be provided to the receiver along with the listerider  ;oqirolled by a congestion control mechanism.

peers during the initial setup phase.

. . . . . . The machinery of th€ALSprotocol is mostly implemented at the
To simulate live but non-interactive streaming sessiorsassume receiver, as shown in Figure 1. The receiver passively it
that each Sef‘der can only proylde alimited window of futuatek!a the Exponentially Weighted Moving Average (EWMA) bandwidt
ets to a receiver. O.nce a receiver selects a group pf sendes, ite from each sendefT¢,,,.,) and thus can determine EWMA of ag-
o_lelays its playout timetf,) with respect to the minimum playout gregate bandwidth from all sendef®& (... The receiver deploys
t'r;:.e among sek:ecte”d ser:jdetpiq, (tpr :.é\/[IN(.t;g-) _dgelayr)' a Sliding Window(SW) scheme to properly identify timestamps
This ensures that all senders can provice a winc ow Yr SEC- of required packets for each window as playout time prog®ss
onds worth of futu_re_ pa(_:kets relat_lve to the_recelver_pla_ymue.ln and ensures in-time delivery of requested packets as wasdisc
a nutshell, all part|C|pat|.ng peers in a session are viewhegsame subsection 3.2. At a beginning of each windad)( the receiver
stream but the playout time of each peer is delayed whereslag d <o\ mes that the current value®f,ma remains unchanged for
one window and takes the following steps: First, it estimdte

“Throughout this paper, we use the terms “sender”, “parend’ a  total number of incoming packetss( during this window: K =
“sender peer” interchangeably.
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Figure 2: Sliding window & packet ordering in PALS
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Second, th&uality AdaptationQA) mechanism is invoked to de-
termine (i) the number ofactivelayers that can be played during
this window (), and (ii) an ordered list of required packets for
active layers that should be delivered during this windowe Te-
quired packets are determined based on the estimated kafdget
coming packetsK), stream bandwidth.€., n x C) and receiver’s
current buffer statebg. fo, buf1, .., buf,). For example, if the re-
ceiver expects to receive 500 packets during a perigd=(500)
where four layers are currently being played, the QA mecmani
may allocateko = 200, k; = 150, k2 = 100, ks = 50 packets to
layer Lo .. Ls, respectively. By controlling the distribution of in-
coming packets among layers, the QA mechanism looselyasntr
the distribution of aggregate bandwidth among active &yies.,
bwo, bwi, .. bw,) during one window, which in turn determines
evolution of receiver’s buffer state. Further details oa tjuality
adaptation mechanism is descried in subsection 3.3.

Third, given an ordered list of required packets for a peribe
Packet AssignmerfPA) mechanism divides selected packets into
disjoint subsets (possibly from different layers), anddsea sepa-
rate request to each sender. Each request containgdaredlist

of assigned packets to the corresponding sender. The nwhieer
quested packets from each sender is proportional to itsibation

in aggregate bandwidth. Therefore, senders are likely livette
all the requested packets during the corresponding wind&aeh
sender only maintains a single list of pending packets fohee-
ceiver peer and simply delivers requested packets in treagivder

at the rate that is determined by its congestion control imeism.
Ordering the list of requested packets from each sendexsltioe
receiver to prioritize requested packets based on its owfepr
ences €.g9, based on encoding-specific information). This in turn
ensures graceful degradation in quality when bandwidthsefaler
suddenly drops since available bandwidth is utilized fdivedey of
more important packets. The receiver can send its requestcio
sender through an out-of-band TCP connection or piggy-tae
with the ACK packets to that sender. Further details of thekpta
assignment mechanism is presented in subsection 3.4.

3.2 Sliding Window

Once the receiver initiates media playbaRL Sdeploys a sliding
window scheme in order to identify and properly prioritieguired
packets in each window to accommodate “in-time” deliveryesf
quested packets, The sliding window scheme works as folltives

receiver maintains a window of time,Ly, t,.y + A] called ac-
tive window This window represents a range of timestamps for
packets (from all active layers) that must be requestechdwne
window. ¢,..; andA denote the left edge and length of the window,
respectively. As the playout time progresses, the windoslided
forward in a step-like fashiont{.; — t,.; + A) when the gap
between the left edge of the window and the playout time resch
a minimum threshold, (¢,.y — tp, < ¢). Figure 2(a) shows the
relative position of the window with respect to the playonte
that clearly demonstrates the step-like sliding stratefyis slid-
ing strategy allows the receiver to request and receivegiadir a
new window while the receiver is playing delivered packetstifie
previous window. Periodic sliding accommodates in-timiévdey

of requested packets since their timestamps are suffigietleast
0+A) ahead of the receiver’s playout time.

Figure 2(b) depicts status of the window right after a skitias oc-

curred. The requested packets foactive layers in a window can
be divided into the following three groups based on theiresm
tamp:

o Packets from Previous Windd.f — A < ts < t,cy): these
are packets of the active layers that are missing from the
previous window, also calleplaying window, often due to
packet loss in the network. Therefore, the ratio of thes&pac
ets are usually very small. Since there is still sufficiemteti
for in time delivery of these packets, the receiver can perfo
explicit loss recovery by re-requesting these packets.

e Packets from Active Windot,.r < ts < trep+A): All
missing packets of the active layers within this window
must be requested at this point. Because of the receivesrbuff
ing, some of these packets are often delivered ahead of time.
This implies that required budget for requesting these pack
ets is often less than one window worth of packets.

o Packets from Buffering Windof.. s +A <ts < tyep+A+7):
Any excess packet budget can be leveraged to request pack-
ets from the buffering windowr is the length of the buffer-
ing window which is called the LookAhead interval. These
packets are determined and ordered by the QA mechanism
in order to shape up receiver’s buffer state as we discuss in
subsection 3.3. Note that the timestamp of requested future
packetsi(e., size of the buffering window) is determined by
the availability of future data which is specified Belay;,
i.e, 7 = Delay, - (2* A+9).



At macro level, the above three groups of selected packetsrar
dered based on their corresponding windoiss, first packets of
the playing window, then active window, and finally buffegiwin-
dow. Micro-level ordering of selected packets within théféxing
window is determined by the QA mechanism as we describe in
subsection 3.3. Packets within the playing and active wirgdare
ordered based on the following strategy: Given two packetad

b with timestampgs, andts; from layer L, and Ly, (L, > L),
packetb is ordered before only if the following two conditions
are satisfied > \‘thZ:tLSZ‘\ andts, > tsp, Wheren denotes the
number of active layers. This approach simply orders paciet
a diagonal pattern with the slope &f (as shown in Figure 2(c)).
This ordering strategy ensures that packets from lowerrsage
with lower timestamps are given higher priority. Therefdosver
priority packets that may not be delivered will be locatedhet
right, top corner of the window and have more time for dejvier
the next window. As the above condition indicates, the stiffibe
ordering adaptively changes withto strike the balance between
importance of lower layers and shorter time for delivery atlp-
ets with lower timestamps. Clearly, other ordering pateran be
adopted if layer number or timestamp has a higher priority.

The window size Q) is a key parameter that determines the trade-
off between stability of delivered quality and response&nof the
QA mechanism to variations of aggregate bandwidth. Deargas
window size improves responsiveness at the cost of lowbilisga

in delivered quality and higher control overheaeé ( request mes-
sages). Note that the window size should be at least severes t
longer than average RTT between receiver and differentesend
since RTT determinegi) minimum delay of the control loop from
the receiver to each sender, afiijl timescale of variations in con-
gestion controlled bandwidth from the sender.

Since a new request is sent during the delivery of packethén t
last request, @ALSreceiver may observe duplicate packets. More
specifically, after the window is slided forward, there idf e
RTT worth of packets in flight from each sender. These packets
will arrive during the next window and might be requestedimga
which results in duplicates. We minimize the ratio of duple
packets ifPALSas follows: requested packets that are not delivered
in one window, are re-requested from the same sender in ttte ne
window. Each sender removes any packet from a new requést tha
was delivered during the last RTT. As our simulation ressiftsw,

the ratio of duplicate packets is extremely lowHALS.

Coping with Bandwidth Variations: Periodic window sliding is
not sufficient to effectively cope with sudden changes irregate
bandwidth during one window. More specifically, sudden éase
or decrease in available bandwidth from a sender couldteesul
low utilization of its bandwidth or late arrival of packetgspec-
tively. In PALS, the sliding window mechanism is coupled with
several secondary mechanisms to address this issue. Tdieerec
employs three mechanisms to cope with a major drop in baridwid
as follows:

e (i) Overwriting RequestsAny new request from the receiver
overwritesthe outstanding list of packets that is being deliv-

behind,i.e., delivering late packets.

(ii) Packet Ordering As we mentioned earlier, requested
packets from each sender are ordered based on their impor-
tance. Therefore, the effect of any drop in bandwidth is mini
mized since available bandwidth is used for delivery of more
important packets.

(iii) Event-driven Sliding During each window, the receiver
monitors the progress in evolution of buffer state once per
RTT. In an extreme scenario when the aggregate available
bandwidth is significantly lower than the estimated valug an
the available buffer state is not sufficient to maintain entr
layers until the end of this window, the receiver drops alaye
slides the window forward, invokes the QA mechanism and
sends a new request to each peer.

If available bandwidth from a sender significantly increader-
ing a period, the sender may deliver all the requested pachet
higher rate and become idle. This in turn reduces bandwitith u
lization of that senderPALSincorporate two ideas to address this
problem: First, the receiver requests a percentage of patkets
(beyond estimated number of incoming packets based on EWMA
bandwidth). The percentage of requested extra packets rom
sender is determined based on the deviation of the sendar's p
window bandwidth from its EWMA average bandwidth. Similar
to the packet in the buffering window, these extra packetssar
lected and ordered by the QA mechanism as well. SedeAdS
also incorporate the idea adverse flow contralo keep all senders
busy. The receiver keeps track of delivered packets by ezuthes

to determine whether a sender is likely to complete theigassl
packets (including the extra packets) before the end of thest
window. If such an event is detected, the receiver sends A mma
quest for that particular sender half an RTT before sendesrbes
idle to ensure utilization of the sender’s bandwidth for temain-
ing part of the window.

3.3 Quality Adaptation
The QA mechanism has two degrees of control that adapts-deliv
ered quality in two different timescales:

e Coarse-grained AdaptationOver long timescale, the QA
mechanism can add or drop the top layer to adjust the num-
ber of playing layers in response to long-term mis-match be-
tween aggregate bandwidth and stream bandwidth.

Fine-grained AdaptationOver short timescale (once per win-
dow), the QA mechanism controls evolution of receiver huffe
state by adjusting the allocation of aggregate bandwidtbram
active layers which is used to absahort-termmis-match
between stream bandwidth and aggregate bandwidth.

The basic adaptation mechanism works as follows: when aggre
gate bandwidth is higher than stream bandwidih C' < Tcwma),
called filling window, the QA mechanism can utilize the excess
bandwidth to request future packets and fill receiver’sdmsfivith
a proper inter-layer distributiorb{ fo, bu f1, .., buf.). Once re-

ered by a sender. More specifically, when a sender receivesceiver’s buffers are filled to a certain levaB{ F, 44) with the re-

a new list from the receiver, it starts delivery of packetsrir

the new list and abandons any pending packet from the previ-
ous list. This mechanism “loosely” synchronize slow seader
with receiver’s playout time and prevents them from falling

quired inter-layer buffer distribution, the QA mechanisandn-
crease stream bandwidth by adding a new layer to avoid buffer
overflow. In contrast, when aggregate bandwidth is lowen tha
stream bandwidthT.,m. < n * C), calleddraining window the
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QA mechanism drains receiver’s buffers to compensate thd-ba
width deficit while maintaining proper inter-layer distuiton for
the remaining buffered data. If the amount of buffered datiso
distribution among active layers is inadequate to effityembsorb
bandwidth deficit during a draining window, the QA mechanism
drops the top layer.

BU F, 44 and inter-layer buffer distribution are key factors in cmar
grained and fine-grained adaptations, respectively. Tigyedahe
value of BUF, 44 becomes, the longer it takes to add a new layer
when excess bandwidth is available, the less likely it israpdhe
newly added layer in a near future. Therefore, increa@bgr, 44
further decouples the delivered quality from the variatiaf ag-
gregate bandwidth, and improves stability of delivereditua

Since stream has layered structure, a key question is “heweth
ceiver buffer state should be evolved as it is filled or drd#tie This
is determined by two factorgi) Target buffer distribution, angi)
Packet ordering. In essence, target buffer distributicerdgines
overall distribution of BUF,q4 amount of buffered data across
all active layers whereas packet ordering controls evarudif the
buffer state as individual packets arrive. A givB F,, 44 value
can be distributed across active layers in different wayshasvn
in Figure 3. In general, more buffering should be allocateldwer
layers because of their importance for decoding highertayehe
conservative or horizontal approach of allocating buffgronly to
lower layers improves buffering efficiency since the budtbdata
is more likely to be available, and long-term stability ifidered
quality. In contrast, the aggressive or vertical approdchllocat-
ing buffering only to lower timestamps of active layers atleis
short-term improvement in quality but it is less efficiérind does
not achieve long term stability. A skewed or diagonal butfis-
tribution can effectively leverage the tradeoff betweenghkterm
stability in quality and buffering efficiency. By changinigetslope
of such distribution one could achieve proper weight fob#itst or
efficiency.

Packet ordering determines how the target buffer distiobuis
filled and drained over short timescales. There are twori@ifer
ordering packets, namely layer ID and timestamp. As shown in
Figure 4(a), using layer ID as the primary criteria resultthie hor-
izontal ordering whereas ordering primarily based on petikes-
tamp leads to the vertical pattern. The snake-shape (opxiéy
pattern orders packets based on both timestamp and layenébew
packeta has a higher priority thah if the following condition is
met slope > \‘tiZ:thl;‘\ (similar to the criteria in subsection 3.2)
whereslope determines the slope of diagonal pattern and thus the

2In general, the higher the amount of buffering for the drappe
layer, the lower the buffering efficiency. In other worddpehting
that buffer to lower layers would have been more useful for, QA
and thus more efficient[11].

required weight for layer ID vs timestamp. The effect of petabr-
dering on the actual buffer state is primarily visible whetivcered
packets do not fill the entire target distribution. To ilkage this
effect, Figure 4 depicts the buffer state for diagonal budfstribu-
tion with different packet ordering scheme.

Quality Adaptation in PALS: PALSincorporate the following ideas
to leverage the above fundamental tradeoffs in a balancdd fa
ion. The value ofBU F,, 44 and its distribution is adaptively deter-
mined as a function of Look ahead)(@and number of active layers
(n) as shown in Figure 3. Toward this enBU F, 44 is equal to
half of the total available data in the future window Bt/ F, 44 =
0.5¢*n = C), i.e., area of triangle ABC. Furthermor&U F, 44 is
being distributed in a diagonal fashion across all actiyerawith

the dynamic slope of. the corresponding snake-shape ordering
for requested packets. In this approach, as the qualityedust ()
increases, thBALSbehavior becomes more conservative in adding,
and more resilient in dropping a layer. Similarly, usingyarvalue

of Delay, which results in larger LookAhead value, increases the
value of BUF,4q and results in more conservative target buffer
distribution which is desirable since more future data igilable

as shown in Figure 5.

Diagonal buffer distribution ilPALSimplies that packets of lower
layers are requested well ahead of their playout times. Jtné-
egy provides multiple opportunities for requesting paskdétower
layers. This in turn leads to a higher degree of resilienajiresy
packet loss for lower layers that are more important. Funtioge,
PALSdeploys an implicit loss recovery mechanism by requesting
any missing packets within the playing window for the lastdias
we discussed earlier. In summary, multiple requesting dppé
ties coupled with implicit loss recovery RALSprovide sufficient
number of opportunities for delivery of lost packet and / vem
written request.

PALSrequires a startup phase when the receiver buffers sufficien
amount of data before itinitiates stream playout. Durireydtartup
phase, only packets of the base layley)are requested from senders.
In PALS, the playout is initiated when two conditions are satisfied:
(i) the receiver has two windows’ worth of buffered data for the
base layer, an(li) EWMA bandwidth from all sender is more than
the consumption rate of a single layér)(

3.4 Packet Assignment

Once the QA mechanism identified and ordered all the required
packets for a window, it passes an ordered list of selectell-pa
ets to the packet assignment mechanism. Then, the packgt-ass
ment mechanism maps the ordered list of packets among active
senders such that two conditions are m@t:the number of allo-
cated packets to each peer is proportional to its contohiiti the
aggregate bandwidth, affid) delivered packets by different senders

Figure 5:
buffering

Effect of LookAhead () on the amount of future
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Figure 4: Effect of Packet Ordering on the evolution of buffe state

arrive in the order that is rather similar to the orderingraf &ggre-
gate list despite independent variations in bandwidth fdifferent
senders. Maintaining the order of delivery for requesteckets
ensures that the evolution of the buffer state remains dimske

exclude packets that are only available at this sender)eigiven
order. If each packet can be provided by another sender witkep
deficit, it is assigned to the other sender. The second padmeo
ues until no sender has any packet surplus or no more improve-

determined plan by the QA mechanism. To achieve these goals,ment can be achieved. Note that if distribution of packet @mgno

PALSadopts aveighted round-robistrategy for packet assignment
among senders. Consider an example where three seaders

andss contribute 50%, 30% and 20% of the aggregate bandwidth,

and all senders can provide all layers. The ordered listlcfeal
lected packets for a window is assigned to senders as falleirst
the PA mechanism divides the list &F packets intaV. equal-size
chunks where each chunk (except possibly the last one) iosnta
ke = Nﬁ packets. Starting from the first chunk, the PA mechanism
assignsk.*0.5 packets toso, thenk.*0.3 packets tos;, and then
k.*0.2 packets toss. N, is a configuration parameter that deter-
mines how much the order of delivered packet could divergen fr
the global ordering specified by the QA mechanism. Thisexgat
attempts to proportionally distribute less important fskat the
end of requests from different senders.

Partially Available content: In practice, a sender may not receive
or (may not cache) all the layers, or all the segments of the la
ers it receives. The information about available packetsagh
sender can be provided to the receiver as the session psegres
(for live sessions) or at the beginning of playback sessions ba-

sic packet assignment mechanism can not accommodatellgartia
available content among senders.

We devised the following two-pass packet assignment méstman
to accommodate this practical scenario. Given the EWMA band
width from each sender, we can determine their packet badget

follows: k; = g,f;g’;ge. In the first pass, the PA mechanism sequen-
tially examines each packet from the ordered list and keepk bf

the number of assigned packets to each sendetigned;). If the
packet is only available at one sender, it is assigned tcstirader.
Otherwise, it is assigned to a sender that has the minimuim rat
of assigned to total packet budgeg(, ‘“‘”kﬂ) because it can
provide an earlier delivery time and better maintain thegiogl or-
dering. For example, if both sendersands, can provide packet
x, have the total packet budget of 300 and 100, and their nunfber
already assigned packets is 50 and 10, packeassigned te;. At

the end of the first pass, all packets are assigned to a seutléne
number of assigned packets to some senders might be lagger th
their packet budgetalssigned; > k;) which implies that number
of assigned packets is less than the budget for some othdersen

In the second pass, we only examine those senders whosenthe nu
ber of assigned packets is more than their packet budgetingta

from the sender with maximum surplus. For each sender, we ex-

amine those assigned packets that are available at other (peg

senders is proportional to the distribution of bandwidIt,(..)
among senders, then this algorithm will identify the propacket-
to-sender mapping that fully utilizes available bandwifitdm all
senders. We examine the performance of this mechanism fio8ec
4,

4. PERFORMANCE EVALUATION

We use packet level simulator, namelg2 to extensively evalu-
ate performance dPALSmechanism under different dynamics in
P2P systems and explore several key tradeoffs in desigcei/er-
driven coordination mechanisms. In our simulations, alide®
peers employ RAP [7] mechanism to perform TCP-friendly con-
gestion control and are able to provide a limited window a@ifa
packets Delay_r seconds) for all layers of a requested stream to
the receiver. To properly measure congestion controlled\valth
from a sender independent BALSbehavior, we have decoupled
PALSfrom the underlying congestion control mechanism. Once a
sender receives the first request, it starts sending rexplipackets

at a rate that is determined by RAP. At each packet depaitaes t

if there is an outstandinBAL Spacket, it will be mapped to the out-
going packet. Otherwise, an empty packet is sent. This gicaou
allows us to assess ability ®#ALSmechanism to utilize available
bandwidth from senders After a startup phase, the receiver em-
ulates “streaming” playout of delivered packets while ¢desng
decoding dependency among packets. For example, a losteor la
packet for the second layer implies that corresponding gtachf
higher layers can not be decoded and are useless.

Figure 6 depicts the basic topology in our simulations witfedlIt
parameters. Each flow goes through a shared and unshared link
with cross traffic. By changing the volume of cross traffic bage
links, we can control which one ultimately becomes a bottbdrin
each simulation and generate a desired scenario with sbared
shared hottleneck. We have also used a single TCP flow onthe re
verse direction to avoid any phase effect in simulation$ Vetger
number of flows. The amount of buffer size for each link is prop
erly provisioned. Presented results are averaged overrsOwith
different random seeds. Unless otherwise stated, thenfimitpde-
fault parameters are used in our simulatioNs:= 5, C' = 80 KBps,

N =10,M =3, =500 msecPktSize = 1KByte.

%It is worth noting that despite this decoupling any changeAhS
parameters could result in a different pattern of requesis the
receiver which in turn affects dynamics of ACK packets anodrsh
term variations of congestion controlled bandwidth.
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Figure 6: Simulation Topology

We have extensively evaluatd®ALSand examined the effect of
wide range of parameters under a variety of scenarios imgud
shared and unshared bottleneck among senders, and difteren
gree of bandwidth heterogeneity. Due to the limited spaesomly
present a representative subset of our results in thisossctiln
particular, we focus on senders with shared bottleneclediand-
width sharing among senders introduces further dynamiesdi-
able bandwidth. Furthermore, we emphasize on scenaridsavit
moderate degree of heterogeneity among senders for tiogvfod
reason. When the degree of heterogeneity is too high, thevieh

of one sender become dominant and the dynamics of multiesend
delivery is not shown. In contrast, assuming senders withdge-
neous bandwidth is rather unrealistic. Further resultsbeafound

in the related technical report [12]. We explore the follogiissues

in this section:(i) the importance of inter-sender coordinatigi),
key design tradeoff in receiver-driven coordinati¢iii) ability of
PALSto cope with dynamics of bandwidth variations and peer par-
ticipation, (iv) sensitivity of PALSto different pattern of partially
available content among senders.

4.1 Importance of Coordination

As we discussed earlier, to maximize delivered quality fromiti-

ple congestion controlled senders despite variations na\alth,

itis important to dynamically coordinate delivered packey each
sender. To illustrate the importance of inter-sender doatibn,

we compare the performanceALSwith the following two mech-
anisms that emplogtatic content-to-sender mapping.

e Single Layer per Sender (SL®) this approach each sender
s; delivers packets of a designated layEr)(at the rate that
is determined by its congestion control mechanis§1L.S

represents the common “one layer per sender” approach that

has been proposed in several previous studigg {13, 5]).

e Multiple Layer per Sender (MLS)his approach is more

elaborate and assigns multiple layers to each sender [14].

Given an ordered list of senders based on their availablé-ban
width, MLS starts from the first sender (with maximum band-
width) and sequentially assigns the maximum number of con-
secutive new layerd.€., [; = {Téw—cmaJ) to each sender. For
example, if layer bandwidth is C=80KBps, the layer to send-
ing mapping for three senders with 250, 175 and 100 KBps
average bandwidth would bd.{, L1, L2), (Ls, L4) and
(Ls), respectively.

Both SLS and MLS incorporate the following miscellaneousime
anisms. Each sender delivers packets of the assigned thyeugh

a RAP connectionife., RAP) based on their timestamp, and across
different layers based on their layer numhes,, vertical ordering.
Receiver reports its playout time in ACK packets to enabéesisrs

to estimate receiver’s playout time. To ensure in-timevée)i, each
sender only transmits those packets whose timestamp isstidee
RTT larger than the receiver’s playout time. This implieatth
sender skips a range of timestamps when its available batfawi
drops in order to remain loosely synchronized with the rearég
playout time. A sender can also utilize its excess bandwa#end
available future packets of assigned layers (uptday_r seconds)
and increase the buffered data at the receiver. Both SLS &r&l M
incorporate an explicit loss recovery mechanism. Drop etsclre
detected by RAP at the sender side and retransmitted baskdion
priority within the packet ordering scheme if there is sufit time

for their in-time delivery. In summary, SLS and MLS repredgro
well designed multi-sender streaming mechanisms thatdgesn-
teractions between the receiver and each sender to accamenod
timing and loss recovery. However, they do not use any coardi
tion among senders and rely on static layer-to-sender mgppi

We compareéPALSwith SLS and MLS in a scenario where a vari-
able number of heterogeneous senders reside behind a $iuared
tleneck. The results for homogeneous senders are simitecam

be found in the related technical report [12]. For a scenaiib ¢
senders, only sendess to s; participate in delivery. We use the
topology shown in Figure 6. However, we have changed the fol-
lowing parameters from their default valueg:ls; values are set
based on the following equatiofils; = d_ls1 + (i — 1)*0.5ms
whered_ls; = 1lmsec to achieve heterogeneous bandwidth. The
shared bottleneck ha8W _bn = 32 Mbps bandwidth and 20 long-
lived cross traffic. Finally, receiver access link was reztlito

BW _r=4.5 Mbps. With these parameters, as the number of sender
increases, initially the shared bottleneck is the limitlimk and
then receiver’s access link becomes the bottleneck. Natettie
aggregate bandwidth to the receiver is independent of theenb
delivery mechanism, and only depends on the number of sender
Table 2 shows the available bandwidth from each sender sethe

scenarios in terms of layer bandwidtﬁez(g“—a).

n Telw'nm, T(jwrna T(jwnLa Tﬁw"l/(l Tj’wnLa Teﬁ’w"l/(l
225 |24

3[19 |21 |19

i[17 |16 |15 |14

514 |13 |[127 |117 |1.14

6 12 |1z |11 [102 101 |1.01

Table 2: Available bandwidth for each sender across differat
scenarios

Figure 7(a) depicts the average delivered quality by SLSSMhd
PALSfor different number of senders, ranging from 2 to 6. We
have also shown the maximum deliverable qualitg.(the ratio

of aggregate bandwidth to layer bandwidth) in each scerzerian
upper bound for average delivered quality. This figure shihas
the average delivered quality BALSIs higher than the other two
mechanisms and is indeed very close to the maximum delikerab
quality. The small gap between the delivered qualityPdy Sand
the maximum deliverable quality represents the residugiezgmte
bandwidth that is insufficient for adding another layer. leowle-
livered quality by SLS and MLS is primarily due to the inatyilof
these mechanisms to utilize residual bandwidth from eantese
For example in a scenario with 4 senders, the residual baitldwi
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Figure 7: Effect of Inter-sender Coordination,PALS parameters: A = 6sec,Delay_r= 40sec

from all senders (shown in Table 2) is sufficient to deliveo twore
layers. However, without any coordination among sendéese
residual bandwidth can not be utilized.

Figure 7(b) shows the frequency of layer drops to quantiéysta-
bility of delivered quality by these mechanism in the sanneusa-
tions presented in Figure 7(a). These variations occurusecaf
layer drops (only inrPALS) or undelivered packets. Variations of
delivered quality by SLS and MLS is zero in those scenariosrerh
all senders have a plenty of residual bandwidth. In these sosnar
each sender can deliver packets of designated layers ahéato
which results in a plenty of receiver buffering. Table 2 shdhat
all senders have a plenty of residual bandwidth in scenaitts2,

4 and 5 senders. However, when residual bandwidth for atdeas
sender is lowé.g, sz whenn = 3, or s3-s¢ whenn=6), MLS and
SLS are very sensitive to variations of available bandwidéim
these sender(s) because senders with low residual batdeadt
not accumulate sufficient buffering, and thus are forcedkifo jgor-
tions of designated packets to ensure in-time delivery.

Figure 7(c) depicts the utilization of aggregate bandwfdbim all
senders in same simulatioBALSis the only mechanism that fully
utilizes aggregate available bandwidth from all sender§US and
MLS, the aggregate bandwidth is not fully utilized due to lihe
ited availability of future packets at each sender. In otherds,
each sender can only send a limited amount of future pactiets (
pending on the value dPelay,) and then becomes idle. The larger
the value of residual bandwidth, the more future packeds karger
Delay, values) are required to fully utilize available bandwidth.

As expected, none of the mechanisms experienced late paoket
our simulations. Because of their static mapping, SLS andSML
do not deliver duplicate packets. However, we observedttess
0.05% duplicate packets in ddALSsimulations.ln summary, the

from each sender.

4.2 Effect of PALS Parameters

We turn out attention to the effect of key configuration pagam
ters, including window size and LookAhead, on the perforogan
of PALSmechanisms. This also illustrates underlying dynamics
and key tradeoffs of the receiver-driven coordination naecsm.
Window size (A) determines the frequency of adaptatiorPALS
mechanism. LookAhead-} controls the amount of future buffer-
ing that determines the amount BfU F,,44 and its inter-layer dis-
tribution, and thus affects the tradeoff between respensigs and
stability of delivered quality. To explore these issues,corsider

a scenario when three heterogeneous senders are behinted sha
bottleneck using the topology shown in Figure 6 with defgalt
rameters. Table 3 summarizes averaged bandwidth and RTT tha
are obtained by each sender in this simulatidALSuses diagonal
shape for buffer distribution along with diagonal pattesngacket
ordering in these simulations.

senderl sender?2 sender3
AvgRTT || 79 msec | 110 msec | 144 msec
AvgBW || 1.59 Mbps| 1.16 Mbps| 0.82 Mbps
Dev.BW || 0.47 Mbps| 0.35 Mbps| 0.24 Mbps

Table 3: Bandwidth and RTT for individual senders in subsec-
tion 4.2

Window and LookAhead: Figure 8 depicts different angles of
PALSperformance as a function of window size for different value
of LookAhead parameter. Figure 8(a) shows the averageesdetiv
quality and illustrates that neither depends&mor 7. In other
words the average quality is only determined by the average-b

behavior of SLS and MLS significantly depends on the amount of width. This is mainly due to the event-driven sliding of thiadow

residual bandwidth at individual senders. When residuahdba
width at some senders is low, they can efficiently utilizé theail-
able bandwidth but they become too sensitive to bandwidih-va
tions which results in instability of delivered quality. ¢ontrast,
when all senders have a plenty of residual bandwidth, they ca
buffer future packets and provide a stable quality. Howetrery
exhibit poor bandwidth utilization specially when the ambof
future packets among senders are limited.( Delay, is not too
large). In a nutshell, the content delivery mechanisms thigton
static layer-to-sender mapping caot maximize delivered quality
because of their inability to efficiently utilize residuarzwidth

coupled with reverse flow makes the behavioP&L Sthat reduces
the effect of window size on average quality. Figure 8(byehthe
degree of stability by depicting the frequency of layer despnts
that are triggered by the QA mechanism. This figure reveas th
frequency of changes is generally very low (often less thé&n 1
drops every 100 seconds, or 0.015) and is reduced by inogeasi
the LookAhead parameter. Furthermore, it does not depettikdeon
window size when LookAhead is not too low. This figure illazdés
the key tradeoff between responsiveness to variationsridveialth
and stability in delivered quality. Using large LookAheaalgm-
eter results in largBU F, 44 Which accommodates stability at the
cost of responsiveness. In contrast, when LookAhead isl sthel
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layer add condition can be easily satisfied which resultsitora

fectively utilize available bandwidth from senders, andvide a

mature adding of a new layer that can not be sustained and lead stable quality with a low ratio of control overhead and venyad

to instability in quality. We further explore the underlgicauses
of the observed layer drops by dividing them into two groufis:
Primary dropsthat occur due to insufficient aggregate buffering to
absorb a drop in bandwidth at the receiver, @i&econdary drops
that occur when total buffered data is sufficient but its ulggbrtion
within the active window is inadequate to absorb bandwietficit,

i.e., buffered data is distributed across multiple window. The d
tinction between these drop events allows us to identifyefffect

of buffer distribution on variations of delivered qualifyigure 9(b)
depicts the ratio of secondary drops and clearly showshisatdtio
increases with the LookAhead parameter but this increasgns-
icantly smaller as the window size grows. Since the usefttigro

of buffered data depends on the shape of buffer distribudiwch
the portion of buffered data that falls within the next windg.e.,

|7 — Al). Therefore, increasing the window size or decreasing the
LookAhead would results in decrease in the useful portidsudfer
which leads to smaller ratio of secondary drops.

Figure 8(d) shows the percentage of unrecovered packetdoss
These are the packets that were lost (once or multiple tilaued)
did not get another transmission opportunity because of the
ative priorities. Note that losses are weighted by theirdotpn
delivered quality. In other words, when a packet is lost,itall
decoding-dependent packets from higher layer are alsademasl
lost although they are actually delivered. This figure illages that
the percentage of un-recovered losses is generally sraafi than
0.03%), but it increases as the window size grows or Lookdhea
shrinks. This behavior is related to the average numberaoistr
mission opportunities for each packet which is determingdhle
ratio of LookAhead to window sizdn summary, Figure 9(b), 9(e)
and 8(d) show two important tradeoff for selecting windowesi
and LookAhead as follows: Increasidy reduces the ratio of sec-
ondary drops but results in higher ratio of unrecovered éssg-ur-
thermore, increasing improves the stability of delivered quality at
the cost of higher ratio of secondary drops, and larger dedadt
respect to parent peers. In a nutshell, there is a sweet gpotih-
dow size and LookAhead parameters that should be set aogpordi
to application’s requirements.

Efficiency and Overhead:Figure 8(e), 8(f) and 8(g) represent var-
ious dimensions of efficiency and overhead R&tLSmechanism.
Figure 8(e) indicates that the percentage of duplicateqiadk in
general very small (less than 0.3%) and can be rapidly dibpye
increasing window size. This supports our explanation dosgli-
cate packets could occur only when window is sliding since in
creasing window size rapidly reduces the ratio of dupli€atég-
ures 8(f) shows that the utilization of aggregate bandwiglways
very close to 100% except for very small window. We also ex-
amined the average percentage of overwritten packets footrs
here) across all senders and found out that both the averafe a
per-sender percentage of overwritten packets remain dr@Gfo
independent of window size or LookAhead parameter. Sinee th
deviation of average bandwidth from each sender is aroufd 30
in these simulation, only extra packets from each sendeovswe
written. While this appears to suggest ti&LS over-estimates
the ratio of requested extra packets from each sender irstiis
nario, any reduction in the ratio of extra packet could resub
lower bandwidth utilization. The overhead of generatedtrmbn
traffic (i.e., request of the receiver) iRALSreduces as window
size increases but remains below 0.85% in all scenariosagnsh
in Figure 8(g). In Summary, these results show P&t Scan ef-

ratio of duplicate packets.

Buffer State: Finally, Figure 8(h) and 8(i) depict the average amount
of buffered data across active layers, and the slope ofilalision

for actual buffered data (using as x-axis), respectively. These
figures collectively illustrate how closely the actual laufétate fol-
lows the target buffer distribution despite the underlyilypamics

in bandwidth variations, packet selection and packet assmt.
Figure 8(h) shows the average amount of buffered data aatbss
layers linearly increases with both andr. The direct effect of

7 on the actual amount of future buffering (the gap between con
secutive lines for the same value & supports our earlier expla-
nation on why increasing reduces the frequency of layer drop
(in Figure 8(b)). We note that when window size is larger than
LookAhead, the active window is less than half-full righteaifthe
window is slided. Therefore, the average per layer buftgeinthe
receiver should be aroun+0.5 = 7. However, when LookAhead
is larger than window size, the buffer data is gradually andated
over several windows at the rate proportional to excesswoiaitiol
Therefore, the per layer buffering would be less tiaa 0.5 * 7.
Figure 8(h) clearly demonstrates these two scenarios. ré&ig(i)
demonstrates that increasing LookAhead can effectivalyease
the slope of actual buffer state. However, increaghgesults in a
larger total buffering and slightly reduces the effect obKé\head

on the slope of buffer statdn Summary, our results indicate that
the LookAhead parameter can effectively control actuatrits-
tion of buffered data across layers despite various dynarmi¢he
system.

Buffer Distribution & Packet Ordering: Now, we take a closer
look at the impact of packet ordering in the buffering window
PALSperformance. Packet ordering primarily affects fine-gdsin
namics of buffer evolution that determines receiver’s duftate
and its efficiency. Figure 9 depicts both the ratio of seconda
drops and buffering efficiency iRALSfor three different ordering
schemes, namely vertical, horizontal, diagonal, with ttaptive
diagonal buffer distribution ifPALSas described in subsection 3.3.
This figure clearly illustrates an interesting tradeoffvibetn ratio
of secondary drops and buffering efficiency that can be &yt
by packet ordering. More specifically, vertical orderindheme
has the minimum ratio of secondary drops but lowest buffeef
ficiency. In contrast, horizontal ordering scheme has theimam
ratio of secondary drop but highest efficiency. The diagamal
dering strikes the balance by achieving a very good buffeefi
ficiency and with sufficiently large window size can minimibe
ratio of secondary drops. This tradeoff is a direct effeahefpor-
tion of delivered packets fall within the next window. Vesl and
horizontal orderings place the maximum and minimum portbn
buffered data in the next window, respectivdlysummary, this re-
sults demonstrate that our choice for diagonal packet ardgcan
properly leverage this tradeoff.

4.3 Dynamics of Bandwidth Variations

As we discussed earlier, by increasing the LookAhead pawarime
PALS, the amount of receiver buffering grows and its QA mech-
anism becomes more conservative in adding layers, and raere r
silient in dropping a layer. Therefore, in esseneALShecomes
less responsive as LookAhead parameter increases. Tdyoihagi
effect, we have examind@ALSperformance over a wide range of
dynamics in available bandwidth by using different typesrmafss
traffic including long-lived TCP, http and flash-crowd. Here de-
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Figure 9: Effect of packet ordering on the ratio of secondarydrops and buffering efficiency

scribe a representative scenario where 3 senders streaemttma
receiver through a shared bottleneck with flash-crowd drasfc.

We use the topology shown in Figure 6 with the default paramet
and only introduce flash crowd traffic to the shared bottl&risam
t=110 second to t=140second. Flash-crowd cross trafficisi-si
lated with 300 short-lived TCP flows where each flow starts at a
random time between t=110sec and t=140sec, and remains acti
for a random period between 0.8 to 1.2 seconds.

Figure 10 illustrates behavior ¢fALSin this scenario as a func-
tion of time for two different LookAhead parameters= 10, 32
seconds. Figure 10(a) and 10(d) show the aggregate bamdavidt
delivered quality forr equal to 10 and 32 seconds, respectively. As
we described earlier, whenis smaller,PALSis more responsive
to the variations of bandwidth, in particular when suddeancje in
the aggregate bandwidth occurs. In contrast, using largaiues
lead to a significantly more stable behavior such Bt Sis even
manage to avoid any layer drop despite the major drop inavail
bandwidth. The observed negative spikes in these figuredusre
to unrecovered losses for the top layer. Such unrecovessit$o
occur when loss rate suddenly increases and thus bandwizftk,d
since the allocated bandwidth to loss recovery is limited.

To illustrate the role of buffering oRPALSbehavior in these two
scenarios, we have shown the evolution of buffer stiaée émong
of per-layer buffering) in terms of its playout tinteor these sim-
ulations in Figure 10(b) and 10(e). Comparison betweerethes
figures clearly shows that using larger LookAhead valuesltes
in more total buffering and more skewed distribution acriass

“We show the buffered data in terms of its playout time whichés
time it takes to playout the buffered data. This presentgithieg
aspect of buffer that is not captured by its absolute valusyis.

ers (.e. larger gap between lines in Figure 10(e)) which in turn
increases receiver’s ability to effectively absorb a majowp in
bandwidth by draining the buffer data. As shown in Figuree)0(
right after flash-crowd traffic starts, the buffered data tHiagher
layers are drained at a faster rate to protect lower layers.

To show the effect of bandwidth variations on the dynamicenaf r
quested packet by the QA mechanism, Figure 10(c) and 10(f) de
pict the timestamps of requested packets in each windovgalith
the position of the buffering window for part of the above slet
tions. Groups of requested packets for active layers in e@uthow
are shown as parallel column on top of the corresponding evind
The relative gap between each packet and its correspondimg w
dow is proportional to its timestamp. Even though all paslet
requested at the beginning of the window, they are sepairatbis
graph for clarity (the left most column represents requiptekets
for the base layer). Comparison of these figures shows thatth
ative difference, and thus the total range, of requestedstiamps
from different layers increases with the LookAhead paramdtig-
ure 10(f) clearly shows that once the available bandwidtipsirthe
gap between timestamp of requested packets and the window de
creases indicating that receiver’s buffers are being dchifPackets
with timestamp lower than the corresponding buffering windre
located within the playing window, and requested by the ieitpl
loss recovery mechanisne.f, around t=123 and 127 sec). Fig-
ure 10(f) also demonstrates that many packets have muitipte
ber of transmission opportunities. This number can be\edsH
termined by drawing a horizontal line from the first requestd
packet and counting number of future windows that fall betbis
line. Clearly, there are more opportunities for packetoofr lay-
ers to be requested because they are initially requestéahedd

of their playout times. A packet might be requested multijtess
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Figure 10: Behavior of PALS with flash crowd cross traffic, A = 4 seconds

due to packet loss or overwritten request.

4.4 Dynamics of Peer Participation

Departure or arrival of an active sender can change aggregat-
width and thus delivered quality to a receiver. In esseris gffect

is very similar to the dynamics of bandwidth variations tivatex-
amined in subsection 4.3. To examine the effect of sendeardics

on PALSbehavior, we use our default simulation topology with 4
senders and the following_s(7) values 1,13,16,19msec. All other
parameters are set to their default values. Initially, élsenders
s1, $2 andsg are active and obtain average bandwidths 149 KBps,
138 KBps, and 133 KBps, respectively. We stop serdend time
t=100 second, and start senderat time t = 150second to simulate
slow replacement of a departed sender.

Figure 11(a) and 11(b) depict aggregate and per sender lgthdw
as well as delivered quality in this scenario for two diffgreookA-
head parameters; = 10 and 32 seconds. Comparison between
these figures reveals two interesting points: First, drovalepar-
ture of one of three senders does not result in 33% change-in ag
gregate bandwidth due to the shared nature of bottleneckre Mo
specifically, when a sender departs (or arrives), the otbtévea
senders obtain (or lose) portion of their bandwidths in oesp

to this change. Note that the variations of bandwidth fordses
with unshared bottleneck are rather independent and dokhdiie
this behavior. Second, a drop in the aggregate bandwidthtaue
the departure of a sender can be effectively absorbed bgdaitrg

the LookAhead parameter. This in turn provides more timeHer
receiver to replace the departed sender. For example,d-idi{b)
shows that setting to 32 seconds enables the receiver to sustain
all layers for 50 seconds until the departed sender is reglda
summary,PALS can effectively cope with the dynamics of sender

participation when the LookAhead parameter is sufficielatige.
This implies that the receiver does not require to quickledede-
parture of an active sender.

4.5 Partially Available Content

So far, we have assumed that all senders can provide allstgle
packets by the receiver. However, in practice, each senger p
may not receive (or may not cache) all layers of the streanilor a
packets of the received layers. In this subsection, we exaihie
ability of the two-pass packet assignment mechanisiBAhSto
stream partially available content from multiple sendémspartic-
ular, partially available content limits the flexibility fahe packet
assignment mechanism to map the required content amongrsend
Such scenario limits the ability dPALSmechanism to fully uti-
lize available bandwidth from one (or more senders) whidiuins
degrades the quality of delivered stream. We defineatherage
content bandwidttat a sender peer as the average bandwidth of its
content across all timestamps. For example, if a sender lge

for half of the timestamps and 2 layers for the other halfvtsrage
content bandwidth is 2.8¥. When the average content bandwidth
at a sender is lower than its available bandwidth, the sebder
comescontent bottlenecland its available bandwidth can not be
fully utilized. The following minimum requirements for alable
content among senders must be met to ensure that senders do no
become content bottlenecki) at least one copy of any required
packet by the receiver must be available among senders(iiand
the distribution of aggregate content among senders mugtde
portional to their contributions in aggregate bandwidth.

Once the minimum requirements are met, there are threeedelat
factors that could affect the performance RALS mechanism as
follows: (i) Granularity of Contertt each sender may cache indi-
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vidual segments of any received layer where a segment ¢ensis M denotes the number of senders. In a nutshell, we can uniquely

of s consecutive packets. Therefore, the segment size detsmin
the granularity (and thus the pattern) of available contgreach
sender. Using a small segment size of one packet resultsiinca
scattered packets of a stream. In contrast, if segmentsampial to
stream length, each sender caches complete layers of eaamst

(ii) Degree of Redundancyvailability of multiple copies of some
packets among senders provides more flexibility for the paak-
sighment mechanism and improves its performance. For eamp
two senders might be able to deliver a particular packet. &fiae
the degree of redundancy)(as the ratio of total number of extra
packets across all sender to the total number of single s@gi®ss
all senders. For example, if 30% of packets have 2 extra spfie
degree of redundancy is 60%.

(iii) Pattern of RedundancyThe pattern of added redundancy may
also determine its impact on the performance of packet mssgt

determine the pattern of distribution far layers across senders
with three parameters: segment size, degree of redundaddyea
quency of redundancy. Toward this end, we start from a single
copy of all layers, then once evepyconsecutive segments, we add
n * p* r randomly selected but unique copies of the corresponding
segments from different layers as shown in Figure 13.

n (layers)

p (segments)

among senders. We assume that the redundancy is added &ith th Figure 13: Effect of the period of added redundancy on its pat

granularity of one segment. To control the pattern of reducyl at
each peer, we introduce the notionpariod of added redundancy

tern

(p) which determines how often the redundant segments sheuld b Finally, each group of segments from different layers aneloanly
added. For example, there are different ways to add 20% redun mapped to senders where the number of segments per sender is

dancy to a stream with 5 layers as follows: adding one exiga se
ment to each group of corresponding segments from difféagats

proportional its contributions in aggregate bandwidth.

(i.e, p = 1 segment), or adding 2 segments to every other group of To study the sensitivity oPALSperformance to different patterns

segmentsi(e., p = 2 segment), and so on. It is worth noting that for
a givenn of active layers and the degree of redundancwe can
only define period of redundangywhen two conditions are met:
p*r*nisaninteger value, andL pxrxn < nx*x (M — 1).

of partially available content, we consider a scenario \tlttee
senders behind a shared bottleneck using the topology réig
6. But we change the following parametetay_ls(i) = bw_s(t)
= [10,15.3,20.6] Mbpsd_s(z) = [4,25,36] msechw._r = 4 Mbps,



Available bandwidth and RTT for three senders are sumniize
table 4

senderl | sender2 sender3
AvgRTT || 98 msec | 140 msec | 160 msec
AvgBW || 1.5 Mbps| 0.92 Mbps| 0.85 Mbps
DevBW || 0.2 Mbps| 0.11 Mbps| 0.1 Mbps

Table 4: Avg. BW and RTT of each sender in subsection 4.5

We have examined performanceRALSover a wide range of pat-
tern for partially available content. Due to the limited spawe
only present a subset of results that represents the maindsd
Further results can be found in the related technical repdum-
ber of layers ) is 5 in all of our simulations. To illustrate the
effect of redundancy periogh) on the performance ¢fALSmech-
anism, Figure 12(a) depicts average delivered quality asetibn

of segment size for different period of redundancy where2%,
Delay, = 20 second, anch = 6 seconds. Note that the x axis has
a logarithmic scale. This figure shows that the delivereditya
not very sensitive to the value pf Figures 12(b) and 12(c) show
the same simulation with a higher degree of redundancy, lyarme
= 4% andr = 20%. The selected values pfacross these figures
are different because of the dependency td ther value. These
figures collectively demonstrate that the period of rednoglaloes
not have a significant effect dPALS. The reason for this behavior
is that the performance is sufficiently high when segmerg sz
small and there is not much improvement to achieve by adaing r
dundancy. There is some room for performance improvemeeatwh
segment size is large. However, in these scenarios, redupdek-
ets, regardless of the degree of redundancy, are significapert
(by s * p packets) and thus can not provide flexibility to packet
assignment across many windows.

Figure 14(a) presents the sensitivity PALSperformance to dif-
ferent window sizes wherg = 10 segmentsDelay, = 40secy =
2%. This figure shows two interesting points: First, as thgrsnt
size increases, the performance is degraded. This effeinii-
cantly more visible for smaller window sizes. To explairsteffect,
we note that as the segment size increases, the distriboftian
erage content bandwidth among senders not only becomesecoar
but also further diverges from the distribution of avaittland-
width among senders. Furthermore, the pattern of contetritali-
tion has less flexibility within each window since each serzim
provide packets of the specific same layers. These two sféedt
lectively limit the ability of packet assignment mechanitnfully
utilizes the available bandwidth and result in the conterttiéneck

in some senders. Second, a small increase in the window aize ¢
significantly improve the performance, specially in scasawith
large segment sizes. The main reason for this improvemeheis
increase in the number of packets that should be assigneatin e
window, which in turn provides more flexibility for the pactkas-
signment mechanism.

To quantify the effect of redundancy on performance, weatthe
simulations in Figure 14(a) with the exact same parametgrsb
crease the degree of redundancy, from 2 to 20%, as shownung~ig
14(b). Comparison between Figure 14(b) and 14(a) indids
the significant increase in redundancy only moderately avgs
the performance, and its impact is lower than window size.

Finally, Figure 14(c) shows the effect @eclay_r on PALSper-
formance whem\= 1 second and = 1%. This figure illustrates
that increasingDelay, degradePALSperformance specially for
large segment size. This is the direct effectiflay, on the dis-
tribution of requested packets across different layersceNdpecifi-
cally whenDelay, increases, the distribution of requested packets
across active layers becomes more skevied (more packets are
requested from lower layers). Therefore, a coarser mapgiogn-
tent mapping among sender due to larger segment size isautzabl
effectively utilize available bandwidth from sendeta.summary,
our results illustrate that segment size is the primarydathtat lim-
its the flexibility of packet assignment. However, a mingrease
in window size can compensate the effect of segment size.

5. RELATED WORK

There have been a few previous studies on various aspecigtdf m
sender streaming to a single client. Apostolopoulos etl&l] pro-
posed a mechanism for streaming multiple description (M) e
coded content from multiple servers. They presented artimto
model for MD encoding and used this model to study the efféct o
server and content placement on delivered quality of bothavib
single description (SD) encodings. Multi-sender stregmmP2P
networks was casted as resource management problem by &ui et
[16]. Using global knowledge about participating peergytfor-
mulated the problem as an optimization problem to maximee d
livered quality to each peer while minimizing server andwaak
load. Neither of these previous studies have consideregestion
controlled connections among peers and thus they did noessld
dynamics of bandwidth variations over the Internet. Ngugteal.
[17] presented a multi-sender streaming mechanism frorgesn
tion controlled senders. In their proposed solution, tleiker pe-
riodically reports throughput and delay of all senders badkem
using control packets. Then, senders run a distributedritigo

to determine which sender is responsible for sending eaphesat

of the stream. They assumed that senders do not reside behind
shared bottleneck, and their aggregate bandwidth is saffi¢or
delivery of full quality stream. Compare to their approaeAL Sis
receiver-driven, and does not make any assumption abotegaig
bandwidth or location of participating peers.

There has been a wealth of research on both distributed [3,9]18
and central [3] approaches to construct overlay for P2Rustireg .
PALSmechanism is complementary to these approaches and can
be integrated with them. BotRALSand RLM [20] are receiver-
driven mechanisms and perform layered quality adaptatitow-
ever, there is a fundamental difference between them. In RLM
congestion control and quality adaptation mechanismsiginéyt
coupled. More specifically, the receiver performs coarsengd
congestion control by adjusting the number of delivereetayo
regulate overall bandwidth of incoming stream which imigiic
leads to adaptation of delivered quality. Given a set of sepders,
thePALSreceiver does not have any control over senders’ transmis-
sion rates, but it only coordinates how the available badtiwfrom
each sender is usedio our knowledgeRALS s the first mechanism

for quality adaptive streaming from multiple, congestiamicolled
senders with arbitrary distribution across the Internet.

6. CONCLUSIONS AND FUTURE WORK

In this paper, we presentd®ALS, a receiver-driven coordination
mechanism for quality adaptive streaming of layered endeiieo

from multiple congestion controlled senders. We descrithed
mechanism, its key components and their design space, &s wel
as various design tradeoffs. We have conducted simulaiésed



5 5 5
45 45 45
= 4 = 4 = 4
) 2 g
& 35 o 35 & 35 >
g 3 z 3 z 3
S 25 S 25 S 25 °
o (o4 o
2 2 Win=15ec-p=105eg —— ) 2 Win=1Sec-p=256g —— 2 2
5 15 Win =4 Sec - p=10 Seg -~ 5 L5 Win =4 Sec - p =2 Seg - 5 15
z 1 Win =6 Sec- p =10 Seg = z 1 Win =6 Sec-p=2Seg H 1 Delay = 10 Sec ——
Win=8Sec-p=10Seg = Win=8Sec-p=2Seg —=o Delay = 20 Seg -
05 Win =10 Sec - p =10 Seg ---=-- 0.5 Win=10Sec-p=2Seg ---=--- 05 Delay =30 Seg
0 Win =12 Sec-p =10 Seqg ---o-- 0 Win=12Sec-p=2Seq ---o-- 0 Delay = 40 Seg —=
1 10 100 1000 1 10 100 1000 1 10 100 1000
Segment Size(Pkt) Segment Size(Pkt) Segment Size(Pkt)
(a) Effect of Window Size-Redundangly) Effect of Window Size-Redundangg) Effect of Delay, on Avg Quality,A =
2%, Delay_r= 40 20%, Delay_r= 40 1secondr = 1%

Figure 14: Effect of degree of redundancy andDelay,- on PALS performance

evaluation and showed thBALScan gracefully cope with differ- [10] Padhye, J. Kurose, D. Towsley, and R. Koodli, "A
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