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Abstract—Layered multicast is a promising technique for
broadcasting adaptive-quality TV video to heterogeneous
receivers. While several layered multicast approaches have
been proposed, prior work has identified several problems
including significant and persistent instability in video qual-
ity, arbitrary unfairness with other sessions, low access link
utilization due to conservative bandwidth allocation, and
problems with receiver synchronization.

In this paper we propose a new layered multicast scheme,
where we exploit a simple, coarse-grained, two-tier loss dif-
ferentiation architecture to achieve stable and fair band-
width allocation for viewers. Despite the simplicity of our
loss differentiation model, we show that it achieves most
of the benefits of complex and costly priority dropping
schemes. In addition, our protocol is receiver-driven and
thus retains the incentives to limit bandwidth usage that are
not present in existing priority dropping schemes.

Keywords— multicast, layered video, RLM, priority-
dropping

I. INTRODUCTION

The Internet is rapidly becoming the next global
network infrastructure, supplanting special-purpose tele-
phony and TV networks. Although originally designed
for data transport, IP-based networks are increasingly be-
ing used to deliver multimedia services. This introduces
new challenges, since media streams require higher lev-
els of service quality and service stability than traditional
data transport. Unlike telephone and TV networks, IP-
based networks are heterogeneous, with receivers differ-
ing in processing capabilities, link capacities, and network
connectivities. Consequently, no single fixed bandwidth
media stream will be optimal for all receivers. In addition,
network load and traffic conditions (losses) can change
dramatically, and rapidly. The ability of the Internet Pro-
tocol (IP) and its applications to cope with heterogeneity
and adapt to changing network conditions has been a key
to its success.

Our study is motivated by the desire to transmit
medium-scale TV broadcast (few hundreds to tens of thou-
sands of viewers) over IP-based networks to heteroge-

neous receivers. We are primarily interested in (live)
broadcast events of interest to a large audience but not
large enough (or co-located enough) to meet the thresh-
old needed to be carried (cost-effectively) by conventional
TV networks over satellite or cable to millions of viewers.
Example broadcast events include distance learning and
training sessions (e.g., televised university classes), special
events (e.g., concerts, lectures or sporting events such as a
European soccer match), and focused-community events
(e.g., large conferences or meetings). Although users are
aware of their physical bandwidth limitations, they will
still expect TV-like characteristics from their video suchas
consistent quality. Frequent (observable) quality changes
quickly become annoying. Furthermore, we expect multi-
ple IP-based broadcast sessions will occur simultaneously
and will compete for the network bandwidth, much like
current TV networks broadcast multiple channels at the
same time. As a result, it is important that bandwidth is
allocated fairly among the multicast sessions.

An appealing approach that accommodates heteroge-
neous receivers and adapts to congestion is to encode the
video stream onto multiple layers and transmit each layer
on its own multicast group. The set of layers comprising
a video stream constitute asession. Receivers of a session
subscribe to as many layers as network conditions and re-
ceiver capabilities allow. Several schemes for layered mul-
ticast have been proposed, including [MJV96], [WSS97],
[LPA98], [VRC98], [TPB97].

Layered multicast protocols, particularly theReceiver-
Driven Layered Multicast (RLM) protocol [MJV96],
have been analyzed and evaluated by several researchers
[MJV96], [BBS98], [GGHS99], [WSS97], [RKT99]. In
our own prior work [GGHS99], we found that RLM ex-
hibits significant and persistentinstability and arbitraryun-
fairness in video quality. Moreover, these problems are
aggravated withscale. In [BBS98], a “utility model” was
developed to compare RLM with schemes that use uni-
form and priority dropping at routers. [BBS98] showed
that priority dropping maximizes the average “utility” by
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delivering the most important packets, but concluded that
the improvement was less than expected and may not jus-
tify the complexity of priority dropping.

An important benefit of priority dropping is stable and
fair allocation of bandwidth. Although this observation is
not highlighted in [BBS98], it is clear from their results,
and intuitively obvious. Because packet losses are con-
centrated at the highest layer(s) (given their low priority),
the highest layers absorb the majority of transient losses
caused by short term fluctuations in queue buffer. As a re-
sult, lower layers are protected from loss and so receivers
experience stable reception of the lower layers. In addi-
tion if all sessions employ the same layering scheme, pri-
ority dropping results in fair bandwidth allocation, with
all sessions receiving the same number of layers. A ma-
jor drawback of this scheme is the complexity of imple-
menting multiple drop priorities, the lack of incentives for
receivers to unsubscribe to higher layers, and the depen-
dency on all sessions using the same layering scheme.

In this paper we propose a new layered multicast scheme
that achieves the benefits of priority dropping, without the
complexity or layer dependency of strict priorities. Our
scheme is based on a coarse grained loss priority mecha-
nism in the network. Receivers join multicast groups such
that the highest layer subscribed absorbs the majority of
the losses. Our protocol, which is a modification of RLM,
utilizes a two-level priority mechanisms supported by the
network. The objective is to protect layers from burst loss,
avoid disruptive join-experiments, and improve synchro-
nization among receivers. The use of a coarse-grain drop-
preference rather than strict priorities means our scheme
is simple to realize and retains incentives for receivers to
unsubscribe to unneeded layers. We show that in spite of
its simplicity, this scheme results in a fair and stable band-
width allocation.

We chose to study the RLM protocol in depth for sev-
eral reasons. One is that it has been extensively studied and
code for it is readily available. More importantly, RLM is
designed to have good stability properties and thus rep-
resents a good starting point for our studies. This work
has been done using thens network simulator [Tea] from
Lawrence Berkeley Laboratories.

The paper is organized as follows. Section II summa-
rizes the RLM protocol and its problems. Section III de-
scribes standard priority dropping and explains its benefits
and drawbacks. Section IV introduces our new approach
based on Receiver-Selectable Loss Priorities (RSLP) and
Section V presents its implementation details. Section VI
presents the Receiver-driven Layered Multicast with Pri-
orities (RLMP) algorithm - a new receiver-based scheme
that makes use of RSLP. Section VII evaluates our proto-

col and demonstrates its stability and fairness properties.
Section VIII summarizes related work on layered multi-
cast and Section IX offers our conclusions.

II. RLM

The Receiver-driven Layered Multicast protocol (RLM)
[MJV96] is an approach for multicast delivery of layered
video to heterogeneous receivers. The source encodes
the video signal onto multiple discrete layers, where each
layer incrementally refines the layer below it and is trans-
mitted on a separate IP multicast group. A receiver selec-
tively subscribes to as many layers as its access bandwidth
and network conditions will permit. Thus RLM can cope
with bandwidth heterogeneity and can adapt to changing
congestion conditions. RLM is designed to exploit exist-
ing IP multicast capabilities, and does not require any new
mechanisms within the network. Moreover, the RLM pro-
tocol is transparent to senders and run only at receivers.

When RLM detects sustained losses it drops a layer
in an attempt to reduce the congestion. To learn of
(newly) available bandwidth, RLM periodically conducts
a join-experiment that probes the network by adding the
next layer. If the join-experiment produces congestion,
RLM concludes the bandwidth is not available, drops the
new layer, and doubles the time before the next join-
experiment. Since there is some delay before group join
and leave operations take effect, RLM maintains a detec-
tion timerTD based on measurements of these latencies.

We briefly mention those features of RLM that relate to
its stability and fairness properties described in sections II-
A and II-B. If a receiver has been stable for some time, it
becomes more conservative about dropping a layer. When
congestion arises, RLM waits for an interval of2 × TD

before making a decision. If congestion is still present at
the end of this interval it drops a layer, otherwise it returns
back to stable state. The delays in the various states are
meant to dampen state transitions and prevent thrashing
behavior. To scale to large group sizes, RLM also incorpo-
rates several optimizations. An example is “shared learn-
ing” where the failure of a join experiment conducted by
a receiver is inferred by other receivers thus avoiding the
need for separate disruptive join experiments.

In [GGHS99] we analyzed the stability and fairness of
RLM, and the ability of RLM to effectively utilize access
bandwidth. As this study is the primary motivation behind
the new protocol presented herein, in the rest of this sec-
tion we summarize the main results reported in [GGHS99].

A. Problems with RLM

A most important metric for evaluating video distribu-
tion protocols and end-user experience is thestability of
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the service quality. Since RLM’s adaptation mechanism
is based on adding/dropping layers, we measure stability
as the rate at which the subscription level at a receiver
changes. Ideally, we would like to see this rate converge
to zero, and at a time scale significantly smaller than the
time scale of substantial changes in the total traffic load.
While short term congestion is inevitable in a best effort
network and can sometimes be masked by the application,
persistent fluctuation in the subscription level is evidence
that the protocol is unable to converge to the appropriate
level.

In [GGHS99] we measured stability of RLM using three
different types of traffic sources; namely constant bit rate
(CBR) sources, and two types of variable bit rates (VBR)
sources, of medium and high variability denoted VBR-3
and VBR-5 respectively. Details of how these sources are
defined is given in section VII. A characteristic of RLM
worth noting is that in an effort to enhance stability, re-
ceivers that have been at the same level for some period of
time will not react quickly to observed congestion.

As expected, the CBR sessions converge rapidly and
then remain stable. The same does not hold for the VBR
sources. Both VBR-3 and VBR-5 experience many level
changes throughout the simulation causing receivers to ob-
serve a wide range of video quality. Figure 1 plots the sub-
scription level changes over time for two VBR-3 sessions
sharing a bottleneck link. The figure shows a period in
which the video quality becomes four times better in less
than a four minute window. We observe similar quality
swings with VBR-5.1 Another interesting phenomena is
how the receiver’s quality “flip-flops” over time. This oc-
curs in both the VBR-3 and VBR-5 tests. In the VBR-3
test, receiver 1 initially receives four layers while receiver
2 only receives two layers (e.g. time 400-650). As time
progresses the two trade places with receiver 2 receiving
four layers and receiver 1 only getting two layers (e.g. time
920-1050). In between (at time 800) the system is run-
ning at the “fair” allocation of 3 layers for each receiver.
From a stability standpoint, this is a significant protocol
deficiency.

If RLM were stable, one would expect in our experi-
ments to observe an initial series of frequent layer changes
followed by longer and longer durations without any layer
changes. This is indeed the case for CBR traffic. In Fig-
ure 1 we see that with VBR traffic level changes continue
to occur for the duration of the simulation, with appar-
ently the same frequency. These persistent level changes
are further confirmed in Figure 2, which shows the cu-

1To avoid “minor” changes, each point on the subscription level
graphs reflects the average subscription level over a five second inter-
val.
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Fig. 1. Subscription level over time for VBR-3 traffic.

mulative number of level changes that occur during each
5-second interval for 4, 8, and 16 simultaneous sessions.
Each is normalized to show the cumulative number of level
changes per receiver. The linear growth of the counting
process confirms that the level changes persist.
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Fig. 2. Stability Comparison: the average number of layer
changes per receiver (cumulative) over time for different
numbers of sessions.

B. Fairness among competing RLM sessions

We definefair allocation as equal allocation to all ses-
sions sharing a bottleneck link. Ideally the protocol (RLM)
would provide both fairand stable video quality. How-
ever, these properties are conflicting, so that solving fair-
ness only may lead to gross instability. Conversely, some
of the obvious ways to enhance stability of RLM (such as
waiting for two detection times before dropping a layer)
do so at the expense of fairness. In general, fairness is
hard to achieve using RLM since receivers are oblivious
of other sessions in progress, of their layering schema and
their current state, and cannot distinguishing between tran-
sient congestion and long term load changes.
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To quantify the unfairness of RLM, we ran multiple
RLM sessions sharing a single bottleneck. We find that
with CBR traffic, unless the receivers subscribe at virtu-
ally the same time, the first one fills the pipe, subscribing
to as many of its layers as will fit. Subsequent sessions ini-
tially subscribe to and get their base layer but are unable
to ramp up beyond that. With VBR traffic, the instability
of RLM conspires to remove the persistent unfairness in
allocation and removes the sensitivity to initial conditions.
However, while the long term average of different sessions
is not far apart, on shorter timescale the system remains
unfair.

III. PRIORITY-BASED APPROACHES

One approach for implementing layered video transmis-
sion is to use priority dropping in the network. To achieve
this behavior, each router in the network implements a
packet discard policy which, during periods of congestion,
allows lower priority packets to be dropped before higher
priority packets. By mapping the base layer at the high-
est priority and assigning successively lower priorities to
each additional layer, losses during short term congestion
are confined to the enhancement layers without affecting
basic layers. Priority dropping is very effective in reacting
to transient congestion.

In contrast, RLM does adaptation solely at the receivers.
It cannot adapt to congestion at packet time scales since
multicast leave latencies are in the order of seconds. In
addition, all receivers downstream of the bottleneck must
leave the group to stop packets from being forwarded over
the congested link. Likewise, probing for newly available
bandwidth is a slow time scale operation, since it is timer
driven and involves joining a multicast group.

While it may seem that priority dropping has several
advantages, it has several significant drawbacks that are
listed below.
• Implementing priority dropping at routers is consider-
ably more complex than existing schemes such as tail drop.
Multiple priorities aggravate this further. Routers need to
examine the priority header field and ensure that packets
are dispatched based on their priority.
• Priority dropping provides no incentives for receivers to
lower their subscription level. Packets priorities are setby
the sender; the dropping is done by routers. Without ex-
ternal disincentives (e.g., monetary) the receivers would
remain subscribed to all layers, causing extraneous traffic
to be needlessly carried on parts of the network, and extra-
neous state in routers for multicast groups yielding littleor
no value to receivers.
• Priority dropping requires that the network support as
many loss priority levels as layers. To ensure fair alloca-

tion of resources, it also requires that each session uses the
same set of priorities.

In [BBS98], the authors compared the performance of a
priority dropping scheme with a uniform dropping scheme
and the receiver-based RLM. They concluded that priority
dropping can achieve a modest improvement inutility over
uniform dropping, but show gains of 50% to 100% over
RLM in many circumstances.

IV. A NEW APPROACHBASED ON SIMPLE LOSS

DIFFERENTIATION

In this section, we introduce a new approach for receiver
driven multicast, based on simple loss differentiation. Our
approach is motivated by our desire to maintain the sim-
plicity and receiver incentives of RLM while overcoming
its instability and unfairness properties. In addition, we
are motivated by the effectiveness of priority dropping in
reacting to short term congestion. The goal of our de-
sign is to achieve stable and fair layer allocation, while
avoiding the implementation complexity of traditional pri-
ority dropping mechanisms inside the network, and retain-
ing receiver incentives to determine their optimal subscrip-
tion level. Our solution consists of two parts: Receiver-
Selectable Loss Priorities - simple router mechanisms to
support two-level loss priority and priority sensitive mul-
ticast joins, and Receiver-driven Layered Multicast with
Priorities (RLMP) a new receiver protocol exploiting loss
differentiation.

Receiver-Selectable Loss Priorities:We propose a
simple two-level drop priority scheme implemented in the
(multicast) forwarding path of routers. In this scheme,
the network supports two priority levels. As in RLM, the
sender encodes video into multiple layers, and transmits
them on different multicast groups. A receiver decides
which groups (layers) to subscribe to (as it does under
RLM), but in addition it has the option of subscribing to
a layer at high priority or low priority. When conges-
tion occurs, the router attached to the congested link drops
packets associated with group(s) mapped as low priority in
preference to those of groups(s) mapped as high priority.
We refer to this scheme as Receiver-Selectable Loss Prior-
ities (RSLP) since it is the receivers rather than the sender
that determines the loss priority of packets belonging to a
layer.

RSLP is easier to implement than per layer drop pri-
ority schemes, and does not require that all sessions use
the same layered scheme. The drop priority can be rep-
resented at a router using a single additional boolean (one
bit) variable for each outgoing link associated with a mul-
ticast group. This can be maintained as part of the mul-
ticast forwarding table that is already present at a router.
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The RSLP protocol is robust to imperfect priority mech-
anisms, thus allowing simpler implementation at routers.
In Section V we describe a simple threshold based FIFO
queue implementation, and show in Section VII that it pro-
vides sufficient loss differentiation to get the desired pro-
tocol benefits.

Receiver-driven Layered Multicast with Priorities
(RLMP): To exploit the loss differentiation provided by
RSLP we design a new receiver protocol for subscription
management. Receiver-driven Layered Multicast with Pri-
orities (RLMP) is our enhanced protocol that utilizes the
two-level priority scheme to drive multicast group join and
leave operations. RLMP exploits the Receiver-Selectable
Loss Priorities network service to absorb short term con-
gestion, combined with an RLM-like approach to find
the optimal number of layers that should be received at
high priority. By concentrating losses at the highest layer
received, RLMP protects the base layers during packet
bursts. The algorithm uses the measured loss rate on its
low priority layer(s) to decide when to add a new layer.
The passive measurements avoid both the delays caused
by the timer based join experiments of RLM, and pertur-
bation of network conditions caused by the experiments.

An important feature of RLMP when used with the
RSLP drop priority mechanism is that receivers retain
the incentives present in RLM to prune back groups that
exceed their bottleneck capacity. If a receiver maps all
groups as high priority, it will experience losses across
all layers including the base layers. To avoid this, a re-
ceiver maps as high priority only those groups that can fit
in its bottleneck link without causing losses during bursts.
In addition, it maps at most one additional layer (group)
as low priority to “monitor” network congestion without
compromising its base layers and to get whatever it can
when the source is less bursty. The use of a low priority
“buffer layer” enhances stability for VBR sources since
short term burstiness only affects this layer and therefore
the high priority layers experience relatively less losses.
Thus the scheme is effective in controlling congestion at
packet time scales.

In the next section, we describe the network support re-
quired to implement RSLP.

V. NETWORK SUPPORT FORRSLP

This section presents the network mechanisms needed
to implement RSLP. The objective is to use a receiver-
selectable two-priority architecture to approximate a full-
priority dropping architecture with much less complexity
than a full-priority architecture.

Unlike a full-priority scheme where the flow priorities
are set by the sender and do not change as the packet

traverses the network, our proposed two-priority algo-
rithm allows packet priorities to change at multicast branch
points. In addition, the priorities at the branch-points are
determined by the downstream receivers rather than by the
sender.

RSLP requires that routers implement a two-priority
dropping scheme and a multicast join/leave protocol that
signals the priority at which a receiver wishes to subscribe
to a multicast group. The next section describes the re-
quirements in terms of router data structures and process-
ing. Section V-B presents the protocol used by receivers to
signal their desired subscription levels.

A. Router Data Structures and Processing

Our objective is to minimize the router overhead needed
to implement RSLP. In particular, we want to keep the fast-
path processing as efficient as possible. Although more
complex implementations are possible, we have found our
simple implementation provides sufficient drop differenti-
ation for RLMP.

Each router maintains a single FIFO queue per outgo-
ing link. The router maintains a thresholdτ , and reserves
the part above the threshold for high priority packets. The
part below the threshold can be used for high or low pri-
ority packets. Packets are discarded on arrival, and always
added to the head and removed from the tail of the queue.
Therefore queue is a strict FIFO queue and can be imple-
mented in router hardware if desired.

We now turn to forwarding state maintained at routers.
In the following we focus our discussion on non-shared
multicast trees, since the modifications required in the case
of shared multicast trees (such as those used by CBT and
its variants) are simpler. Each router maintains an array
of router entries where each entry in the array contains the
following information:

(S,G, (OL1, P1), (OL2, P2), ..., (OLn, Pn))

where
S is the source address,
G is the multicast destination address,
OLi is a structure with pointers to the outgoing link’s
queue
Pi is a pointer to the current priority setting for this multi-
cast group on this outgoing link.

All packets destined for the same multicast group over
an outgoing link have the same priority value. Given a
packet with a particular forwarding priority (either high or
low), a router uses the following algorithm shown in Fig-
ure 3 to decide whether there is room in the queue. If the
IsRoom() routine returns FALSE, the packet is dropped.
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IsRoom(PacketPriority p){
if ( current< threshold ) or

(( p == High) and (current< Qmax)) {
current++;
return TRUE;

}
return FALSE;

}

Fig. 3. Routine to determines whether there is room on the
outgoing link queue.

The advantage to this implementation of hi-low prior-
ity queuing is that we never have to take a packet off the
queue once is has been placed on the queue. This means
this could be implemented with a FIFO hardware queue in
high-speed routers. It also has the nice advantage that it
is a single queue, so packets will be sent out of the queue
in the order they arrived. In a Diffserv like architecture
with multiple forwarding queues, it is possible that packets
on low priority queues could be delayed for a significant
amount of time. Our single queue approach does not have
this problem. However, since we never remove a low prior-
ity packet in favor of a high priority packet, we do not see
the same benefits as if using an implementation that steals
buffers away from low priority packets and gives them to
high priority packets. The reward is implementation sim-
plicity.

When an incoming packet arrives, the outgoing links on
which to send the packet are looked up in the forward-
ing table (which also tells the priority at which the packet
should be sent on each link). For each outgoing link, we
try to enqueue the packet on the outgoing link (i.e., call
IsRoom()). If it can be enqueued, it is appended to the
queue associated with the outgoing link. Figure 4 shows
the forwarding algorithm.

ForwardPacket(struct packet p){
for o in (routerentry[p.S, p.G].outlist) {

if ( IsRoom(o.getPriority()) ){
cp = p.clone();
cp.setPriority(o.getPriority());
enque cp on o.Q;

}
}
discard p;

}

Fig. 4. The router forwarding routine.

When the packet is placed in the outgoing buffer, the
TOS (Type Of Service) field in the header (e.g., the IP
TOS header field) is set to either high priority or low pri-
ority so that the receiver of the packet can tell whether the
packet was sent at high or low priority. Note this TOS
field only represents the service the packet observed over
the last hop.

B. Signaling Protocol

The signaling protocol is used to establish the multicast
tree and to set the queuing priorities for packets at the mul-
ticast branch points. Essentially, the signaling protocolwe
propose could be implemented as a minor extension to al-
most any multicast routing protocol. In particular, we need
to extend existing protocols by adding a new field to join
messages called thepriority field.

When a receiver wants to join a multicast group, it is-
sues ajoin operation specifying themulticast group and
the priority at which it wishes to receive packets. Note
that join requests can be sent at any time. In fact we as-
sume that the signaling protocol will periodically resend
join messages to refresh the control state in the router. If
the router receives a join message for a group and prior-
ity setting that it already has, it simply refreshes its state.
However, a receiver may decide to change its priority by
sending a new join message for the same group but spec-
ifying a new priority (which may be higher or lower than
the previous priority). Leave messages work as they would
in the normal multicast routing protocol.

Upon receiving a join request, a router checks to see if
it is already a member at the specified priority, in which
case it refreshes the state. If it is not currently a member
of the group, a new router entry is added at the specified
priority level. In the case where the router is a member of
the group, but at a different priority, it updates the priority
field for the outgoing link in all entries that it has for the
multicast group.

If this is the first join message for the group requesting
high priority, the router forwards the join message to all
the “parents” (i.e. the sources that it knows about) for the
multicast group. If the join priority is low, the router scans
all outgoing links for the group. If all links for the group
have gone low, it forwards the multicast join message with
the low priority to all the parents of the group. Otherwise,
the only effect of the join request is to change local state.

VI. RECEIVER-DRIVEN LAYERED MULTICAST WITH

PRIORITIES

To take advantage of the RSLP architecture, the layered
multicast protocol must assign priorities to layers (i.e.,
high or low priority). Unlike priority-based layered ap-
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proaches where the sender assigns priorities to each layer
and every receiver subscribes to all layers, under RSLP re-
ceivers set the priorities and must judiciously assign the
priorities to avoid over-subscribing the high-priority chan-
nel. Consequently, the receiver’s objective is to find the
optimal number of layers that should be received at high
and low priority.

The basic idea behind RLMP is to subscribe toN layers,
whereN is determined from the current high-priority and
low-priority loss rates. At any point in time the lowest lay-
ers, layers1 toN−1, will be subscribed to at high-priority,
while the highest layer, layerN , will be subscribed to at
low priority. To ensure that RLMP always subscribes to
exactly one layer at low-priority and all others at high-
priority, adding a layer involves:
1. joining layerN + 1 at low priority, and
2. re-joining layerN at high priority
while dropping a layer involves:
1. leaving layerN , and
2. re-joining layerN − 1 at low priority

The low-priority layer,N , serves two purposes (in addi-
tion to delivering bits to the application):
1. When packet bursts (congestion) occurs, the majority
(if not all) packet loss will be concentrated at the highest
(and thus least important) layer. In RLM, packet loss is
equally distributed across all layers.
2. The low-priority layer provides a non-intrusive way to
monitor the unreserved bandwidth, eliminating the need
for disruptive join-experiments.
As a result, the loss rate on the low-priority layer can be
used to accurately determine when sufficient bandwidth
is available to change a layer to high-priority. One can
think of subscribing to a low priority layer as a bandwidth
reservation request. If the loss rate is sufficiently low af-
ter subscribing, the receiver assumes the “reservation” was
granted and confirms the reservation by moving the layer
to high-priority. The low-priority layer effectively elim-
inates the guess-work of RLM’s join-“experiments”. At
the same time, the loss rate of the high-priority layers can
be used to determine whether there is adequate bandwidth
for the currentN − 1 layers.

The first key to RLMP’s add/drop algorithm is the use of
two loss-rate thresholds. The first threshold,Hdrop, is sim-
ilar in purpose to the drop threshold in RLM. It determines
when the available bandwidth is insufficient to carry the
current layers. When the high-priority channel loss rate
exceedsHdrop, the low-priority layer is dropped and the
highest high-priority layer changed to low-priority to re-
duce the session’s bandwidth consumption. The second
threshold,Ladd, determines when the low-priority loss-
rate has become so low that adding a new layer is war-

ranted. Low (or no) loss on the low-priority layer indi-
cates that sufficient bandwidth is now available to carry
the low-priority layer with minimal loss (i.e., the “reserva-
tion” request succeeded). Because the low priority chan-
nel is primarily intended for layers that cannot be carried
in their entirety, the current low-priority layer is changed
to high-priority because it can be carried in its entirety and
a new layer is added at low priority.

The second key to RLMP’s add/drop mechanism is the
way the loss rates are computed before being compared
to theHdrop andLadd thresholds. Since RLMP’s objec-
tive is to protect low-layers from short-term burst losses,
we use relatively long-term average loss rates to trigger
layer changes. We achieve this by computing the long-
term loss rate using an exponentially weighted average,
with smoothing parameterα:

Sn+1 = αSn + (1 − α)Xn+1

whereXn is thenth loss observation, andSn is the esti-
mated long-term loss rate after thenth observation. The
parameterα controls how quickly the estimated loss rate
reacts to changes inXn. Larger values ofα provide better
stability. Note that losses are observed an maintained sep-
arately for the low priority channel and the high priority
channel, and use different smoothing factors.

The advantage of a longer-term loss rate estimator is that
it is less likely to react to sudden changes in loss rates,
but instead looks for longer-term, significant and sustained
changes in network load. On the other hand, it has the
potential of creating a system that is slow to react. In a
conventional (non-priority) network, slow reaction times
can be catastrophic because sustained congestion causes
loss across all layers, severely degrading the reception of
the base layers. However, in RSLP sustained congestion
is absorbed by the low-priority layers, protecting the high-
priority layers from loss and ensure a consistent base-level
quality.

A long-term loss rate estimator has several advantages:
1. It is not susceptible to minor errors in the loss rate mea-
surement.
2. The loss rate estimator curve (i.e.,Sn plotted over time)
changes slowly, causing it to slowly approach the threshold
rather than jumping back and forth across the threshold (as
the instantaneous loss rateXn would do).
3. All receivers are more likely to see the same loss rate
curve.

The fact that receivers “share loss rate knowledge”
(point 3 above) can be used to improve fairness between
competing sessions. In particular, if we setLadd using a
graduated scale based on the current subscription level (or
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more generally on the current receive bit rate), we can en-
sure that sessions with few layers add a new layer before
sessions with many layers. To ensure this, we use the fol-
lowing function to set theLadd threshold (which can, al-
ternatively, be specified using received bit rates instead of
layers):

Ladd = 1 − (l∆ + ρmin)

wherel is the current subscription level,∆ is the desired
separation betweenLadd levels, andρmin is the minimum
throughput that must be present in order to add a layer. In
our tests, we set∆ = .09 andρmin = .52. Note thatl ≥ 2
resulting inLadd ≥ 70%. When new bandwidth becomes
available, receivers with few layers cross theirLadd thresh-
old before receivers with many layers, ultimately bringing
them into a fair state.

VII. E VALUATION

We simulated the performance of both RLMP and RLM
using the NS simulator [Tea]. Our evaluation is based on
the RLM code used in [MJV96] and the simulation model
described in [BBS98]. The simulation topology used in
our experiments is shown in Figure 5. In each experi-
ment there aren concurrent sessions, each having a single
source and a single receiver. Each source sends out on a
dedicated 10 Mb/s link to the router at the head of the bot-
tleneck link. The receivers are immediately downstream
of the bottleneck link. The capacity of the bottleneck link
is S ∗ 500 Kb/s, whereS is the number of concurrent ses-
sions. For RLM experiments, routers use FIFO scheduling
with a tail drop policy. For RLMP experiments, routers
use RSLP’s two-priority drop policy. Each source trans-
mits a layered video session consisting of 6 layers. The
base layer sent at a rate of 32 Kb/s, with the rate doubling
with each subsequent layer. Thus the total bandwidth of
4 layers was 480 Kb/s, sufficient to accommodate 4 layers
per source if allocated fairly.

Bottleneck

n * 500 Kb/s

10 Mb/s
S0

S1

R1,...,Rn

Sn

Fig. 5. Simulation Topology

We used the CBR/VBR source model described

in [BBS98]. In it, the base layer generates traffic over 1
second intervals. In each intervaln packets are transmit-
ted, wheren is chosen independently from the following
random distribution:n = 1 with probability 1 − 1/P ,
and n = PA + 1 − P with probability 1/P . A is the
average number of packets per interval and is chosen to
be four 1KB packets in our experiments. Then packets
are transmitted in a single burst, starting at a random time
(uniformly distributed) within the interval. For each higher
layer l the interval is broken into2l subintervals, andn
packets are sent in one burst at a random time in each of
these subintervals correlated across layers.P represents
the burstiness of the traffic source and gives an indication
of the peak-to-mean ratio. ForP = 1 the above model
produces CBR traffic. We also report results forP = 3
andP = 5. Others have shown that peak-to-mean ratios
of 2 to 10 are common for VBR traffic [RT99].

In all our tests, we used anαloprio of 0.9 and anαhiprio

of 0.8, although we found that the results are not very sen-
sitive to these settings as long as they tended toward long-
term averages. For both RLM and RLMP we used a drop
threshold loss rate of 25%. RLMP’s add threshold loss rate
was based on the current subscription level as described in
VI. We measured the loss rate using a 250 ms interval,
but have used smaller and larger intervals and found that
specific value does not significantly affect the results. In
all experiments, routers were configured with 60 packet
buffers of which 60% was reserved for the high-priority
traffic (i.e., base-layers).

A. Stability and Fairness

The graphs presented in this section show a single ex-
ample run to illustrate the service quality as viewed by
a receiver over time. Although behavior varies from run
to run, the graphs shown represent a “typical” run. We
performed many simulations to verify that the examples
shown here are representative. Our simulation system will
be publicly available so the interested reader can verify our
results.

Figure 6 and Figure 8 show the subscription levels of
competing VBR sessions using RLM and our new RLMP.
Figure 6 plots the subscription level of two competing
VBR-3; sessions using RLMP and RLM. Figure 8 the sub-
scription level of 16 competing VBR-5 sessions. To make
the graphs more readable, each session’s subscription level
is plotted with a small offset; so any value betweenN and
N + 1 refers to a subscription level ofN .

RLMP’s stability is evident from these graphs. After
the initial ramp-up, the RLMP sessions lock-in on a sub-
scription level and exploit the low priority of the highest
layer to “ride-out” the transient bursts. This is in stark
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Fig. 6. RLM (top) vs. RLMP (bottom) stability for two VBR-3
sessions.

contrast to RLM. Using RLM, the variability of the traffic
causes RLM to change the subscription level, resulting in
persistent pattern of fluctuating level changes. The effec-
tiveness of RLMP to successfully protect the lower layers
from loss, and concentrate the losses on the low priority
layer is illustrated in Figure 7. While effective, the imper-
fectness of our priority scheme results in some losses at
lower layers, leaving a disincentive for the sessions to be-
come too greedy and simply subscribe to all layers of the
session.

RLMP achieves fair allocation among the competing
sessions. In Figure 6 the two sessions converge to the
equal allocation of four layers each. Out of the 16 sessions
depicted in Figure 8, 14 subscribe to four layers, while
two sessions subscribe to five layers. Although ideally all
of the sessions would subscribe to exactly the same num-
ber of layers, subscription level differences of one (due
to roundoffs to integral number of layers) is acceptable
and unavoidable. We have run similar tests at other VBR
settings using 2, 4, 8, and 16 competing sessions and ob-
served similar results to those shown here.

The shared knowledge approach to obtain fairness
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Fig. 7. RLM (top) vs. RLMP (bottom) loss rates per layer for
session 1 in Figure 6 (plotted using averages over 30 second
intervals).

works well as long as bandwidth continues to become
available. Assuming sessions are constantly coming and
going, the approach works well with both CBR and VBR
traffic. In addition, all our tests showed that the “idle” pe-
riods in VBR traffic are sufficient to cause receivers with
few layers to reach their add threshold and bring the sys-
tem into a reasonably fair allocation even if sessions are
not coming and going. CBR traffic behaves differently.
If the sessions start at roughly the same time, they end
up sharing the bandwidth fairly (which was also true of
RLM), and if sessions come and go over time, CBR also
reaches a fair allocation. However, in certain patholog-
ical cases, it is possible for one CBR session to prevent
another from achieving its fair share. We are currently in-
vestigating mechanisms similar to those used in [WSS97]
to handle this case.

B. Protocol complexity

The complexity of our new protocol is low. At receivers
the additional space requirement consists only of a sec-
ond set of statistics, one set for each loss priority. Specif-
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Fig. 8. RLM (top) vs. RLMP (bottom) fairness/stability for 16
competing VBR-5 sessions.

ically, our ns implementation stores two double variables,
one for the exponentially weighted loss average and an-
other one for the current loss measurement. In comparison
to the other state information associated with each layer,
this additional state is negligible. The processing time at
the receiver compares favorably with RLM.

At branch points in the multicast tree, routers must
record an additional boolean variable (i.e., a bit to record
high or low drop priority) with each output port for each
group. The processing complexity at routers is increased
in two (minor) ways. First, during the lookup-operation for
multicast packets, the drop priority must also be retrieved
from the routing table entry. Second, before enqueuing the
the datagram on the outgoing queue, the router must verify
that the queue occupancy has not exceeded the low prior-
ity admit level. Although this overhead is in the router’s
fast-path, note that this complexity is less than or compara-
ble to what is being discussed in the differentiated services
working group at the IETF, and has negligible impact on
forwarding performance. While our protocol would ben-
efit from a better priority implementation, it is explicitly
designed to be robust to coarse implementation of priori-

ties.

VIII. R ELATED WORK

In addition to the work on RLM, there are several
other protocols for layered video transmission. Thin-
Streams[WSS97] addresses issues of fairness for multi-
ple sessions consisting of “thin” equal-sized layers. The
algorithm requires that receivers calculate join and leave
thresholds based on their current level of subscription. The
idea here is that receivers subscribing to a larger number
of layers will surrender them more quickly than a receiver
with a smaller subscription set. Stability issues are not ad-
dressed, and may be significant given the join/leave over-
heads of thin layers.

The issue of fairness between RLM and TCP traf-
fic has also been studied [VRC98], [TPB97]. The idea
in [VRC98] is for receivers to use a join/leave strategy
for congestion control which mimics the behavior of TCP.
This relies on making appropriate choices of layer band-
widths and the time delay between trying to increase sub-
scription. In [TPB97], each receiver tries to determine
the share of bandwidth that an equivalent TCP connection
would use, and then makes join/leave decisions in order
to match that value for the multicast session. TCP’s ob-
jectives differ significantly from the objectives one would
design for a video transmission protocol. Consequently,
making the layered multicast scheme behave like TCP can
help it “get along”, but may wreak havoc on the “visual ex-
perience”. The focus in both studies is to provide fairness
between all TCP and all RLM traffic, rather than between
individual RLM sessions. Although these solutions inter-
act better with TCP, they will experience the same saw-
tooth instability that TCP flows. In fact, the use of mul-
tiplicative decrease will result in more sudden and dras-
tic level changes than RLM. Also, because these protocols
behave like TCP, they will offer “fairness” similar to that
of TCP, which is known to produce arbitrary unfairness.
Other enhancements over RLM such as synchronized joins
between receivers in the same session may offer substan-
tial improvements over RLM. However, since our study
used a single receiver per session, these enhancements will
not improve on the RLM stability and fairness results pre-
sented here.

Recently, [RKT99] and [JZA99] address the issue of
fairness between receivers of a single layered multicast
session. [RKT99] identifies a set of fairness properties
and shows that they can be achieved through sender co-
ordination of joins. [JZA99] proposes the use two multi-
cast groups, a low-bitrate base group, and an additional
variable bitrate group. All receivers are expected to be
capable of receiving the base group with minimal losses.
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The bitrate of the variable group is set by the source in
response to messages from the receivers reporting losses.
Unlike these proposals, our algorithm does not require any
receiver-sender interaction, and thus has more desirable
properties in terms of scaling and responsiveness.

IX. CONCLUSIONS

We have presented the Receiver-Selectable Loss Prior-
ities mechanism that provides simple loss differentiation,
and the associated Receiver-driven Layered Multicast with
Priorities algorithm for supporting layered multicast. The
main motivation was to address the lack of stability and
fairness observed in layered multicast protocols such as
RLM. The rationale behind RSLP is to obtain the benefits
of priority dropping while using a low complexity, coarse
grain loss priority mechanism. In addition, RSLP retains
the incentives of the receiver driven multicast model to
subscribe to only those layers that can be effectively de-
livered to receivers. RLMP utilizes the RSLP mechanism
to drive the adding and dropping of layers to achieve sta-
bility and fairness. It uses the loss rates measured on the
high and low priority layers to determine its optimal sub-
scription level. Our simulation results show that RLMP
protects the base layers during short term congestion thus
providing stability. It also provides fairness across com-
peting sessions.
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