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Abstract— To provide scalable multicast video streaming ser-
vices for heterogeneous and mobile users, we design a protocol
called SAMP. It is based on a multicast service overlay model.
By employing layered encoding, aggregated multicast, and user
clustering, SAMP can handle heterogeneity, scalability and mo-
bility very effectively. We conduct simulations and the results
show the promising performance of SAMP.

I. INTRODUCTION

With the rapid development of video compression tech-
niques, wireless network technologies and high storage de-
vices, video streaming has received increasing popularity
in wired and wireless networks. To provide efficient video
delivery among a group of users, multicast has been used
as one effective solution. However, the stringent requirements
(such as high bandwidth and low delay) of video streaming
applications, the heterogeneity of client resources, and the user
mobility issue pose several key challenges for video multicast
with last-hop wireless mobile users.

First of all, due to both technical and market reasons, IP
multicast has been retarded from wide deployment in the
Internet. This reality calls for an alternative multicast service
model implemented at higher layers in the protocol stack.
Second, video streaming applications often span hundreds or
even thousands of clients (e.g., Internet TV and large video
conferences), and it is also likely that there are simultaneously
numerous video applications running in the same network, thus
a video multicast scheme should be scalable to large groups
as well as a large number of groups (the latter is referred to
as “state scalability” issue in the literature). Third, due to the
diverse bandwidth capacities and computing capabilities of end
users, a video multicast scheme should provide adaptive data
rates to receivers in order to maximize the system throughput
while efficiently utilizing network resources. Finally, as the
wireless technologies become more mature, it is conceivable
that more and more wireless users will take part in multimedia
distribution. However, most video multicast schemes designed
so far concern wired and static users only [18], [17], [20],
[16], [2]. How to handle user mobility rapidly and efficiently
is still an open issue.

To address the above issues, in this paper, we present
a protocol called SAMP (Scalable and Adaptive Multicast
streaming Protocol). SAMP is based on a service model
called multicast service overlay [14], which consists of
overlay proxies deployed strategically in the network. This

service model circumvents the deployment difficulties of IP
multicast. SAMP has a two-tier architecture, in which overlay
proxies form a multicast service overlay network (MSON)
as the backbone logical domain, and end users subscribe to
appropriate proxies in access domains. Inside the MSON,
SAMP employs an aggregated multicast approach to alleviate
the state scalability problem. Outside the MSON, end users
are grouped around proxies into “clusters”, and the proxies
can naturally handle the handoff scenarios of mobile users. To
accommodate heterogeneous users, SAMP adopts the layered
encoding technique, which encodes video data into layers and
allows end users to adjust receiving rate adaptively by adding
or dropping encoded layers. We conduct extensive simulations
to evaluate the performance of SAMP.

The rest of this paper is organized as follows. Section II
reviews background and related work. In Section III, we
present our protocol, SAMP, in detail. We then evaluate the
performance of SAMP in Section IV, and finally conclude our
paper in Section V.

II. BACKGROUND AND RELATED WORK
A. Multicast Models

The concept of IP multicast was first proposed by Deering
more than a decade ago [7]. However, it encounters many
critical problems, such as the requirement of global deploy-
ment of multicast routers, a lack of scalable inter-domain
routing protocols, the state scalability issue, and the absence
of appropriate pricing models. Thus, it has not been widely
deployed in the Internet.

To resolve these issues, two alternative solutions, application
layer multicast and overlay multicast, have been proposed. In
application layer multicast, multicast functionalities are solely
implemented in end hosts (e.g., Yoid [9], ESM [5] and NICE
[1]). Though it has high deployability, this approach has an
inherent limitation in supporting large-scale multicast groups
[15]. Overlay multicast, on the other hand, relies on specially
deployed overlay proxies as well as end users to support mul-
ticast (ScatterCast [4], RMX [3], OverCast [13], and TOMA
[14], to name a few). Overlay multicast is easier to deploy
than IP multicast (since it does not require router support)
and it can handle large groups very well; but it inherits the
multicast state scalability problem from IP multicast (which
will be discussed in the following subsection). Considering
the trade-off between the two alternative approaches, SAMP



Fig. 1. An illustration of Aggregated Multicast. Groups go, g1 and g2 can
use an aggregated multicast tree Tp.

adopts the latter one, overlay multicast, while addressing the
state scalability issue.

B. Multicast State Scalability

The state scalability issue has puzzled the multicast research
community for a long time. In conventional IP multicast,
multicast routers need to maintain multicast forwarding state
for every group going through them. Thus, when there are
large numbers of groups in the network, this state maintenance
requirement translates into a large amount of memory for
storing multicast state and correspondingly long packet lookup
time. In addition, routers need to send join and leave messages
when establishing or destroying multicast trees and exchange
refresh messages periodically to manage multicast trees. As
a result, when the number of co-existing groups increases,
the induced control overhead will grow rapidly. Similar to
IP multicast, overlay multicast also suffers from the state
scalability problem due to the use of proxies.

Recently, an effective approach called aggregated multicast
[8] has been proposed to addresses this issue. It decouples
the concept of delivery trees and that of multicast groups:
the relationship between groups and trees is not one-to-one
any more; instead, many groups may share one delivery tree
(called aggregated tree) if they have a similar set of receivers.
In this way, the number of multicast trees can be reduced.
Further, multicast forwarding entries and control overhead can
be significantly decreased. Fig. 1 illustrates how groups are
“matched” to trees. The matching between a group and a tree
can be either a perfect match when every tree leaf is a group
member (e.g., Ty is a perfect match for gg), or a leaky match
when some tree leaves do not correspond to group members
(e.g., Ty is a leaky match for g; and g2). Clearly, leaky match
has the advantage that more groups can share one tree, even
though some bandwidth is wasted for packet delivery to non-
member nodes. We employ aggregated multicast in SAMP to
improve its scalability to a large number of groups.

C. Layered Encoding

Layered encoding is a popular technique to solve the
heterogeneity issue in video streaming with multiple users. The
source encodes data streams into multiple layers, each carrying
a subset of the original information. Receivers subscribe

to a subset of the layers based on their computation and
communication power. There are generally two approaches
for video layered encoding, namely, cumulative and non-
cumulative. In the cumulative approach, the base layer contains
the basic information necessary for decoding, and other layers
contain additional information for enhancing the video quality.
Receivers need to subscribe to the layers in order from low
to high. On the other hand, in the non-cumulative approach,
all the layers are independent of each other, and receivers
can subscribe to any set of layers. It is important to note
that layered encoding further aggravates the multicast state
scalability problem, since one multicast session now consists
of multiple layers (which are equivalent to multiple groups),
and more multicast state needs to be maintained for the same
number of sessions.

In the literature, many layered multicast protocols have
been proposed, including Receiver-driven Layered Multicast
(RLM) [18], Layered Video Multicasting with Retransmissions
(LVMR) [17], Receiver-driven Layered Congestion Control
(RLC) [20], Packet-pair Layered Multicast (PLM) [16], and
Fine-Grained Layered Multicast [2]. However, these protocols
mainly focus on the congestion control issue for wired mul-
ticast. In contrast, our work strives to address all the major
challenges mentioned in Section 1.

II1. PROTOCOL DESCRIPTION

The design goal of SAMP is to provide efficient, scalable
and adaptive services for video streaming applications with
heterogeneous mobile users. In this section, we first provide
an overview of the SAMP architecture, then we present the
detailed design of SAMP and discuss how SAMP addresses
the key challenges.

A. Overview

SAMP is based on the multicast service overlay model pro-
posed in [14]. In this service model, overlay service providers
plays the key roles: they deploy overlay proxies, lease network
resources (such as link bandwidth) in bulk from network
service providers, manage overlay resources, and provide
multicast services to clients. Thus, it provides incentives for
overlay service providers to deploy multicast services, and
circumvents the deployment issues of IP multicast.

The network architecture of SAMP is a two-tier structure,
with a multicast service overlay network (MSON) advertised
as the backbone domain. Inside the MSON, overlay multicast
trees are constructed for video streaming among overlay prox-
ies. Outside the MSON, video servers connect to some proper
proxies and “inject” video data to the overlay using unicast.
For clients, they subscribe to MSON by choosing appropriate
proxies with good performance and receiving video from the
proxies by unicast or multicast (we use unicast in this paper
for illustration). In this way, each overlay proxy is able to
handle tens or hundreds of users; thus, SAMP is envisioned
to scale to very large groups.

Fig. 2 shows an example of the SAMP architecture for a
single multicast session. In this architecture, the video server
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Fig. 2. An example of SAMP.

S is connected to a source proxy D, and receivers R, Ro,
..., Rg are connected to receiver proxies A and E'. When
the server S begins to transmit data, it first sends packets to
the source proxy D. When the receivers R; to Rg join the
network, they first contact a bootstrap node (advertised by
the MSON provider) to obtain the addresses of participating
receiver proxies (i.e., A and F). According to the measured
latencies to the proxies, the receivers select their own closest
proxies, to which they initiate join requests. In the example,
Ry to Ry select A whereas Ry and Ry select E. The receiver
proxies A and E then request video data from the source
proxy D, and cooperatively build a source-rooted multicast
distribution tree 7 on top of the overlay network for data
deliver. After receiving data packets from source proxy D
via Ty, proxies A and FE perform transcoding and deliver
the packets to end users via separate unicast connections. The
detail of SAMP will be discussed in the following subsections.

B. Layered Encoding at Servers

To accommodate users with different types of network
connections and computing equipments, video data are en-
coded into layers by servers and transmitted in layers to
overlay proxies. For the purpose of illustration, we assume
that cumulative layering is used in SAMP. Receiver proxies
initially subscribe to the base layer, dynamically adjust their
sending rates to users, and add or drop layers in the overlay
accordingly. For example, in Fig. 2, receivers R3 and Rj
have higher capacities and subscribe to two layers, while the
remaining receivers only have enough capacity for one layer.
Consequently, proxies A and E subscribe to the source proxy
based on the highest layer their receivers request, i.e., two
layers in this case. Note that, since unicast is used between
receivers and proxies, the receivers can adapt their rates based
on end-to-end rate control mechanisms such as TFRC[10] and
VTP [21], or available bandwidth estimation tools such as IGI
[11], pathload [12] and Spruce [19].

For simplicity, the applications are assumed to be single-source based.
SAMP can be easily extended to support multiple-source applications.

C. MSON Management

Inside the MSON, source proxies send data to receiver
proxies via multicast delivery trees. As mentioned earlier, it
is very likely that there are large numbers of video streaming
sessions running in the MSON. Thus, overlay proxies need
to maintain a large amount of multicast forwarding state
and produce numerous control messages for multicast tree
management. In addition, for each session, the video server
employs layered encoding to handle heterogeneous users, i.e.,
each session forks multiple channels (we refer to a session
encoded in one layer as a channel). This makes the state
scalability issue even worse since there are more multicast
groups (each channel corresponds to one group) to manage.

To solve this issue, SAMP adopts aggregated multicast, sim-
plifying the management of multicast trees and reducing the
control overhead of setting up and destroying multicast trees.
This approach becomes especially powerful in the scenario
of layered multicast. Traditionally, packets for each layer (i.e.,
each channel) are dispatched on a separate multicast tree, even
if they belong to the same session. With aggregated multicast,
the layers within a session are more likely to be aggregated
onto the same tree, since the members subscribed to these
streams tend to be strongly correlated. To a great extent, the
additional complexity of tree management brought by layering
video streaming is effectively controlled by aggregated multi-
cast. For instance, in Fig. 2, the two multicast channels have
the same source and receivers inside the MSON. Hence, it
is sufficient to use one aggregated multicast tree T, for both
channels (or groups).

In SAMP, the major component of aggregated multicast,
tree management, is implemented in the source proxy of an
aggregated tree. Upon the receipt of a join message from
a receiver proxy, the source proxy will conduct group-tree
matching (i.e., mapping incoming groups to existing trees) [6]
and establish or tear down trees when necessary. In Fig. 2,
when the server S sends packets to the source proxy D, D
encapsulates the packets using the aggregated tree ID and
dispatches the packets onto the aggregated tree. When the
packets exit at proxies A and FE, the proxies decapsulate the
packets and deliver them to end users.

D. End User Clustering

In access domains, end users in proximity are connected
to proxies; thus, they form local clusters around proxies. By
grouping end users into “clusters”, proxies handle the handoff
scenarios of mobile users smoothly. During a video streaming
session, the handoff may occur either vertically or horizontally.
In the former case, a mobile user switches wireless interface
and wireless network technology. In the latter case, the user
changes the base station it connects to. In both scenarios, when
there are no overlay proxies, the user has to send a new request
to the video server and set up a new connection with it. In
SAMP, the mobile user simply notifies its proxy directly and
updates its connection with the proxy. This could significantly
reduce the handoff latency and minimize service interruption,
especially when the proxy is already connected to the source



proxy. Again, let us use Fig. 2 to give an example. Assume
receiver R moves to the position of R5. Without SAMP, Rj5
needs to contact source S and wait for the data to be delivered
from S. In contrast, with SAMP, R; only needs to contact
proxy E and receive data directly from it.

E. Group Member Dynamics

In reality, group members dynamically join and leave
groups. When a member joins a group, it first selects a nearby
receiver proxy based on measurement. If the selected proxy
has not joined this group before, it forwards the request
message to the source proxy and requests the base layer of
the video stream. In this way, the receiver proxy connects
to the multicast tree. After the receiver proxy establishes a
new connection with the end user, the user is ready to receive
video data relayed from the receiver proxy. The member leave
process can be accomplished in a similar fashion.

By using aggregated multicast, member join/leave
procedure is simplified and expedited. For example, when
the group is mapped onto an existing tree, no multicast tree
setup is required. In addition, an aggregated tree is removed
only when all the groups mapped to it terminate. This feature
reduces control overhead and decreases the join latency.

In summary, SAMP use the following techniques to support
large-scale video streaming with heterogeneous and mobile
users: layered video encoding to handle users with different
computation and communication capabilities; aggregated mul-
ticast to improve the state scalability exacerbated by layered
multicast and reduce the management overhead of multicast
trees; end user clustering to support large groups and grace-
fully handle the handoff scenarios of end users.

IV. PERFORMANCE EVALUATION

We implement a prototype of SAMP in the NS-2 simulator
and conduct simulation studies to evaluate its performance. In
this section, we present results for three metrics: end-to-end
delay, handoff overhead, and tree management overhead.

In the simulations, we use a real network topology, AT&T
backbone topology. This network consists of 9 backbone
routers, 9 gateway routers and 36 remote access routers. We
select the 9 backbone routers as overlay proxy nodes, because
they tend to have higher node degree and they are usually
located in the center of the network. To match the overlay
topology with the underlying network topology, an overlay
link is established between two proxies if their network-layer
shortest path does not go through other proxies.

For each multicast session, members are randomly attached
to remote access routers with a uniform probability, and a
source is randomly selected from the members. The total
number of members in a session (i.e., session size) is varied
from 100 to 300. We assume all the members are capable of
moving. When a user moves, it randomly selects an access
router as its destination.

For layered encoding, we fix the number of layers within a
multicast session to 5 (unless otherwise specified). We assume
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a fixed percentage of members (80% in the simulations) that
join a layer [ (I < 5) will also join the higher layer [ + 1.

End-to-end Delay For video streaming applications, one of
the most critical performance metrics is end-to-end delay; thus,
we first evaluate the average delay from a source to receivers.
We use the number of hops to approximate the end-to-end
delay?, and the results are plotted in Fig. 3. For the purpose
of comparison, we also include the delay of an IP multicast
protocol called source-based tree (SBT). From the figure, it is
clear that the end-to-end delay of SAMP is comparable to that
of SBT. This result demonstrates the promising performance
of SAMP, considering that it only requires a small number of
proxies to support multicast rather than all the routers in the
whole network.

Handoff Overhead Recall that when a mobile user encoun-
ters a vertical or horizontal handoff, the handoff overhead and
latency can be reduced in SAMP, since the user only needs to
send a join request to its nearby proxy instead of the remote
source. In this set of simulations, we use the number of hops
that a join message traverses to evaluate the handoff overhead.

Fig. 4 depicts the average handoff overhead of each member
for SAMP and unicast. In all the cases, SAMP reduces the
average handoff overhead by approximately 60%. As session
size increases, the average handoff overhead remains fairly
stable, since members are randomly distributed in the network.
Nonetheless, it is worth pointing out that the total handoff

2We assume the last hop is not congested, as the users continue receiving
video streams from the source.
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overhead saving is indeed proportional to the session size.

Multicast Tree Management Overhead By using aggre-
gated multicast, SAMP can reduce multicast tree management
overhead even when layered encoding technique is adopted. To
quantify the overhead reduction, we evaluate the total number
of multicast trees needed when there are a large number of
sessions in the network. In this set of simulations, the number
of sessions is fixed to 500, and the number of layers for
each session is varied from 1 to 5 to test its impact on
the performance of SAMP. Note that aggregated multicast
uses a parameter called bandwidth waste threshold (or by)
to control the trade-off between the degree of aggregation and
the bandwidth waste. Intuitively, when more bandwidth waste
is allowed (i.e., by, is higher), we can use a smaller number
of large trees to cover many small groups, thus reducing the
number of trees and improving tree aggregation.

As shown in Fig. 5, SAMP is very effective in reducing
the total number of multicast trees when there are multiple
layers in each session. For example, when the video stream
is encoded into 5 layers, traditional approach would require
a total number of approximately 2476 trees. By contrast, in
SAMP, only 761 trees are needed to handle all the sessions
even when there is no bandwidth waste (i.e., by, = 0). As the
threshold by, is further increased to 0.3, the number of trees
is significantly reduced to 56.

To summarize, our simulation results indicate that SAMP
can significantly reduce the handoff overhead of mobile users
and tree management overhead of layered multicast, while
maintaining a comparable performance to IP multicast in terms
of end-to-end delay.

V. CONCLUSIONS

We have proposed an overlay multicast video streaming
protocol, SAMP, to provide scalable and adaptive services to
multi-user video-streaming applications. In SAMP, we adopt
three key techniques, namely, layered encoding to accommo-
date heterogeneous multicast receivers, aggregated multicast
to efficiently manage multicast trees in presence of multiple
layers within each session, and user clustering to effectively
handle the handoff scenarios of mobile group members. Our
simulation study demonstrates that: 1) SAMP can achieve low

end-to-end delay that is comparable to IP multicast; 2) it can
significantly reduce handoff overhead for mobile users; 3) in
comparison with traditional multicast schemes, it can provide
very efficient tree management for layered multicasting.
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