402

IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 15, NO. 3, MARCH 2005

A Proxy-Assisted Adaptation Framework
for Object Video Multicasting
Jiangchuan Liu, Member, IEEE, Bo Li, Senior Member, IEEE, Huai-Rong Shao, Member, IEEE,
Wenwu Zhu, Senior Member, IEEE, and Ya-Qin Zhang, Fellow, IEEE

Abstract—Video multicast is a challenging problem due to the
heterogeneous and best-effort nature of the Internet. In this paper,
we present a novel video multicast framework that exploits the
potential of object scalability offered by MPEG-4. Specifically, we
introduce the concept of object transmission proxy (OTP), which
filters incoming streams using object-based bandwidth adaptation
to meet dynamic network conditions. Multiple OPTs can form
an overlay network that interconnects diverse multicast islands
with semi-uniform demands within each single island. We concur
with the wisdom that an application best knows the utility of its
data. Hence, the bandwidth-adaptation algorithm for the OTPs
adaptively allocates bandwidth among video objects according
to their respective utilities and then performs application-level
filtering based on an effective stream classification and packetization scheme. Extensive simulation results demonstrate that
our framework has substantial performance improvement over
conventional bandwidth-adaptation schemes. It is particularly
suitable for object-based video multicasting where the objects are
of different importance.
Index Terms—Object scalability, object transmission proxy,
packetization, utility function, video filtering, video multicasting.

I. INTRODUCTION

M

ULTICAST provides an efficient vehicle for delivering
data from a source to a group of receivers. Due to the
multireceiver nature of video programs, real-time video distribution has become one of the most important multicast applications. It is also a building block of many existing and emerging
Internet applications, such as WebTV and distance learning and
thus has recently received a great deal of attention [1].
The heterogeneous and best-effort nature of the Internet, however, makes video multicast a challenging undertaking. Though
media scaling methods, like layering [2], stream replication [3],
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and transcoding [4], have been suggested as solutions to this
problem, they often suffer from the coarse adaptation granularity or high computation overheads. Such problems persist in
recent proposals on application-layer or overlay multicast [13].
Furthermore, they are generally designed for frame-based video
transmission. The emerging MPEG-4 standard supports separate encoding and decoding of atomic units in a scene, called
video objects (VOs) [5]. This enables a new type of scaling
scheme, namely, content scalability or object scalability. Such
scalability is different from the conventional frame-based layered coding, as objects are independent or partially independent, and yet different from stream replication, as objects are
nonoverlapping. Hence, it provides a more flexible and efficient
framework for bandwidth adaptation, which has yet to be explored in video multicasting.
In this paper, we propose a novel framework specifically
designed for object-based video multicasting. This framework
takes advantages of existing approaches and largely mitigates
their deficiencies. In particular, we have devised a set of novel
mechanisms that leverage the MPEG-4 object scalability. First,
we introduce the concept of object transmission proxy (OTP).
An OTP filters incoming streams using object-based bandwidth
adaptation to meet dynamic network conditions. Multiple OPTs
form an overlay network that interconnects diverse multicast
islands with semi-uniform demands within each single island.
Second, we propose a smart classification, prioritization and
packetization scheme for object video streams. This scheme
enhances the error resilience of the streams and enables
finer-grained rate adaptation. We concur with the conventional
wisdom that an application best knows the utility of its data.
In our framework, the bandwidth-adaptation algorithm of the
OTPs allocates available bandwidth among the video objects
according to their respective utilities and then performs application-level packet filtering based on the introduced stream
classification and packetization scheme.
The performance of the framework is evaluated through extensive simulations. The results demonstrated that it achieves
better bandwidth fairness and perceived video quality than conventional frame-based transmission. The improvement is particularly noticeable when the video objects have uneven utilities,
i.e., with different levels of importance to the receivers. Furthermore, its computation overhead is kept at a low level.
The rest of this paper is organized as follows. Section II introduces some related work. Section III presents an overview
of the OTP-based adaptation framework. The bandwidth adaptation mechanisms for the OTPs are described in Section IV.
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In Section V, we discuss the practical issues for deploying the
framework. Its performance is evaluated in Section VI. Finally,
Section VII summarizes the paper.
II. RELATED WORK
In a heterogeneous multicast environment, a single transmission rate simply cannot meet the diverse bandwidth demands from receivers. Hence, multirate schemes, like cumulative layering [2], [6] or stream replication [3], [7], are often
suggested in this context; various adaptation protocols, such
as the receiver-driven layered multicast (RLM) [2], multicast
loss delay based adaptation (MLDA) [8], and destination set
grouping (DSG) [3], have also been devised to deliver the multirate videos to receivers according to their respective demands.
Such adaptation protocols generally rely on an end-to-end service, which is different from the proxy-assisted service as advocated in our framework. Nevertheless, our framework shares
many features of them, such as the TCP-friendly bandwidth
estimation.
For proxy-assisted transmission, a representative is the
source adaptive multi-layered multicast (SAMM) protocol
[10]. SAMM assumes that some feedback mergers are placed
inside the network; the receiver’s bandwidth demands are
not routed directly to the sender but to the mergers, where
they are merged through a heuristic algorithm before forwarding to upstream nodes. It thus solves the well-known
feedback implosion problem [1], but requires a priority-based
queue management policy to be implemented at each router
for layer filtering. Another example for multirate multicasting that employs feedback mergers is shown in [11], which
is very similar to our framework in that optimal bandwidth
adaptation is also performed in some intermediate nodes. A
significant difference is that their work assumes computation in the network layer. Our framework, however, estimates
available bandwidth and performs filtering in the application
layer, though the knowledge from the network layer can be
helpful. The OTPs in our framework also partition the network into confined regions, mitigating not only the problem
of feedback implosion as in [11], but also the problem of
bandwidth heterogeneity.
There are also proxies that manipulate the data or control information of video streams [4], [14]. Such proxies,
or video gateways, transcode a video stream to a lower
rate or a different format to satisfy the requirements from
their local regions. Another important proxy functionality is
caching, and scalable video caching for heterogeneous receivers has been investigated in [9], [29]. Recently, overlay or
application-layer multicast has received much attention. These
protocols generalize the application-level proxy functionalities
into autonomous end-hosts, and largely overcome the deployment difficulties of IP multicast [13]. Our OTP framework
is motivated by them, but also explores the benefit of IP
multicast in local regions, as in island multicast paradigm
[15]. Moreover, our focus is on utility-based resource allocation for object video streaming, while not overlay structure
optimization.
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III. OVERVIEW OF THE OTP-BASED MULTICAST FRAMEWORK
Our adaptation framework is proxy-based and specifically
designed for multi-object video multicasting. It uses the object scalability as well as geographical partitioning to overcome
the problem of heterogeneity. In this section, we first give an
overview of the object scalability and our framework.
A. Object-Based Scalability
The MPEG-4 standard targets a very broad range of applications: from classical video telephony and video conference to
applications requiring a high degree of interaction with video
contents. To reach this latter goal, a scene in a MPEG-4 video is
viewed as a composition of VOs with intrinsic properties such
as shape, motion, and texture [5]. The encoding and decoding
processes are carried out on the pictures of an object at given
time instances, referred to as VO planes (VOPs). The relations
of the objects are accomplished by a binary format for scene
(BIFS), and a composition of them thus can be performed at
the receiver’s end based on the BIFS. Since the decoding operation for each object is independent of the others, the control
parameters for the video streams, such as the output rate, can
be set on an object basis. This is quite different from traditional
frame-based coding schemes, such as MPEG–2 or H. 263, and
provides a more flexible and efficient vehicle for adaptive video
dissemination, as explored in our OTP-based framework.
B. OTP-Assisted Video Multicasting
In our framework, a video server distributes video streams
to a set of receivers using the real-time transport protocol (RTP)
[18]. Each VO has its own stream and an associated utility function. The object streams belonging to the same scene and the
nodes that are interested in the objects constitute a multicast
session. The control data of the session, such the status of each
node, are exchanged through the RTP control protocol (RTCP)
[18]. To mitigate the problem of heterogeneity, a set of OTPs
are placed inside the network. An OTP is an application-level
proxy, which joins the multicast session and performs the following operations:
• monitoring the bandwidth of its upstream link and collecting the bandwidth demands from downstream links;
• for each downstream link, allocating bandwidth among the
video objects to maximize their total utility;
• filtering the video object streams according to the allocated bandwidth;
• distributing the filtered streams to downstream receivers
or OTPs.
Conceptually, an OTP inside a multicast tree isolates its
upstream nodes and downstream nodes by filtering the video
traffic. It acts as a receiver to its upstream OTP or the video
server and a sender to its downstream OTPs or receivers. We
assume that the underlying network supports IP multicast,
and all the nodes join the same multicast group; however, in
case the IP multicast is not fully deployed in a network, it
is also possible to build unicast tunnels among the OTPs. In
other words, the OTPs form an overlay or application-layer
multicast tree that interconnects diverse multicast islands with
semi-uniform demands within each island.
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IV. BANDWIDTH-ADAPTATION MECHANISMS FOR OTPS
In this section, we first consider how to allocate bandwidth
among video objects for a single link case. We then extend the
allocation algorithm to accommodate heterogeneous links in a
multicast environment.
A. Bandwidth Allocation for Single Link
For a session of objects, a key problem is how to allocate a
limited total bandwidth, called session bandwidth, to the objects
to maximize their utility. In general, the utility of a video stream
is a mapping from its rate to some performance measure, such as
perceived video quality. There could be many acceptable definifor video object with bandtions of the utility function
width , especially in the context of multicasting, where the
receivers’ bandwidth demands are heterogeneous and there is
generally a nonlinear relationship between bandwidth and video
quality. Furthermore, in our application, the relative importance
of the objects can differ in a scene, which needs to be reflected in
the utility function as well. Hence, instead of limiting our scope
to a specific utility function, we try to devise a general allocation scheme that can accommodate common utility functions.
More explicitly, consider a single link where bandwidth
is allocated to the session; this bandwidth is to be shared by
video objects,
. The optimal bandwidth
allocation problem can be formally described as follows:

and the resultant allocation is referred to as an optimal object
bandwidth allocation for session bandwidth .
In practice,
is a discrete function of , because, given
a limited set of quantizers, the output rate of a video coder is always discrete. In addition, a small rate adjustment may not be
perceived by receivers, and it is thus not necessary to allocate the
rate continuously. Therefore, assume that a rate (or bandwidth)
is always a multiple of an allocation unit, the above problem is
equivalent to the channlized bandwidth allocation problem for
multiple video sessions (OPT-INTER), as introduced in [19].
Such problem can be solved using an iterative algorithm with
time complexity
, which is reasonably low for a limited session bandwidth, as to be examined in Section VI-D.
B. Bandwidth Allocation for Multiple OTPs
The above algorithm can be directly used by the sender to
determine the bandwidth allocation for its objects. For an OTP
placed inside the multicast tree, however, it would have more
than one downstream link,1 each with a distinct session bandwidth. Hence, each branch should have an allocation commen1For sparsely distributed OTPs, the overlay path between two OTPs or between an OTP and the sender could involve more than one physical link. Nevertheless, there remains only one bottleneck link in the path. For simplicity, we
use term link to refer to both cases.

Fig. 1.

Uplink and downlinks of an OTP.

surate with its own bandwidth. The allocation algorithm should
also consider the constraint from the uplink of the OTP. For iland
downlinks
lustration, in Fig. 1, there is one uplink
for the OTP. Assume that the session bandis
, and the corresponding object bandwidth alwidth of
. Clearly, the session bandwidth of
location is
, should not be higher than
.
link , ,
More importantly, any allocation
for should
for
, because the filtering opersatisfy
ation at the OTP generally reduces bandwidth.2
We refer to this additional constraint as an uplink allocation constraint, and the constrained version of problem OPTALLOC as C-OPT-ALLOC. Clearly, the resultant total utility
for C-OPT-ALLOC is no more than that for the corresponding
OPT-ALLOC. Significant utility degradation would also occur.
is extremely high when
For example, assume the utility of
its bandwidth is higher than some , but very low for a bandis slightly higher than ,
width lower than . On link , if
to maximize the total utility, most of the session bandwidth is
, while little to other VOs. Now consider downallocated to
. To achieve a high total utility,
link , and assume
more bandwidth should be allocated to other VOs. Such allocation, however, is impossible because of the uplink allocation
constraint. As a result, the total utility of the VOs could be very
low at link . The problem can be more severe when multiple
OPTs are concatenated in a path.
To mitigate this problem, one possible solution is to employ
a global optimization method for all the links of the multicast
tree. This suffers from high computation overheads and is difficult to implement in such a distributed environment. Nevertheless, we find that, for concave utility functions, the optimal total
utility with the uplink allocation constraint is the same as that
without this constraint. The global optimization is thus unnecessary. More explicitly, we have the following theorem.
is an optimal
Theorem 1: Assume that
object bandwidth allocation for session bandwidth
. If the
utility function of each object is concave, then the solution to
problem C-OPT-ALLOC with session bandwidth
and uplink allocation constraint
,
, is
also a solution to the corresponding OPT-ALLOC. That is,
2Although it is possible to increase the bandwidth of an object stream in filtering, e.g., using upsampling, such operations indeed do not improve perceived
quality. We therefore do not consider them in this paper.
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the total utility of the solution to C-OPT-ALLOC is the same
as that of the optimal object bandwidth allocation for session
bandwidth .
Proof: We proof this theorem by contradiction. Assume that the total utility of the resultant allocation for
C-OPT-ALLOC is less than that for OPT-ALLOC.
, where
That is, there exists an allocation
and
for at least one
;
that satisfies
for any allocation
and
,
, we have
.
, beNote that there must exists such that
. Without loss of generality,
cause
we assume that
. Since
is the optimal so, we have
lution to OPT-ALLOC with session bandwidth
. Otherwise,
, we can
if
construct a new allocation
, where
and
in
are replaced by
and
, respectively. This al, but its total utility
location also has a total bandwidth of
is
, which contradicts the fact
is optimal. Similarly, we can prove that
that
.
We now show a re-allocation operation for
to find contradictions to our initial assumption, as follows.
: Consider allocation
Case 1:
;
this new allocation has a session bandwidth of , but its total
utility is

The first inequality follows that
and
is
concave, and the second follows that
, as proved before.
to this new allocation, i.e.,
We re-allocate
.
: Consider allocation
.
Similar to case 1, we can prove that the total utility of this
,
new allocation is equal to or greater than
and
according to the concavity of
.
Thus, we re-allocate
to
.
The above re-allocation operation can be applied to the new
iteratively until the resultant
satisfies
and
,
. This
iterations because, in each
can be achieved in at most
is allocated a bandwidth of or
re-allocation, either
Case 2:

Fig. 2.
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Two-pass bandwidth allocation.

is allocated a bandwidth of , and such object will not be involved in the re-allocation operations for the remaining iterations. Since the total utility is nondecreasing in the iterations,
we have a contradiction to our initial assumption.
Since the marginal utility of a video stream generally diminishes when its bandwidth increases, i.e., its utility function is
concave, the above theorem directly leads to a two-pass bandwidth-allocation algorithm for an OTP-based application layer
multicast tree, as illustrated in Fig. 2.
The first is a bottom-up pass, which determines the request of session bandwidth for each link. In this pass, each
and pereceiver monitors its available bandwidth
riodically reports it to the upstream OTP as the session
bandwidth request for the link between them. Each OTP
also monitors the available bandwidth between itself and the
neighboring upstream OTP (see Section V-B for details of the
,
method). Assume that this available bandwidth is
is
,
and the session bandwidth request from downlink
. Since it is no use to have a bandwidth that
exceeds the maximum request from the downlinks, the ses, is
sion bandwidth request for the OTP’s upstream link,
. The OTP then
sends this request to its neighboring upstream OTP, and similar
procedures continue until the sender is involved.
The second is a top-down process, which determines the exact
session bandwidth at each link as well as the corresponding object bandwidth allocation. First, the session bandwidth for the
link directly connected to the sender is simply the bandwidth request received in the first pass. The sender calculates the optimal
object bandwidth allocation for this session bandwidth without
imposing any uplink constraint. It also informs its neighboring
downstream OTPs about this allocation. For an OTP, the sesis set
sion bandwidth of its downlink
, where
is the session bandwidth of its
as
uplink. The OTP then calculates the optimal rate allocation for
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TABLE I
STREAM CLASSIFICATION AND PRIORITIZATION

this downlink by imposing the constraint of the uplink allocation to the iterative algorithm for problem OPT-ALLOC and
distributes the allocation information to its downstream nodes.
Similar procedures continue until a receiver is reached. In this
pass, the utility for each link is optimized with respect to the
given constraints, and Theorem 1 guarantees that such local optimization leads to a global optimum.
V. PRACTICAL ISSUES
There are several practical issues to be addressed in our
framework. First, how are the object video streams filtered to
match the bandwidth allocation? Second, how is the available
bandwidth of each link estimated in a dynamic network?
Finally, to deploy the framework in a wide-area network, the
placement of the OTPs is also a crucial issue. We give detailed
discussions on the above issues in this section.
A. Object Video Filtering
In this subsection, we describe a simple filtering algorithm
based on a smart stream classification and packetization scheme,
which leverage the error resilience and concealment tools of
MPEG-4. We however stress that our adaptation framework is
flexible enough to accommodate diverse filtering mechanisms,
such as those based on transcoding or scalable coding.
In MPEG-4, a video stream is structured into video packets
(VPs) with individual synchronization markers [5]. Each VP is a
self-contained decoding unit and, given some threshold, its size
can be well controlled in encoding. Therefore, a VP (or several VPs) is often suggested to serve as the payload for an RTP
packet [20]. A data-partitioning mode can be enabled to further
separates the shape, motion or texture data in a VP by a DC
Marker or Motion Marker. As such, a stream can be effectively
resynchronized in the presence of bit errors.
For Internet-based transmission, most errors are caused by
packet loss, in which a VP is completely lost. Consequently, the
error isolation capability of the DC or Motion Marker becomes
useless. Since the data contained in a VP, such as shape, motion,
and texture, have different levels of importance to decoding, it
is beneficial to classify them in a finer granularity beyond the
coarse-grained classification of VOP types (I, P, and B VOPs).
Different types of the data thus can be more promptly handled
during transmission. To this end, we classify the data in a bitstream into several categories according to VP boundaries as
well as DC or Motion Markers and assign priorities to the categories to differentiate their importance, as shown in Table I.
We refer to the content belonging to the same category in a
VP as a data item. For each video object stream, we use a file to
record the indexing information of all the data items, including

their categories, starting positions, and sizes. This indexing file
is generated during the encoding process or by parsing the bitstream, and classification thus can be performed based on this
file.
After the classification and prioritization, the data items are
encapsulated into application level packets (ALPs). We limit the
size of an ALP to be less than the maximum transmission unit
(MTU) of the underlying network. It can thus serve as a transmission unit, e.g., RTP payload. However, for low-rate streams,
the size of a VOP itself is relatively small, and the size of a VP
thus could be small even if its size threshold is set at a high
value during encoding. This is particularly true for PVOPs and
BVOPs. Our experiments show that, for the standard video sequence Akiyo (CIF 92 Kb/s, 300 VOPs), the average VP size
is only 2527 bits for a threshold of 4000 bits. As a result, if
each ALP contains only one data item, the packet header overhead (IP+UDP+RTP) is greater than 11%. Hence, for PVOP and
BVOP data, we multiplex the data items of the same priority
from several VPs into one ALP. This can be viewed as a practical use of the interleaving option in [22]. To reduce losses of
important data, we also limit the number of data items in an ALP,
specifically, four for PVOP shape and motion items. Our experiments show that, in this case, the average ALP size is 5891 b,
and the efficiency is thus improved to 94.8%.
The bistream classification and packetzation process is illustrated in Fig. 3. Given a target rate, the server or an OTP can
actively discard some low-priority packets to meet this target. A
generic rate adaptation (or filtering) algorithm for a single object is as follows.
priorities (in our classification scheme,
Assume there are
), and the rate of priority is ,
. The total
. If the target
rate of the object stream is thus
, the sender or an OTP
rate of the object is lower than
needs to discard some packets starting from the lowest priority.
To this end, it first finds the critical priority index for target
rate , where
. All packets of priorities
through
exceed the target rate and thus need to be
dropped directly. The packets of priority need to be selectively
discarded with probability , where
.
At the receiver’s end, standard error-concealment tools can
be used to mitigate the effect of packet dropping [5], [21]. We
also employ several concealment methods that take advantage
of our packetization and rate-adaptation scheme. For example,
given that motion data are delivered with a high priority, even
if some texture data are lost, the affected blocks can effectively
approximated from some neighboring blocks as well as the corresponding block in the previous VOP.
In summary, our proposed filtering algorithm is essentially an
extension to the temporal scalability-based filtering [21]. Taking
advantage of the data partitioning and error-concealment features in MPEG-4, our algorithm yields finer granularity for rate
control than the basic temporal scalability.
B. Bandwidth Estimation
Since our framework is designed for video distribution over
the best-effort Internet where TCP is the dominant transport protocol, it is necessary to ensure that a video stream will not starve
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Fig. 3. Diagram of bitstream processing.

its background TCP flows. To this end, we let the available
or
be estimated as the long-term
bandwidth
throughput of a TCP connection, as if the connection is running
over the same path. We can therefore control the session bandwidth of the video objects to achieve a fair share with concurrent
TCP flows.
There have been many efforts on modeling the equivalent
TCP throughput; a general conclusion is that such a model relies
on packet size, round-trip time (RTT), and loss event rate [23].
The estimation of RTT needs a feedback loop for request and
response. In our framework, we assume that the receivers and
OTPs join the same RTP session and each has a unique RTP
synchronization source identifier (SSRC) [18]. Each RTCP report of a receiver or an OTP serves as a request for an RTT estimation. The RTCP reports are also used to classify the receivers
and OTPs, so that the cluster of receivers that an OTP should
serve can be identified, as done in [12]. Such geographical partitioning not only mitigates the problem of heterogeneity, but also
suppresses feedback implosion, because the sender or an OTP
needs to handle the requests from a confined region only. In addition, we adopt a batched response process to further reduce
the number of response packets as well as the overhead of their
headers [24]: suppose that an OTP has received requests with
identifiers
and arrival times
,
, in
. At time
, it will multicast a response
time slot
packet to all its neighboring downstream OTPs (or receivers).
The packet contains a list of the SSRCs and the corresponding
delays
, where
,
.
When an OTP (or receiver) receives the response packet and its
, it will generate an RTT estiSSRC is in the list, e.g.,
as
, where and are the curmate
rent local time and the local time that the request was initiated,
respectively.
For the calculation of loss event rate, since the streams of all
the objects in a session act as a “single” flow to compete for
bandwidth with TCP flows, the loss event rate should be calculated across all of the received object streams. Moreover, in our
framework, packet dropping is caused not only by congestion,
but also by the filtering algorithm. As a result, we cannot simply
distinguish the order of packets from the RTP sequence numbers
and calculate loss rate accordingly. To solve this problem, we introduce a counter field for this session in each ALP packet. An
OTP also maintains a counter for each downlink. When a packet
(from any object stream of the session) is to be transmitted, the
OTP counter for the corresponding downlink is increased by one
and then written to the counter field of the packet. At a downstream node of the OTP, the counter field can be used for loss
event rate calculation, because a gap in the counter exactly reflects a packet loss of the session due to congestion at the link

from the OTP to the node. We allocate 8 bits to this field, considering that a packet re-ordering or burst loss of more than 255
packets seldom happens [25].
C. Placement of OTP
Finally, the placement of the OTPs is clearly a crucial issue.
This indeed a well-studied research problem, and numerous algorithms have been developed in different contexts, such as Web
proxing [16], server replicating [26], and enroute data replicating [27]. Given a network topology, these algorithms choose
a subset of nodes to place the proxies to maximize (or minimize) some client-perceived measures, such as average delivered bandwidth or latency. Many of these algorithms can be used
in our framework, especially those targeting the multicast environment. More importantly, our simulation results suggest that
noticeable performance improvement can be achieved even with
uniformly placed OTPs.
VI. PERFORMANCE EVALUATION
In this section, we study the performance of our framework
through simulations. It is difficult to use a single metric to evaluate such a complex video multicast system; hence, we adopt a
set of metrics that have been used in the literature, namely, bandwidth fairness, packet loss rate, and computational overhead. In
addition, a weighted function is proposed to assess the overall
quality of multiple video objects. We try to identify the tradeoffs among the above performance measures and, for the sake
of comparison, we have also simulated other typical video multicast schemes under the same network configurations. Specifically, we present the comparison results for the following two
schemes:
Multicast Enhanced Loss-Delay based Adaptation
(MLDA) [8], which is an end-to-end layered multicast
protocol. In MLDA, the sender encodes a video into some
cumulative layers and distributes them over separate multicast groups. Each receiver selectively joins a set of layers
according to its available bandwidth. The sender also estimates the minimum and maximum receiver bandwidths
periodically through a scalable feedback algorithm, and
then uniformly allocates layer rates in this range.
Transcoding Proxy based Multicast (TPM) [4], [14], which
is similar to our proxy-assisted framework, but a transcoder
is used to filter video streams at each proxy.
Both MLDA and TPM employ frame-based video, not object-based video. In our simulation, the MPEG-4 fine-granular
scalability (FGS) [6] tool is used for video layering in MLDA,
and a requantization transcoder is used for each proxy in TPM.
As in previous studies, the number of layers for MLDA is set to
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4. To achieve TCP compatibility, in MLDA and TPM, the available bandwidth is also estimated as the equivalent throughput of
a virtual TCP connection running over the same path.
A. Simulation Settings
We evaluate all the schemes using the LBNL network simu[28]. The networks for simulation follow the widely
lator
used transit-stub (TS) topology model, which tries to reproduce the hierarchical structure of the Internet topology by composing interconnected transit and stub domains. The parameters for this model include: , the number of transit domains;
, the average number of nodes per transit domain; , the average number of stub domains per transit node; , the average
number of nodes per stub domain; , extra transit-stub links;
and , extra stub-stub links. We use the GT-ITM package [30]
,
with the following setting to generate TS topologies:
,
,
,
, and
. The total
number of nodes in such topologies is 60. Each node represents
a FIFO drop-tail router with a queue size of 25 packets, and each
edge represents a link of 1-Mb/s bandwidth. Given a topology,
we use the following method to produce a network instance for
simulation.
Number of proxies: For the TPM and OTP, the number of
proxies is either 5 or 10, and the corresponding settings
are referred to as TPM-5, TPM-10, OTP-5, and OTP-10,
respectively.
Placement of end-nodes and proxies: A video server is attached to a randomly selected node, and an average of five
video receivers are attached to each of the remaining nodes.
For TPM and OTP, a given number (five or ten) of proxies
are then randomly placed to the remaining nodes.
Cross-traffic: TCP Reno connections are uniformly placed
between node pairs such that there is on average four TCP
connections running over a link, while the minimum and
maximum numbers are 1 and 9, respectively. As a result,
the expected available bandwidth for a video session is on
average 200 Kb/s; yet the minimum and maximum are 100
and 500 Kb/s, respectively.
To mitigate the effect of randomness, we generated ten
topologies and ten instances (five of five proxies and five of
ten proxies) for each topology using the above method; the
results presented in this section are their average. All instances
were simulated for 1000 seconds, which is long enough for
observing steady-state behaviors. The observation period for
the simulation results is from 500 to 1000 s.
A standard MPEG-4 video testing sequence News (CIF) is
used as the video source. The total rate of this video is set to 512
Kb/s, and the average rates of IVOP, PVOP, and BVOP are 100,
216, and 196 Kb/s, respectively. For TPM and MLDA, there is
no classification for the bitstream, and the VPs are directly used
as RTP payloads, as suggested in [20]. The payload size is 500
bytes for both TCP and video packets.
For our object-based framework, the scene of News consists
, women
, screen of
of five objects, namely, man
, caption (MPEG4 WORLD,
), and backdancers
. The video stream is classified and packetized
ground
according to the method described in Section V-A. The size

Fig. 4. Comparison for bandwidth fairness.

of an ALP is also limited to 500 bytes, and the default banddenote the empirical
width allocation unit is 1 Kb/s. Let
rate-quality curve of
, with the quality measured by peak
signal-to-noise ratio (PSNR) [21]. We use a utility function of
, where
is a weighting factor that
the form
reflects the importance of object , as suggested in [31]. The default value of
is set to 1/5 for
, i.e., all the
objects have the same importance. We also investigate the efsettings in Section VI-C.
fects of uneven
B. Bandwidth Fairness
In the first set of experiments, we evaluate the fairness of
the receivers in a session, specifically, inter-receiver fairness.
In an ideal inter-receiver fair distribution, the rate of the video
stream delivered to each receiver is commensurate with its own
bandwidth demand, regardless of the demands of other receivers
in the same session. We use the following function to measure
such fairness for each single receiver, as suggested in [7]:

where is the session bandwidth delivered to the receiver and
is the isolated rate or the bottleneck available bandwidth for the
receiver. Since the available bandwidth is estimated as the equivalent TCP throughput in our study, this function also reflects the
degree of TCP-friendliness of the video streams. The fairness
value of one is optimal, which means that the receiver perfectly
exploits its expected bandwidth, i.e., the video stream(s) fairly
shares the bandwidth with TCP flows; other fairness values are
between 0 and 1.
We sample a fairness value per second for each receiver. Fig. 4
shows the average fairness values for all the receivers over the
observation period (500–1000 s). It can be seen that the proxyassisted frameworks (TPM and OTP) yield reasonably good
fairness values, which are higher than 0.8 for the use of five
proxies, and can be improved to more than 0.9 by using more
proxies. This is because the proxies enable fine-grained rate
adaptation to serve receivers in confined regions. To the contrary, the adaptation granularity of MLDA is at a layer level,
which is considerably coarse given that the number of layers is
limited in practice. As a result, the fairness value of MLDA is
only about 0.7 in our experiment.
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TABLE II
PACKET LOSS RATES FOR DIFFERENT PRIORITIES IN THE OTP-BASED FRAMEWORK

C. Perceived Video Quality
In our framework, a key factor that affects the perceived video
quality is packet loss. In Table II, we list the average loss rates
for different priorities in our OTP-base framework. Given that
these priorities have uneven numbers of packets, we calculate
the loss rate for each priority as the number of losses over the
total number of packets from the same priority. It can be seen
that the distribution is highly skewed; in generally, the data of
high priorities are well protected, even if the OTPs are randomly
placed and their number is limited. As such, the lost information
can be effectively recovered by some error-concealment tools,
as introduced before.
We now evaluate the quality of service from an application
point of view. Since the objects have different importance in terms
of their contributions to the perceptual quality, we use a weighted
function to measure the PSNR for each VOP, as follows:

where
is the PSNR value of object . In our simulation, we record packet loss and delay information into trace
files, and reconstruct the video according to such trace files.
The corresponding PSNR values of each object thus can be calculated from the reconstructed and the original VOPs. For the
frame-based TPM and MLDA, we can also use the shape mask
of each object to distinguish it from others, and calculate its
PSNR value accordingly.
We assume that the receivers’ interest levels of the video objects follow a Zipf-like distribution [32] and hence set the imusing the following function:
portance factor for

where is referred to as a skew factor. When is zero, all the
importance factors are identical (=1/5); this is the setting that
has been used in the previous experiments. When increases,
the importance factors are differentiated, i.e., some take higher
values than others. Fig. 5 shows the average WPSNR values of
the receivers for different skew factors and adaptation schemes.
It can be seen that our scheme achieves remarkably higher
WPSNR value than MLDA for any skew factor. This reaffirms
our observations in the previous experiment on the degrees of
fairness for MLDA and OTP. For small skew factors, the WPSNR
of our scheme is lower than that of TPM, because transcoding
generally yields better video quality than our filtering algorithm. However, TPM (and also MLDA) reduces video rate

Fig. 5. Average WPSNR as a function of skew factor.

uniformly without differentiating the relative importance of the
video objects. As a result, when the skew factor increases, the
WPSNR value of TPM (or MLDA) decreases, whereas that of
ours remains nondecreasing or even increases. In particular,
when the importance factors are highly skewed, the WPSNR of
ours is often 1 dB higher than that of the other two schemes. Such
improvement, which is noticeable from a video coding point
of view, clearly demonstrates the superior of our utility-driven
bandwidth allocation algorithm for multi-object multicasting.
D. Computational Overhead
Finally, we evaluate the computational overhead of our
framework. Since the filtering operation for an object stream
is simply packet scanning, which incurs much lower overheads than conventional transcoding, we mainly focus on the
overhead of the algorithm for object bandwidth allocation at
each OTP. We implement the allocation algorithm for problem
OPT-ALLOC using C++ on an Intel Pentium 4, 1.2-GHz PC
with 512 MB of memory. Fig. 6 plots the measured computation times for different combinations of the number of objects
and the session bandwidth
—two key factors that
determine the complexity of the algorithm. We find that all
the solutions can be computed within a reasonably short time
( 40 ms), especially considering that this algorithm is executed
infrequently. Note that the same algorithm can be used to solve
problem C-OPT-ALLOC by imposing a search constraint to
the bandwidth of each object. This constraint further reduces
the computation time of the algorithm. Moreover, as an iterative
algorithm, it gives the optimal allocation for any bandwidth
in some intermediate stage (see [19] for details
lower than
of the algorithm). Such intermediary results can be saved in a
table for future reference.
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Fig. 6. Computation overhead as a function of the number of objects (N ) and
normalized session bandwidth (B ).

VII. CONCLUSION
In this paper, we presented a proxy-assisted adaptation framework for multicasting MPEG-4 object video over the Internet.
The framework integrates two key components:
1) a bitstream classification, prioritization, and smart packetization scheme; taking advantage of this scheme, the
streaming rate of each video object can be adjusted to
meet dynamic network conditions at low overheads
2) OTPs, which form an application-layer multicast tree that
partitions receivers into confined regions with semi-uniform demands within each region; the OTPs also adopt an
optimal bandwidth allocation algorithm that maximizes
the total system utility using object scalability.
Extensive simulations were carried out to evaluate the performance of our framework. The results demonstrated that it
achieves better bandwidth fairness and perceived video quality
than conventional frame-based transmission. The improvement is particularly noticeable when video objects have uneven
utilities, i.e., with different levels of importance to the receivers.
Moreover, its computational overhead is kept at a low level.
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