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Abstract. In this paper, we address the problem of choosing the most
adequate rates for the different layers in multicast distribution of multi-
layered applications. We argue that depending on the type of the appli-
cation that is being carried out, we face a number of problems to decide
what are the most adequate bounds on the parameters to achieve the best
global quality. We propose then multi-decision criteria that improve the
global aggregated quality of the communication in the multicast session.
We consider the quality of the application at the receiver, the band-
width utilization, and the satisfaction index to measure the combined
user/network quality of the communication.

1 Introduction

For the transport of multimedia applications through multicast sessions with
heterogeneous receivers, the use of multi-layered coding has shown to be a worth-
while approach. In such a technique, the source is coded in a base layer and in
one or more enhancement layers and the quality of the presentation depends on
the number of layers that are played. Multi-layered coding has been applied to
improve the fairness of a wide variety of multicast applications, mainly for video
distribution [1,2,3,4,5,6,7,8,9,10]. This approach is interesting in multicast com-
munications because destinations with different receiving capacities (available
bandwidth, local resources, etc) can choose the layers they are able to receive.

Multi-layered applications over multicast networks require that new mecha-
nisms are embedded in the communication protocol. One of the most difficult
problems is to choose the metrics that should be considered by the algorithm
that computes the rates of the video layers in order to maximize the global
fairness of the application. This is a strategic task because of the subjective de-
cision of which metric should be prioritized. For instance, in [5,8], video rates are
calculated based only on the degree of video degradation at the receivers, i.e.,
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the difference between the required and the received video rates. In this paper,
we propose a set of other potential metrics and argue that one of them should
be prioritized according to the type of the application. In our scenario, the ap-
plication runs over a rate-based adaptive multicast session, where the receivers
periodically send control packets to the source containing information about the
video rate they want (or are able) to receive [5]. Based on these packets, the
source computes the most appropriate rates to optimize the quality of the com-
munication. However, it must be established what means a good global quality.
We propose a first approach to this problem by considering the bandwidth uti-
lization, the satisfaction index, and the degree of degradation at the receivers
as the metrics to be used by the algorithm to compute the layers. We show
that all metrics cannot be optimized at the same time and give some examples
showing the dependency between the type of the application and the metric to
be prioritized.

The following of this paper is organized in four sections. In Section 2, we
present some multi-layered multicast schemes proposed in the literature. In Sec-
tion 3, we discuss the limitations of using a single metric to compute the rates of
the layers. The use of multiple metrics and how these metrics react to fluctuating
network congestion are proposed in Section 4. Finally, Section 5 concludes this
paper.

2 Multi-layered Multicast Schemes

Different strategies have been used to provide quality of service to applications
in networks that offer no guarantees such as the Internet. One approach is to
apply resource reservation, in which resources are set aside for a particular
flow [11]. A more recent technique is to introduce adaptability in the appli-
cations [5,6,7,12,13,14,15]. In such a case, applications are kept informed about
available network resources and dynamically adapt their transmission rates to
the current state of the network. This is particularly interesting in heteroge-
neous multicast communication in which data must be delivered to a number of
destinations with different receiving capacities.

Most adaptive multimedia schemes have used multi-layered coding as the
major supporting mechanism to improve the fairness of the applications. The
receiver-driven layered multicast (RLM) [7] is a rate-adaptive protocol for the
distribution of layered video using multiple IP-multicast groups. The source
generates a certain number of video layers and transmits each layer in a different
multicast session. The receivers subscribe to the number of groups they will. The
communication is dynamic in the way receivers can dynamically join or leave
groups. However, they are limited to the layers the source decides to transmit.
Since the receivers do not have any influence on the way the rates of each layer
are calculated, these values may not be suited to yield good video quality at the
destinations and reasonable network utilization.

The Layered Video Multicast with Retransmission (LVRM) [9] has been pro-
posed for the distribution of layered video over the Internet. LVRM deploys an
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error recovery scheme using retransmissions with upper bound on recovery time
and adaptive playback point. LVRM also implements adaptation to network con-
gestion and heterogeneity using a hierarchical rate control mechanism. In this
mechanism, the information about network congestion is exchanged among the
sender, the receivers, and some agents in the network. This scheme has the ad-
vantage of scalability since each network component stores only the information
relevant to itself.

In [5], Vickers et al. propose a rate-based control mechanism in which a
number of feedback control packets containing the current network congestion
state are exchanged between the source and the receivers. Based on the content
of these packets, the source estimates the number of video layers to transmit and
their respective rates. In this scheme, the source periodically multicasts control
packets to the receivers. As these packets traverse the network, intermediate
nodes mark them with the amount of available bandwidth. Each receiver copies
the packet’s content into a returning feedback control packet and sends it back
to the source. To avoid feedback implosion at the source, intermediate nodes
implement an algorithm to merge the feedback packets returned by the receivers.

The single-loop packet-merging algorithm proposed in [8] is an algorithm to
improve fairness for multicast distribution of multi-layered video. The control
information scheme is similar to the approach proposed in [5]. However, inter-
mediate nodes perform packet merging in only one loop and use the concept of
virtual layers. With virtual layers, the nodes consider that the source is able to
generate more than the actual number of layers. In several circumstances, this
leads to an important improvement in the global video quality at the receivers
since a reduced number of merging procedures are performed and consequently
relevant information are not lost.

All of the above techniques have shown to improve the fairness of multicast
applications. However, these algorithms consider either the user or the network
when computing the video layers, and we argue that both of them should be
taken into account.

3 Application-Dependent Quality

In this section, we evaluate the need for other metrics when computing the rates
of the video layers other than the global video degradation (∆), which is the
aggregate of all local degradations, given by the difference between the required
video rate (ri) and the actual video rate (rr

i ) received by destination i,

∆ =
N∑

i=1

δi, (1)

where δi = (ri − rr
i ), ri ≥ rr

i , and N is the number of receivers in the session.
We consider in this paper a feedback control scheme similar to the one pre-

sented in [5], where feedback control packets are transmitted by the destinations
to the source to indicate the video rate they want to receive. These packets are
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combined at intermediate nodes to avoid feedback implosion at the source. After
a merging procedure, each resulting feedback control packet contains a number
of entries that store a video rate (fi) and the number of destinations that want
to receive this rate (f∗

i ), as shown in the example of Fig. 1(a). The number of
entries in the feedback control packet corresponds to the number of video layers
the source can transmit. When performing a merging procedure, the node looks
for the entries that must be discarded according to the merging algorithm and
creates a new feedback packet to be sent to the source. Fig. 1(b) shows an exam-
ple of the merging procedure using the single-loop algorithm for two incoming
feedback control packets. In this example, the algorithm has to discard two en-
tries since the two incoming packets together have five entries and the source is
supposed to transmit no more than three layers. The first entry of the incoming
packet 1 is then combined to the first entry of the incoming packet 2 and entries
2 and 3 of the incoming packet 1 are merged.1
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Fig. 1. (a) Feedback control packet and (b) an example of the merging procedure for
a three-layer video.

The algorithms proposed in [5,8], however, are based only on the video degra-
dation at the receivers. In this paper, we propose the use of other metrics when
performing the merging procedure. Consider for example a multicast session with
one sender and four receivers as shown in Fig. 2. In this scenario, suppose that
the source transmits two video layers and that the merging algorithm uses only
the global video degradation at the receivers to perform the merging procedure.
1 For further details on the merging algorithms, please refer to [5,8].
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Since the rate of the base layer is limited by the slowest receiver, in our example
the source transmits the two video layers at L1=1Mbps and L2=1Mbps. Note in
Table 1 that these values lead to the lowest global video degradation.

Table 1. Video degradation for layer 2 transmitting at 1 and 2.9 Mbps.

L2=1Mbps L2=2.9Mbps
Receiver required received degradation required received degradation

r1 1 1 0 1 1 0
r2 2 2 0 2 1 1
r3 2 2 0 2 1 1
r4 3.9 2 1.9 3.9 3.9 0

Global degradation 1.9 Mbps 2 Mbps

Consider now that the capacity of receiver 4 changes from 3.9 to 4.1Mbps.
The new video layers that result in the lowest global degradation are L1=1Mbps
and L2=3.1Mbps, and the correspondent global video degradation is ∆=2Mbps.
The possible value for the video layers are shown in Table 2. Note that for
a variation of 5% in the receiving capacity of receiver 4, the video layer 2 has
increased its rate of 310%, which results in a substantial growth of the bandwidth
utilization. Moreover, in the first scenario there were three destinations receiving
100% of the required bandwidth (and only one destination receiving ∼50%),
while in the second scenario only two receivers are supplied with 100% and two
receivers with 50%. It is quite intuitive that it is better to maintain L1 and L2
at 1Mbps in order to have lower bandwidth utilization even if the global video
degradation is greater than the optimum value.

Table 2. Video degradation for layer 2 transmitting at 1 and 3.1 Mbps.

L2=1Mbps L2=3.1Mbps
Receiver required received degradation required received degradation

r1 1 1 0 1 1 0
r2 2 2 0 2 1 1
r3 2 2 0 2 1 1
r4 4.1 2 2.1 4.1 4.1 0

Global degradation 2.1 Mbps 2 Mbps

In next section we will present a qualitative analysis on the use of different
metrics to improve the global quality of the application. We propose the global
degradation, the bandwidth utilization, and the user satisfaction as the metrics
to be used by the algorithm in order to improve the quality of the communication.
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Source N1

N2

N3

r1=1Mbps
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r3=2Mbps

r4=3.9Mbps

Fig. 2. Example of multicast session.

4 Multi-criteria Multicast

It is likely that distinct applications have different requirements about the met-
rics to be prioritized by the algorithm that computes the video layers. For exam-
ple in a pay-per-view video service, it is important that the subscribers receive
the maximum possible video quality even if the server rejects new calls. In video
surveillance, maximizing the video quality may not be the main objective, but
the reduction of the allocated network resources. On another side, broadcast
advertisements may require that the data are received by a number of destina-
tions as large as possible. The use of different criteria may then be a solution
to the problem of multicast delivery of multi-layered applications if it is applied
a scheme of weighted parameters, in which each one of the proposed metrics is
prioritized depending on the application that is being carried out.

To introduce other metrics, some extensions must be made in the feedback
control mechanism. A variation of the feedback control packet must contain
other information such as the video degradation and the satisfaction index at
the receivers. Besides the video rate and the number of destinations that want to
receive this rate (as in the original packet), each entry of the new control packet
has two other fields: the video degradation and the satisfaction index.

When performing the merging procedure, the node looks for the entries that
have to be discarded and adds its correspondent degradation to the degradation
of the entry it is going to be combined with. Consider the same topology of the
example shown in Fig. 2 in which the source transmits two video layers. We
denote Lj

i the value of fi at the network element j and δk
i the video degradation

correspondent to the rate fi at the network element k. When generating a feed-
back control packet, receiver di sets the field δ

dj

1 to 0 (no degradation since no
merging procedure has been performed) and sends the packet to its upstream
node. The feedback control mechanism performs the following steps:
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At node N2 (no merging procedure):
Ld1

1 → Ln2
1 δd1

1 → δn2
1

Ld2
1 → Ln2

2 δd2
1 → δn2

2

At node N3 (no merging procedure):
Ld3

1 → Ln3
1 δd3

1 → δn3
1

Ld4
1 → Ln3

2 δd4
1 → δn3

2

At node N1:
Ln2

1 → Ln1
1 (δn2

1 + δn2
2 + (Ln2

2 − Ln2
1 )) → δn1

1
Ln3

1 → Ln1
2 (δn3

1 + δn3
2 + (Ln3

2 − Ln3
1 )) → δn1

2

In this way, the information about the video degradation is carried through
the multicast tree and the source can estimate the global video degradation by
computing ∆ =

∑E
i=1 δi, where E is the number of entries in the packet. Fig. 3

shows the numerical results after each one of the steps.
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Fig. 3. The merging steps at each one of the nodes.

The degree of bandwidth utilization is computed directly at the source by
combining the video rates and their respective number of requests. For a source
transmitting C layers, we call weighted bandwidth allocation (Ω) the estimation
of the bandwidth allocated throughout the multicast tree,

Ω =
∑C

i=1(f
∗
i × fi)∑C

i=1 f∗
i

. (2)

The satisfaction index (ν) measures the average degree of satisfaction in
a group of users. It corresponds to the percentage of the received video with
regard to the requested video rate. Consider a scenario in which (M − 1) entries
{[f2, f

∗
2 , δ2, ν2] . . . [fM , f∗

M , δM , νM ]} are combined to entry [f1, f
∗
1 , δ1, ν1]. The

resulting entry is given by [f
′
1, f

∗′
1 , δ

′
1, ν

′
1], where
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f
′
1 = f1, (3)

f∗′
1 =

M∑

i=1

f∗
i , (4)

δ
′
1 =

M∑

i=1

δi +
M∑

i=2

(fi − f1)f∗
i , (5)

and

ν
′
1 =

∑M
i=1(f

∗
i × ν

′
i)∑M

i=1 f∗
i

, (6)

where, for j = 2 . . . M ,

ν
′
j =

f1

fj
× νj . (7)

To illustrate that the three metrics proposed in this paper have different
comportment and that the combination of them is important to improve the
global quality of the communication, we show a simple example of a multicast
session with one sender transmitting two video layers and three receivers as
shown in Fig. 4. Receivers d1 and d3 have fix receiving capacities (r1=1Mbps and
r3=4Mbps, respectively), and the available bandwidth in the path to destination
d2 varies from r1 to r3.

Source

r1=1Mbps

r2=(1..4)Mbps

r3=4Mbps

Fig. 4. Example topology.

Fig. 5 shows how the metrics respond to the different possible values of the
video layers, i.e., when {L1 = r1;L2 = r2} and {L1 = r1;L2 = r3}. The global
degradation for the two possibilities are show in Fig. 5(a). Similarly, Fig. 5(b)
and Fig. 5(c) depict, respectively, the weighted bandwidth utilization and the
estimated satisfaction index. Note that the ideal is to have the minimum global
degradation, minimum bandwidth utilization, and the maximum satisfaction



Arguments for Improving the Fairness of Layered Multicast Applications 9

1

1.5

2

2.5

3

0.5 1 1.5 2 2.5 3 3.5 4 4.5

B
an

dw
id

th
 u

til
iz

at
io

n 
(k

bi
ts

/s
)

Layer 2 (kbits/s)

L2=r2
L2=r3

(a)

1

1.5

2

2.5

3

0.5 1 1.5 2 2.5 3 3.5 4 4.5

B
an

dw
id

th
 u

til
iz

at
io

n 
(k

bi
ts

/s
)

Layer 2 (kbits/s)

L2=r2
L2=r3

(b)

70

75

80

85

90

95

100

0.5 1 1.5 2 2.5 3 3.5 4 4.5

U
se

r 
sa

tis
fa

ct
io

n 
(x

)

Layer 2 (kbits/s)

L2=r2
L2=r3

(c)

Fig. 5. (a) Global video degradation, (b) bandwidth utilization, and (c) satisfaction
index.

index. However, the example shows that these values cannot be simultaneously
obtained. In fact, the type of the application must be taken into account when
the algorithm to compute the layers is being performed.

5 Conclusions

We have proposed in this paper the use of multiple metrics to compute the
most adequate rates for multicast multi-layered applications. We consider the
global degradation at the receivers, the bandwidth utilization, and the satisfac-
tion index. We have also argued that one of these metrics should be prioritized
to improve the quality of the communication. We showed how the metrics are
calculated and how they respond to variations on the network congestion. The
proposed criteria lead to a significant improvement on the quality of the ap-
plication when compared with the classical approaches that consider only the
degradation at the destinations.
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