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Layer-Aligned Multipriority Rateless Codes for
Layered Video Streaming
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Abstract— There exists a multitude of techniques, including
automatic repeat request and error correction codes, to minimize
data corruption when transmitting over error-prone networks.
Streaming of multimedia data can usually withstand a certain
level of data loss, yet have strict limitations on the latency
tolerance. To enable acceptable reliability of transmission and
low transmission latency, the channel coding approach is usually
more appealing at the cost of additional bandwidth. In this paper,
an N-cycle layer-aligned overlapping structure, which is good for
layered data, is proposed. Accordingly, layer-aligned multiprior-
ity rateless codes were developed with favorable probabilities to
control the protection strength for each layer of the streaming
data. The major contribution of this paper is the analytical
model developed to predict the failure decoding probabilities for
each video layer and it is shown to achieve accurate estimation.
A prediction model to estimate the expected decompressible
video frames was developed for use with the developed codes
for streaming scalable videos. By maximizing the number of
expected decompressible video frames, the protection strength of
the developed codes can then be determined. Simulation results
show that the developed codes are good for streaming layered
videos, which are difficult to deal with using traditional rateless
codes, with or without unequal error protection.

Index Terms— Rateless codes, scalable video coding, unequal
error protection, video streaming.

I. INTRODUCTION

FOR ONE-to-many multimedia streaming over error-
prone networks within heterogeneous environments, the

connection quality from the server to each client may vary.
As well as fluctuating network conditions, the causes of het-
erogeneous environments also include the computational and
display ability of the clients. A traditional approach, known
as simulcast, copes with heterogeneous environments through
source coding, encoding videos into several bit streams.
An appropriate bit stream is then chosen to transmit to each
client. The disadvantages of simulcast, when compared with
layered multicast, such as the receiver-driven layered multi-
cast [1], include larger bandwidth consumption and storage
requirements, especially when the number of users is large
and the available bandwidth for each user differs signifi-
cantly. Simulcast usually requires more bandwidth when there

Manuscript received April 12, 2013; revised July 31, 2013 and October 1,
2013; accepted January 21, 2014. Date of publication January 28, 2014; date
of current version August 1, 2014. This work was supported in part by the
Ministry of Economic Affairs of Taiwan under Grant 102-EC-17-A-03-S1-214
and in part by the National Science Council of Taiwan under Grant
101-2221-E-009-086-MY3. This paper was recommended by Associate Editor
J. F. Arnold.

The authors are with the Department of Computer Science, National Chiao
Tung University, Hsinchu 30010, Taiwan (e-mail: hillhsiao@cs.nctu.edu.tw;
cyj.cs98g@nctu.edu.tw).

Digital Object Identifier 10.1109/TCSVT.2014.2302533

are multiple heterogeneous users simultaneously downloading
data from a single server, since several streams encoded at
different bit rates need to be transmitted over the internet.
Alternatively, a video can be encoded using scalable video-
coding techniques, such as scalable extension in MPEG-4
AVC [2]. The functionalities provided by scalable extension
in MPEG-4 AVC allow a video encoded into a bit stream
to be further partitioned into substreams with the desired
bit rates and video resolutions. Therefore, when compared
with simulcast, streaming videos encoded using scalable video
coding can better fit the heterogeneous environments that a
streaming service may deal with.

When transmitting over error-prone channels, packets may
be discarded or damaged. Common techniques to combat
transmission loss include the automatic repeat request
(ARQ) [3] mechanism and error control coding. Strong ARQ
is usually not preferable in multimedia streaming applications
due to increased delay and exacerbated jitter at the application
layer. On the other hand, error control techniques may improve
delay-sensitive streaming applications better. For example,
Reed–Solomon codes [4], which belong to the class of max-
imum distance separable codes, provide a popular channel
coding technique. However, the computational complexity of
Reed–Solomon codes increases exponentially to the number
of symbols. In DVB-H, multiprotocol encapsulated forward
error correction is implemented by interleaving the information
and protection packets resulting from the Reed–Solomon error
erasure code to deal with the burst error. The code complexity
of fountain codes [5]–[7] (also known as rateless codes) is
linear time. For a fairly large number of message blocks,
fountain codes can generate a virtually infinite number of
coded blocks on demand and on the fly. Other efficient coding
methods include raptor codes [6], low-density parity check
codes [9], [10], Tornado codes [11], and online codes [12].
A modified version of raptor codes has been adopted in the
3GPP MBMS standard [8], as well as in the DVB-H and
DVB-IPTV standards for transmission over DVB networks and
IP networks, respectively.

Before streaming multimedia data, the content is com-
pressed and divided into sections with multiple symbols
(or blocks). Channel coding, such as rateless erasure codes,
is then applied to each section. The purpose of the sections
is to avoid undesired delay. For traditional rateless codes,
data are first split into message blocks of equal length. The
encoding of rateless codes produces coded blocks as needed.
To generate a coded block, a degree d is first chosen according
to a predefined degree distribution. d message blocks are
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then selected uniformly from the same section to form a
coded block by performing an exclusive-OR (XOR) operation
on those message blocks. If the number of message blocks
is large enough, the number of possible coded blocks can
be considered as more than enough for practical usage. The
decoding process of rateless codes is achieved using the
belief propagation algorithm. Since the encoding and decoding
stages rely on XOR operations, the computational complexity
is minimal.

The design complexity of rateless codes lies in the gen-
eration of the degree distribution. As reported in [5], one
possibility for the choice of the degree distribution is the
ideal soliton distribution, where the probability of degree 1
is inversely proportional to the number of message blocks.
However, in practice, this distribution suffers from a lower
coding efficiency. A robust soliton distribution used in LT
codes [5], which adjusts and normalizes the probabilities of
the ideal soliton distribution, has been further developed. In
raptor codes [6], an approach to determine the output degree
distribution was developed so that a large fraction of the input
symbols can be recovered, and the average degree is small.

To improve the coding efficiency, a sliding window scheme
[14], [15] is proposed by connecting two sections into a
window such that part of the window overlaps with a previous
window. Message blocks in the same window are selected
to produce coded blocks. Allowing the windows to overlap
can enlarge the effective window size and improve the coding
efficiency. Traditional rateless codes can only provide equal
protection for each message block. For data with unequal
importance, a better approach is to intelligently protect the data
according to its importance. The cascading error protection
scheme in [16] and [17] suggests that different portions of
media streams can be encoded at various times to achieve
unequal error protection through the Reed–Solomon codes.
The optimized distribution of parity packets is determined by
maximizing the video quality. In [18], an expanding window
scheme for rateless codes provides unequal error protection by
increasing the number of times data with greater importance.

In [19], the unequal error protection property is achieved
by selecting message blocks with various probabilities. An
analytical model is also available to predict the probability of
unsuccessful decoding. For message blocks that are chosen
with a higher probability, the chance to successfully decode
them is supposed to be greater. The degree distribution of
that method follows the same table used in Raptor codes [6].
However, the prediction error of the analytical model is
between 15% and 45%. A conceptually similar approach
was proposed in [20] to achieve unequal error protection
by creating multiple duplicates. Essentially, more duplicates
of a message block results in a greater probability for that
message block to be chosen. However, there is no prediction
model provided to estimate the performance of the duplica-
tions. Therefore, the number of duplications required for each
message block relies on experimentation.

The contributions of this paper are as follows. An N-cycle
layer-aligned overlapping structure is designed for unequal
error protection of data with multiple priorities, where N
is the number of priorities and each part of a unique

priority in a section is protected by N windows. Layer-aligned
multipriority rateless codes (LMRCs) are proposed based on
this structure, where the protection strength can be controlled
unequally for different portions of the data. An analytical
model to predict the probabilities of the unsuccessful decoding
of each part of the data is derived, which is the major contribu-
tion of this paper. To evaluate the importance of the proposed
codes, we designed a resource distribution scheme for video
streaming, which is compressed with a scalable video encoder.
The resource distribution scheme is based on another proposed
model, which calculates the number of decompressible video
frames at given probabilities of unsuccessful decoding. Using
the analytical model of LMRCs and the model of expected
decompressible video frames, the resource distribution scheme
can decide on the protection strength required to achieve the
best video quality on the receiver side.

This paper is organized as follows. Section II presents
the proposed N-cycle layer-aligned overlapping structure, the
corresponding LMRCs, and the development of the analytical
model. The prediction of expected decompressible frames for
the resource distribution scheme is presented in Section III.
In Section IV, we will compare the experimental results with
standard methods. Section V concludes this paper.

II. PROPOSED LMRCS

For one-to-many multimedia streaming, scalable video
coding is regarded as a promising compression approach to
deal with time-dependent bandwidth fluctuation among hetero-
geneous receivers. The scalable extension to H.264/MPEG-4
AVC is considered as the state of the art for scalable video
coding. A video compressed using such technology is com-
posed of one or several video layers. The base layer of an
AVC scalable video stream can be configured to be MPEG-4
AVC compatible, and the enhancement layers of the stream
are encoded by fidelity, spatial, and temporal scalability coding
tools. To decode a video frame of a higher layer at the decoder
side, all the lower layers of the coded stream are required. The
more accumulated video layers that are received, the better the
decoded video quality will be. Therefore, the importance of
each layer in a layered video is different. LMRCs are proposed
in this section for the unequal error protection of data with
multiple priorities, where the protection strength can be varied
for different portions of the layered data. An analytical model
to predict the protection strength will be proposed thereafter.

To analyze the potential performance of rateless codes,
the AND–OR tree analysis technique has been adopted in
[12] and [13]. Since we modified the AND–OR tree structure
to analyze the proposed LMRCs, a brief introduction of
conventional AND–OR trees is as follows. An AND–OR tree,
TL , is a generated tree of depth 2L. The root of this tree is at
depth 0. Its children are at depth 1, and their children are at
depth 2, and so on. An OR node with no children is assumed
to have a value of zero, and an AND node with no children is
assumed to have a value of one. An example of such AND–OR

trees is shown in Fig. 1. An OR node in the AND–OR tree
represents a message block in rateless codes, and an AND node
stands for a coded block.
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Fig. 1. Example of conventional AND–OR trees.

Fig. 2. Streaming protection with rateless codes.

All nodes at depth 0, 2, 4, . . . , 2L–2 are labeled as OR

nodes, and are evaluated by performing a logical OR operation
on their children. Similarly, all nodes at depth 1, 3, 5, . . . ,
2L–1 are labeled as AND nodes, and are evaluated by perform-
ing a logical AND operation on their children. The analysis is
used to model the probability that TL’s root is evaluated as zero
by applying a deductive approach. More details can be found
in [13], where an AND–OR tree lemma was suggested to be
used in a deductive manner iteratively. The coding efficiency of
rateless codes improves when there are more message blocks
in a section.

A. N-Cycle Layer-Aligned Overlapping Structure and LMRCs

Multimedia streaming has recently become one of the pri-
mary sources of bandwidth consumption. For video streaming
protected using generic rateless codes, compressed videos
require division into sections. The content in a section is then
split into message blocks, where a number of coded blocks
are produced for each section. The section size is usually
determined according to the delay restrictions of the streaming
application. However, when the length of a section is larger,
the coding efficiency of generic rateless codes is improved at
the cost of a longer system delay. In general, a larger section
size leads to a smaller coding overhead, while a smaller section
size results in a shorter coding delay. A typical coding flow
for rateless codes on streaming data is shown in Fig. 2.

In the traditional sliding window scheme [14], a window
slides from the position of the previous window by a constant
distance s. As a result, part of the window overlaps with the
previous window. If the length of each layer is different, the
overlapped portion cannot synchronize with the data despite
the choice of s. Therefore, in each window, the contained video
layers can be various and not suitable for analysis. As shown
in Fig. 3, the combination of message blocks in each window
is different from the others, even if there are only two video

Fig. 3. Content of each window in a sliding window scheme.

Fig. 4. Example of a four-cycle layer-aligned overlapping structure.

layers. In addition, since there is no analytical model presented
in [14], the probabilities of choosing message blocks in each
portion of a window are determined through experimentation.

In this paper, an N-cycle layer-aligned overlapping structure
is proposed for layered data with N layers, and therefore N
priorities. An example of the four-cycle layer-aligned overlap-
ping structure is shown in Fig. 4. The data of the j th layer in
the i th section are labeled as Li j . The windows for channel
coding are formed as follows. The first window covers the first
section entirely; the second window slides by a distance equal
to the length of the first layer in a section; the third window
slides by a distance equal to the length of the second layer,
and so on. Each window consists of N successive layers,
which may be from either one or two sections. A window
wi,1 will contain data from layers (Li1, Li2, . . . , Li N ),
and a window wi, j will contain data from layers (Li j ,
Li( j+1), . . . , Li N , L(i+1)1, L(i+1)2, . . . , L(i+1)( j−1)), where
1 < j ≤ N .

The data in each layer are partitioned into message blocks
in each section. Note that the number of message blocks in
different layers can vary. For each section, there are exactly
N windows covering either part of or all of that section. Any
two successive windows differ only in one layer. In addition,
any layer Li j in each section except for the first and the last
sections will be covered by exactly N windows.

The proposed LMRCs are built on the N-cycle layer-aligned
overlapping structure mentioned above. The message blocks
for each window are formed from N different layers. Each of
the desired coded blocks for each window is produced using
the following procedure.

1) Determine a degree d according to a predefined degree
distribution.

2) Choose d message blocks from N different layers. The
probability of choosing a certain message block from
video layer j is p j , where 1 ≤ j ≤ N . Suppose
that there are n j message blocks from layer j in each
window, 1 = ∑N

j=1 p j n j .
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Fig. 5. Bipartite graph G of an N -cycle layer-aligned overlapping structure.

3) A coded block is formed from the result of an XOR

operation on the chosen message blocks.

The number of desired coded blocks depends on the
desired unsuccessful/successful decoding probability of mes-
sage blocks as well as the available bandwidth for video
streaming.

The protection strength provided by the LMRCs on different
layers can be controlled through the vector of favorable
probabilities ( p1, p2, . . . , pN ). Alternatively, a weighing
vector (ω1, ω2, . . . , ωN ) of layers is defined, where ω j is the
probability to choose a random message block from video
layer j . The relationship for the conversion between ω j and
p j is

p j = ω j

N∑

i=1
ni · ωi

. (1)

The decoding of message blocks can be done using the
belief propagation algorithm. A message block is recovered
by finding the corresponding coded block without any unre-
covered message blocks except itself. A recovered message
block can then help reduce the number of unrecovered message
blocks connected to other coded blocks.

B. Analytical Model for LMRCs

In this section, an analytical model is developed to deter-
mine the probabilities of unsuccessfully decoding each part
of the data. The probability of an unsuccessful decoding is
defined as the number of unrecovered message blocks divided
by the number of message blocks in the same partition.
The analytical model can be used to find a suitable vector
of favorable probabilities for transmitting layered data. We
can treat the coding paradigm of the LMRCs as a bipartite
graph G, (an example of which is shown in Fig. 5), and form
an AND–OR tree from it. A table of many symbols used in
this section is shown in Table I.

For each window, there are k message blocks that are treated
as OR nodes in an AND–OR tree. There are n j message blocks
from layer j in each window, therefore, 1≤ j ≤ N , and k =∑N

j=1 n j . γwk coded blocks will be produced as AND nodes
for each window.

Let � (x) = ∑k
d=1�d xd be the polynomial generator

corresponding to the probability distribution of the degrees of

TABLE I

SYMBOL DEFINITION

Fig. 6. Connection from the OR nodes in one window to the parent node,
an AND node.

coded blocks. �d is the probability of a coded block having
degree d .

If an OR node is evaluated as 1 (true), the corresponding
message block is recovered. If an AND node is evaluated
as 1, it can help to recover its neighbors. The objective of the
analytical model for the LMRCs is to derive the probability
pi, j for the root node of an AND–OR tree GTi, j to be evaluated
as 0 (false). The notation GTi, j is used to symbolize that the
height of the AND–OR tree is 2i and that the root node is an
OR node at level i from layer j , where 1≤ j ≤ N . An example
of the structure of the AND–OR tree is shown in Fig. 1.

To derive the probability pi, j , we first determine the prob-
ability qi for an AND node at level i to be evaluated as 0.
Suppose that the number of OR nodes from layer j at level
i -1 connected to an AND node with degree (d + 1) at
level i is d j , where j = 1, . . . , N , as shown in Fig. 6.
Vector (d1, d2, . . . , dN ) is noted as the layer vector d of the
AND-node connection. The probability �d for an AND node
with a fixed vector d to be evaluated as 0 is given by

ψd = 1 −
N∏

j=1

(1 − pi−1, j )
d j . (2)

The probability qi can be obtained by considering all combi-
nations of possible degree distributions

qi =
k−1∑

d=0

⎛

⎝Ad+1 ·
⎛

⎝
∑

∀d:d1+d2+···+dN =d

wdp(d) · ψd

⎞

⎠

⎞

⎠ (3)

where wdp (d) is the probability for a coded block (an AND

node) with layer vector d. In other words, wdp (d) is the
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Fig. 7. Connection from the AND nodes to the parent node, an OR node of
layer j .

probability for a coded block to select di message blocks
from layer i , for all 1≤ i ≤ N . The value of wdp (d)
can be calculated using the multivariate version of Wallenus’
noncentral hypergeometric distribution [21] for uneven selec-
tion. Ad is the probability for an edge to connect to an AND

node of degree d . Since there are μ degrees of a coded block
on average, the probability Ad can be calculated as

Ad = d ·�d

μ
= d ·�d

�
′
(1)

. (4)

The probability pi, j for the OR node from layer j at level i
to be 0 is calculated by considering the scenario where all its
child nodes are evaluated as 0. According to the proposed
N-cycle layer-aligned overlapping structure, each message
block is used in N windows for producing coded blocks.
Suppose that the number of AND nodes that are produced
in window j and connected to a certain OR node at the same
level, level i , is m j , where j = 1, . . . , N , as shown in Fig. 7.
Vector (m1,m2, . . . ,mN ) is noted as the window vector m of
the OR node connection.

The probability λm, j for an OR node with degree m from
layer j can then be expressed as

λm, j

=
∑

∀m:m1+m2+···+mN =m

(
N∏

x=1

(
μγwk

mx

)

· pmx
j · (1− p j)

μγwk−mx

)

(5)

where p j is the probability of choosing a certain message
block from layer j and μγwk is the total number of degrees
produced in a window.

In addition, the probability Rm, j of an edge connecting to
an OR node with degree m from layer j is calculated as

Rm, j = m · λm, j · n j

N · (μ · γw · k · p j · n j )
. (6)

The numerator in (6) is the number of edges connected
to message blocks with degree m from layer j , and the
denominator is the sum of edges that connect to an OR node
from layer j in N windows. The probability pi, j of all child
nodes of an OR node from layer j at level i being 0 can then
be expressed as

pi, j =
N ·μ·γw·k·p j −1∑

m=0

(Rm+1, j ·qm
i ). (7)

The probability of unsuccessfully decoding every layer of
the data can then be calculated interactively using (3) and (7).

C. Fast Calculation of the Analytical Model for the LMRCs

The computation complexity of the proposed LMRCs is
the same as the complexity of other rateless codes using
the same degree distribution. As for the analytical model,
the computation complexity of the calculation of pi, j can be
overwhelming, especially when the value of k is very large.
In particular, the calculation of λm, j in (5), which is needed
to calculate pi, j , is the worst one. The possible combinations
in (5) are obviously too enormous to calculate in real time.

When k is large and p j is small, the Poisson distribution
can be used to simplify the calculation of λm, j

λm, j

=
∑

∀m:m1+m2+···+mN =m

(
N∏

x=1

(
μγwk
mx

)

· pmx
j · (1 − p j )

μγwk−mx

)

≈
∑

∀m:m1+m2+···+mN =m

(
N∏

x=1

e−μγwkp j · (μγwkp j )
mx

mx !

)

= e−Nμγwkp j · (μγwkp j )
m ·

∑

∀m:m1+m2+···+mN =m

⎛

⎜
⎜
⎜
⎝

1
N∏

x=1
mx !

⎞

⎟
⎟
⎟
⎠
.

(8)

By applying the multinomial theorem, (8) becomes

λm, j ≈ e−Nμγwkp j · (μγwkp j )
m

·
∑

∀m:m1+m2+...+mN =m

⎛

⎜
⎜
⎜
⎝

1
N∏

x=1
mx !

⎞

⎟
⎟
⎟
⎠

= e−Nμγwkp j · (μγwkp j )
m · Nm

m!
= e−Nμγwkp j · (μγwkp j N)m

m! . (9)

Therefore, the calculation of Rm, j is reduced to

Rm, j = m · λm, j · n j

N · (μ · γw · k · p j · n j )

≈ e−Nμγwkp j · (μγwkp j N)m−1

(m − 1)! . (10)

Using the approximation of Rm, j shown in (10), (7) results
in

pi, j =
N ·μ·γw ·k·p j −1∑

m=0

(Rm+1, j ·qm
i )

≈ e−Nμγwkp j ·
N ·μ·γw·k·p j −1∑

m=0

(μγwkp j Nqi )
m

m! . (11)

Since the summation in (11) is the Taylor series expansion
of an exponential term, the approximation of pi, j can be
written as

pi, j ≈ e−Nμγwkp j · eμγwkp j Nqi

= eμγwkp j N(−1+qi ). (12)



1400 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 24, NO. 8, AUGUST 2014

A fast calculation method of pi, j was developed and the
final result in (12) shows that it is now much more computa-
tionally efficient and can be finished in real time.

III. EXPECTED DECOMPRESSIBLE VIDEO FRAMES

OF THE PROPOSED LMRCS

The vector of favorable probabilities (p1, p2, . . . , pN ) can
control the probability of unsuccessfully decoding message
blocks from video layer j , as shown in either (7) or (12).
The decoding status of different video layers will affect the
achievable quality in the received video stream.

The base layer of an MPEG-4 AVC scalable video stream
can be configured to be MPEG-4 AVC compatible, and the
enhancement layers of the stream are encoded by the scalabil-
ity tools, such as SNR, spatial, and temporal scalabilities. The
spatial scalability is offered by encoding the video at different
resolutions for different layers. For the inter layer prediction,
interlayer motion/residual prediction and intraprediction are
utilized to facilitate the compression. With the SNR scalability,
the substream provides the same spatio–temporal resolution as
the complete bit stream, but with a lower video quality.

To decompress a video frame of a certain layer of a video
encoded with scalable video coding tools, such as the scalable
extension of MPEG-4 AVC, all the lower layers of the same
unit of the coded stream are required. The decoded video
quality improves as the number of accumulated video layers
increases. In this section, a prediction model to link the
relationship between the protection strength of the proposed
LMRCs and the decompressible video frames is shown.
This prediction model is used to determine the favorable
probabilities ( p1, p2, . . . , pn) by maximizing the expected
decompressible frame number. The more video frames that can
be decompressed, the better the video quality will become.

Although the reference pictures can be arbitrarily assigned
in the MPEG-4 AVC, temporal scalability using hierarchical-B
motion compensation was shown to be the more efficient [2].
Therefore, temporal scalability using hierarchical-B motion
compensation, as shown in Fig. 8, is used for the following
derivation as well as our simulations. The content of a number
of groups of pictures (GOPs) is compressed and treated as one
section. It should also be noted that the key picture in a GOP
is encoded as an instantaneous decoder refresh (IDR) picture.

Let pl( j) be the probability that all message blocks from
layer j in a window can be recovered correctly. pl( j) can be
expressed as

pl( j) = (1 − pi, j )
n j . (13)

Due to the accumulating nature of scalable video coding,
i.e., that a frame of layer j can be decompressed when all the
layers i are received correctly, where 1 ≤ i ≤ N , the number
of decompressible video frames fn can be calculated using

fn =
N∑

i=1

n(i) ·
⎛

⎝
i∏

j=1

pl( j)

⎞

⎠ (14)

where n( j) represents the number of frames of layer j in
a section. For the example in Fig. 8, n(1) = 1, n(2) = 1,
n(3) = 2, and so on.

Fig. 8. Hierarchical-B motion compensation in MPEG-4 AVC.

The resource distribution scheme will determine the vector
of favorable probabilities ( p1, p2, . . . , pN ), which maximizes
the number of expected decompressible frames, as shown in
(15), where fn is obtained using (3), (12), and (14), such that
the number of coded blocks is affordable with a given available
bandwidth. Note that (3) and (12) are from the analytical
model of the proposed LMRCs

(p1, p2, . . . , pN )
∗ = arg min

∀(p1,p2,...,pN )
fn . (15)

IV. SIMULATION RESULTS

In this section, we will first examine the prediction per-
formance of the analytical model for the proposed LMRCs.
The prediction model for the expected decompressible frames
described in Section III will also be verified. The performance
of the proposed codes will then be compared against other
methods in the literature.

A. Accuracy Analysis of the Analytical Model for LMRCs

To determine the accuracy of the analytical model for the
LMRCs, the following experiments were performed. The first
simulations were for data with two layers (N = 2), where
n1 : n2 = 3 : 7, and the degree distribution used in Raptor
codes for coded blocks [6] was applied.

The weighing vector (ω1, ω2) = (ω1, 1−ω1), with different
ω1 (0.05–0.95, with a step size = 0.05) was simulated. The
prediction error of each layer between the predicted results
using the analytical model and the experimental results by
actually coding and decoding is defined as

Prediction error (% )

= 1

Number of simulations

·
∑

for each ω1

|Prediction − Simulation|
Simulation

· 100%. (16)

The performance of the analytical model is shown in Fig. 9
with respect to increasing coding overhead and the number
of sections in the simulations. In Fig. 10, the performance is
shown with respect to different window sizes. The x-axis is
the coding overhead ε, and is defined as ε = Nγw − 1.

It can be observed from Figs. 9 and 10 that the prediction
error is less than 10% for all the simulation results. In general,
the accuracy of the analytical model improves with a higher
number of sections and a bigger window size. The reason for
this is that there is a higher chance to transform the bipartite
graph to an AND–OR tree structure when using bigger win-
dows. Any layer Li j in each section will be covered by exactly
N windows during the development of the analytical model.
However, this is not the case for the first and the last sections.
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Fig. 9. Prediction error of the analytical model at k = 2000.

Fig. 10. Prediction error of the analytical model at 11 sections.

Fig. 11. Performance of the analytical model at 11 sections.

Fig. 12. Performance of the analytical model at 21 sections.

Therefore, when there are more sections, the influence of the
first and last sections are smaller.

The probabilities of unsuccessfully decoding the scenarios
with two layers at various weighing vectors, coding overhead,
and the number of sections are shown in Figs. 11–13. As also
found similarly in the expanding window fountain codes [18]
and rateless codes with unequal error protection [19], local
optimal values exist in our proposed codes where the unsuc-
cessfully decoding probability of one layer reaches its local
minimal while the probability of the other layer is not
significantly deteriorated. The two local optimal values in

Fig. 13. Performance of the analytical model at 51 sections.

Fig. 14. Performance of the analytical model at three layers, lower overhead.

Fig. 15. Performance of the analytical model at three layers, higher overhead.

Figs. 11–13 are not symmetric, due to the uneven distribution
of n1 and n2 in the simulations.

The second simulations were for data with three layers
(N = 3), where n1 : n2 : n3 = 1 : 1 : 2, and the degree distrib-
ution used in Raptor codes for coded blocks was also applied.
The weighing vector (ω1, ω2, ω3) = (0.25, ω2, 0.75 − ω2)
with different ω2 (0.05–0.7, with a step size = 0.05) was
simulated. The probabilities of unsuccessfully decoding the
scenarios at various weighing vectors and coding overhead
are shown in Figs. 14 and 15.

In scalable video coding, the bit rates of different video
layers can be affected by the rate distortion performance as
well as by the distribution of available bandwidth from a
server to its clients. The third simulations were for data with
two layers (N = 2) at different n1 : n2 ratios. In addition
to n1 : n2 = 3 : 7, the experiments at 5 : 5 and 7 : 3 were
conducted as well. The performance of expanding window
fountain codes [18] is also included for performance compar-
ison. The expanding window fountain codes were used on the
scalable video streams in [22] due to its support of unequal
error protection.
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Fig. 16. Prediction performance of the analytical models for the proposed
method and the expanding window fountain codes. k = 2000, 11 sections.

The prediction performance of the analytical models for the
proposed LMRCs and the analytical model for the expanding
window fountain codes presented in [18] and [22] is shown in
Fig. 16. The prediction model for expanding window scheme is
described in [22, Eq. (1)]. For the expanding window fountain
codes, various probabilities 	 of selecting layer 1 window are
used and the mean prediction error is calculated for a given
coding overhead.

The performance of the proposed model is consistently good
with respect to different n1 : n2 ratios, while the performance
of the analytical model for the expanding window fountain
codes is not. In general, the prediction ability for the expanding
window fountain codes suffers obviously for the inner window,
layer 1. The reason could include: the analytical model for
the expanding window fountain codes cannot handle smaller
size of windows well, and the prediction is not accurate at
lower 	 when the coded symbols produced for the inner
window are not enough. On the other hand, the ratio is not a
sensitive factor and has a little effect on the prediction errors
caused by the proposed model. The prediction errors caused
by the expanding window scheme are higher and the errors
fluctuate from one ratio to another. The analytical models for
these two unequal error protection schemes can be used to
determine the parameters, such as the weighing vectors in
the proposed method and the 	 in the expanding window
scheme. Therefore, the accuracy of an analytical model is
rather important.

For expanding window fountain codes, the prediction accu-
racy at n1 : n2 = 5 : 5 is better than at the other two
ratios. At n1 : n2 = 5 : 5, the performance comparison of
unsuccessfully decoding probability is shown in Fig. 17. At
lower 	, the prediction performance of the expanding window
fountain codes is significantly worse, especially when 	 ≤ 0.3.
It is interesting to observe that at larger 	, the probability for
layer 1 can be quite low, while the unsuccessfully decoding
probability is extremely high for layer 2. Even if the extremely
worse recovery of layer 2 is tolerable, the advantage of having
lower failure probability of layer 1 will become less important
if an outer code can be applied to the proposed method and
the expanding window fountain codes.

B. Accuracy Analysis of the Model for the Expected
Decompressible Video Frames

The performance of the model for the expected decompress-
ible video frames is examined in this section. The model of

Fig. 17. Performance of the proposed codes and the expanding window
fountain codes. k = 2000, 11 sections.

Fig. 18. Predicted decompressible frames in comparison with the actual
decompressed frames.

the expected decompressible video frames is obtained using
the dependency characteristic of scalable video coding. This
prediction model can be used to determine the protection
strength of the proposed LMRCs by maximizing the expected
decompressible frame number, as described in Section III.
Since the proposed LMRCs are based on rateless codes, the
randomness of the generation of coded blocks will alleviate
the difference due to different channel models, as long as
the average packet loss is at the same level.

A video of soccer at 325 × 288 was compressed using the
scalable extension of MPEG-4 AVC into five temporal layers
without the protection of channel coding. The GOP size was
16 frames and each key picture was encoded as an IDR picture.
The packet size was 1500 bytes and the influence of different
unrecoverable packet loss rates generated using uniform dis-
tribution was studied. The parameter information (sequence
parameter set and picture parameter set) required by MPEG-4
AVC and the first frame were assumed to be received correctly.

The prediction results of the model for the expected decom-
pressible video frames are shown in Fig. 18. The prediction
results of the model are observed to be very accurate.

C. Performance Comparison of the Proposed LMRCs

In this section, we will use the proposed LMRCs to protect
video compressed with the scalable extension of MPEG-4
AVC. The proposed method determines the favorable prob-
abilities (p1, p2, . . . , pn) by maximizing the expected decom-
pressible frame number at a given bandwidth, as shown in (15).

Three other methods were also included in the experiments.
First, the rateless codes with an unequal error protection
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Fig. 19. Prediction performances of the analytical models: LMRC and
RC-UEP.

property (RC-UEP) [19], where the optimal parameter kM for
RC-UEP was determined at a given bandwidth by performing
an exhaustive search on kM such that the predicted decoding
probability obtained from the prediction model described
in [19] will result in the maximal number of expected
decompressible frames according to the model described
in Section III. The other two methods were the generic rateless
codes: RC Orig, which does not differentiate between two
layers, and RC layer, which treats the two layers in each
section as two different independent virtual sections. In RC
Orig, a fixed number of coded blocks for each section were
generated by choosing a number of message blocks to perform
XOR operations with. In RC layer, the number of coded blocks
for each virtual section is proportional to the number of
message blocks within the virtual section, while the number
of total coded blocks is identical to those produced by other
methods.

The predictor errors of the analytical models, RC-UEP, and
the proposed LMRC, are shown in Fig. 19 with respect to
increasing coding overhead. The simulations were for two
layers (N = 2) and n1 : n2 = 3 : 7. The prediction
error of each layer between the predicted results using the
corresponding analytical model and the experimental results
by actually coding and decoding is calculated by (16). From
the results, the accuracy of the proposed analytical model is
much better.

All four methods described above follow the degree dis-
tribution used in Raptor codes for coded blocks [6]. In this
simulation, the video soccer at 325 × 288 was compressed
into two video layers where the compressed size of the first
layer was about one-third of the total bit rate. The number
of message blocks k in a section was 2033. There are 1825
frames encoded using MPEG-4 AVC scalable extension with
GOP = 16. For each GOP, two frames are used for layer 1
and 14 frames are for layer 2.

The experimental results of all four methods with respect
to increasing coding overhead (which is translated from given
bandwidth) are shown in Figs. 20 and 21. The performance
of the proposed LMRCs is shown to greatly improve on
the other methods, especially in limited bandwidth scenarios.
Rateless coding can achieve better coding efficiency with a
larger number of message blocks (in a section). Therefore,
the performance of RC Orig is better than RC Layer. The
proposed method with an accurate analytical model connects
two sections together such that N windows can help to decode
message blocks in a section, and is observed to result in

Fig. 20. Number of decompressed video frames versus the coding overhead
using different codes.

Fig. 21. Received video quality in PSNR versus the coding overhead using
different codes.

the best decoded video quality. The average PSNR values
reported in Fig. 21 are computed by calculating the per-
frame PSNR first and averaging the PSNR values per frame
in the same reconstructed video. If a video frame cannot be
decompressed, simple temporal repetition technique is used
for error concealment.

V. CONCLUSION

In this paper, we proposed a novel unequal error protection
scheme, called LMRCs, for data transmission with multiple
priorities. In the proposed N-cycle layer-aligned overlapping
structure, each layer in a section is protected by N windows,
and the protection strength can be controlled through
the vector of favorable probabilities. The length in each of the
N different priorities can vary. An analytical model for the
LMRCs was also developed. The analytical model was shown
to achieve high prediction accuracy, compared with the much
lower accuracy of the prediction model for rateless codes
with unequal error protection in the literature. In addition,
our analytical model can be executed efficiently. Together
with the model to predict the expected decompressible video
frames at a given packet loss rate, the vector of favorable
probabilities for the proposed LMRCs can be determined for
given channel conditions. We demonstrated, using simulated
results, that the analytical model is accurate and that the
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LMRCs are suitable for layered streaming, especially when
the section size is limited.

The proposed LMRCs in this paper do not use outer codes
as in raptor codes. However, applying outer codes can help
to alleviate the issue of higher error floor at a small price
of additional computation and coding overhead. Even though
streaming of multimedia can usually withstand a certain level
of data loss, as a future work, it should be quite intriguing to
extend the proposed LMRCs to the layer-aligned multipriority
raptor codes and develop an algorithm to determine proper
code rates of outer codes for different video layers with
different priorities. In addition, if the ratio can be decided
freely and a utility function can be formulated to quantitate
layer priorities, similar to the expected decompressible video
frames introduced in Section III, an optimal ratio can be stud-
ied to further increase the performance of streaming scalable
videos that are protected using the proposed method.
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