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Abstract:

reliability for IPTV services.

When they provide Internet Protocol Television (IPTV) services, IP networks face
difficulties such as reduced transmission bandwidth, delay, jitter, and packet loss. A
terminal —centric solution can improve the image quality by adding control policies like
congestion control and error control to the receiving terminal and source code. An
end-to-end application layer reliability method is usually required to satisfy IPTV
requirements in the IP network. Application Layer Forward Error Correction (AL-FEC)
technology solves the problem of packet loss, and can ensure the end-to-end

ith the development of modern
network and multimedia
services, people are becoming
less satisfied with traditional
page browsing, video downloading, and
email transmission. They have begun to
utilize the IP network to provide
interactive TV, namely, Internet Protocol
Television (IPTV). IPTV is a new video
service developed in the last few years
based on the development of IP
networks. Its major feature is to integrate
TV with Internet to realize real interaction.
Moreover, it combines multiple
Internet —based interactive functions,
and therefore looks to have a bright
future.

The IPTV service comprises a large
amount of information and has high
requirements for real—-time transmission.
Real-time transmission in traditional IP
network does not weigh a lot. However, in
the current IP networks, we require the
real-time transmission of multimedia
services. As a result, the following
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problems! must be faced:

(1) Transmission Bandwidth

To provide acceptable video quality
for users, a minimum bandwidth is
necessary for real-time video. However,
IP networks do not provide bandwidth
reservation. In addition, owing to the
large amount of data in video, the
bandwidth requirement is high.

(2) Transmission Delay and Jitter

Transmission of ordinary files is not
severely restriction by delay. But the
real—-time transmission of video requires
high for the end-to—end delay. Once the
delay exceeds the specified delay limit,
real—time transmission cannot be
guaranteed. Unfortunately, the
congestion of IP network often causes
unpredictable network delay.

(3) Packet Loss

Packet loss is the major cause of
decreased video quality. Owing to the
application of video compression
technology, the packets before and after
video compression are closely

associated. The loss of frame may cause
the decoding failure of multiple
subsequent P frames. Consequently, the
quality of the image is decreased. The IP
network only provides a "try—the—best"
service. When the network is congested,
inevitably, packets are lost.

In addition, for a multicast service, the
isomerism of the network and the
receiver is still a big challenge.

Taking these problems into
consideration, the solution is to handle
through the network and terminal®. The
ideal solution is to handle from the
network, but this solution has high
requirements of the network architecture
and thus raises many practical problems
in practice. A terminal-centered
implementation scheme improves the
image quality by adding control policies,
such as congestion control and error
control in the receiving terminal and
source code. This solution does not
change the IP network architecture.
Where IP network congestion generates
packets loss or the transmission error
causes image quality decreasing, this
paper suggests selecting application
layer error control technology to improve
the QoS of the IPTV service. Application
layer error control technology includes
Forward Error Correction (FEC) coding of
the coding end, post-processing error
hide of the decoding end, and interactive
error control of the coding and decoding
ends®,

1 Application Layer Error
Control Technology

1.1 FEC Coding at Coding End

FEC coding means that in the case of
source coding and channel coding,
certain measures are taken to ensure that
the coding stream has error restoration
capability, namely, error correction
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coding. Itincludes Layer Coding (LC),
Multiple Description Coding (MDC), and
the coding policy layer multiple
description and multiple description
layer.

(1) LC

LC involves coding the video
information into a Basic Layer (BL) and
one or multiple Enhanced Layers (EL).
BL provides low but acceptable video
quality. Each EL improves the video
quality based on the BL. The BL contains
the most important content of the video,
such as the motion vector. Once the BL
information is lost, the EL information is
invalid. With layer coding, receivers with
different bandwidth or decoding
capability can access the same video
source and obtain different QoS. The
scalability of layer coding includes space
domain scalability, time domain
scalability, signal-to—noise ratio
scalability, and the combination of the
preceding options.

(2) MDC

MDC is one effective method of
solving real—time transmission problem
of the multimedia information. In this kind
of system, one original video sequence is
coded into two or more data flows (we
call this data flow as the description for
video source), and each data flow can be
separately coded. MDC has the following
attributes:

(a) The description generated by
MDC is independent, and can
reconstruct the video of certain quality.

(b) The complementary information
exists in each description character. A
greater amount of description characters
can reconstruct video of higher quality.

(c) Multiple—description is applicable

to a packet—loss environment such as
network transmission. Multiple
descriptions for the same video are
encapsulated in different packets. When
packets are lost, the decoding end
obtains an inferior image according to
the received packet. When the number of
received packets increases, the quality
of the reconstructed image at the
decoding end is improved. There are
many methods to implement MDC:
multiple—description quantification,
multiple—description conversion coding,
multiple—description motion
compensation, and multiple—description
sub—sampling.

(3) Layer Multiple Descriptions or
Multiple Description Layer Coding

Utilizing the advantages of layer
coding and MDC, MDC and layer coding
can be combined to implement real-time
transmission for multiple end users on
the precondition that system
performance is guaranteed. According to
the combination type, it can be divided
into scalable coding with
multiple—description, and
multiple—description coding with
scalability.

1.2 Post-Processing Error Hide at
Decoding End
At the decoding end, the redundant
information in the code stream can be
used to handle the error. The
post—processing error hide at the
decoding end is independent from the
coding. It does not redress the errors
caused by network transmission. It
makes full use of the correlation of
received video sequence in the time and
space domains to hide errors which have
accurred. As a result, the visual effect of
the image is close to the effect without
errors. In other words, the error hide
technology has no requirements of the
decoder and does not require the
addition of redundant coding. It does not
increase the transmission load of the
communication. This method involves the
post—processing of video information. In
principle, it is applicable to any image
coding/decoding format and standard,
and is therefore widely used as an
effective method of improving the video
quality. The error hide technology
includes space domain error hide, no
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motion compensation time domain error
hide, and motion compensation—-based
time domain error hide.

1.3 Interactive Error Control at Coding
and Decoding Ends
In addition to the FEC coding at the
coding end and post—processing error
hide, the feedback information at the
decoding end can also be used to
control the coding, and thus the errors.
Another interaction method is the
retransmission mechanism commonly
used in data transmission.

1.4 Problems

These error control technologies can
improve the robustness of video
transmission. At the same time, some
obvious disadvantages exist, which
decrease the utility value.

In the FEC at the coding end,
redundant information is necessary for
functionality. Owing to the time varying
feature of the channel, in the process of
error control, the redundant information is
added based on the worst situation.
Thus, it lacks flexibility and wastes limited
pandwidth resources. Moreover, the
added redundant information changes
the original code stream structure, which
is harmful to the coding/decoding.

The post—processing error hide at the
decoding end does not decrease the
coding efficiency or damage the code
stream structure and compatibility. But
the error control capability is limited and
thus it can only handle a low bit error rate.
Once the bit error rate increases, and the
image is seriously damaged, the
post—processing method only cannot
restore the image to an acceptable
quality.

Interactive error control at the coding
and the decoding ends should be
implemented through the feedback
information. If only a few packets are lost,
the method is applicable. However, when
many packets are lost, it may cause the
deterioration of the network.

The regulated video quality of IPTV
should reach the video quality of
broadcast television®. The resolution of
Standard-Definition Television (SDTV) is
720x576 and the resolution of
High—Definition Television (HDTV) can
be as high as 1,920x1,080. For the video
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quality requirements, applying the layer
coding and MDC to IPTV is to decrease
the video quality to implement the
acceptable effect. It is therefore
impossible to implement real IPTV video
quality. In addition, MDC is worse than
the effect of single description code
when the packet loss rate is high. In other
words, layer coding or MDC technology
cannot competely solve the problems
associated with IPTV. For services similar
to IPTV, these technologies are
applicable. That can be used with Joost,
PPlive, and Sopcast using the P2P
technologies (for they have no specific
requirements for video quality). The error
hide, as a post—processing technology,
the capability to handle the error is
limited. The feature mentioned in the
post—processing error hide in the
decoding end determines that the
technology can be used in the IPTV
service. The interactive error control at
the decoding/coding end is widely used
in the IPTV service. It is practical to solve
the light packet loss through
retransmission. In a word, the
technologies cannot fundamentally
ensure the smooth implementation of the
IPTV service

2 Application Layer FEC
Owing to the abovementioned
disadvantages, these technologies
cannot ensure the video quality of the
IPTV service. But if an end—to—end
reliability solution is adopted in the IP
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network, IPTV service which satisfies
QoS can be provided®. The Application
Layer Forward Error Correction (AL-FEC)
technology provides one simple and
powerful method of solving the packet
loss problem and ensuring the
end-to—end reliability. Compared with
the FEC of link layer and physical layer,
the AL-FEC works transparently in the
application layer over the IP layer. Itis
applied in special end-to—end
application streams such as IPTV. A
typical application invovles the AL—FEC
sending end at the IPTV server
processing all or one selected IPTV
stream. Then, the corresponding
AL-FEC receiving end can process the
data at the terminal equipment. The value
of the AL-FEC is that, when packets in
the IPTV stream are lost, terminal users
can enjoy the video with the same quality
as the original video stream. The
AL-FEC of IPTV includes three types®:
Raptor code, Pro-MPEG CoP3 code,
and combination of FEC and
retransmission.

The basic idea of AL-FEC is the
application of erasure codes. At the
AL-FEC sending end, the IPTV stream is
split into packets of the same size.
Repairing packets for the packet codes
are generated through the erasure coder.
Then, the repairing packets and original
packets are sent to the receiving end. At
the AL-FEC receiving end, the erasure
decoder restores all original IPTV stream
through the repairing packets and
original packets. In an ideal situation, the

receiving end only K packets of the N
coding packets but it can completely
restore all data. The process is shown in
Figure 1.

2.1 Raptor Code

According to the AL-FEC mechanism,
the operation is simple. Major
modification of the original network
protocol is not required. There are many
types of erasure codes. Therefore,
choosing the proper erasure code is the
key factor for the success of AL-FEC The
simplest mode of the erasure code is the
parity check code. The value of the
repairing symbol is obtained through the
exclusive or XOR operation of K source
symbols. Usually, K'can be chosen as
you wish. But N must equal K +1. The
erasure code can restore one lost
symbol. Reed—Solomon (RS) code is
another well-known erasure code, but
owing to the complexity of the decoding
and parameter restriction, the RS code is
not applicable to the AL-FEC in the IPTV
service. The fountain code, as the
creative erasure code, can be used in the
deletion channel of any probability. The
first effective and useful fountain code is
Luby Tansform (LT) code. On this basis,
the expansion LT code forms the Raptor
code. The Raptor code possesses low
receiving overhead and system code. It
is an attractive choice to apply the Raptor
code to the IPTV service. The Digital
Video Broadcasting (DVB) IPTV
application and the 3GPP Multimedia
Broadcasting Multicast Service (MBMS)
select the Raptor code as the AL-FEC
standard®.,

The fountain code coder s like the
overflow of a fountain, generating infinite
number of packets. If we assume the size
of the source file is K, bits and the size of
the output code element is / bit, the
receiving process is like accepting water
with a bucket under the fountain. When
number of the received code elements is
larger than K, the source file can be
restored.

The fountain code is irrelevant to the
code rate. The number of code elements
generated through the code of the
source file is not limited. Infinite number
of code elements can be generated. The
coding mode irrelevant with the code rate
determines the important application
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value. It does not need to predict the
deletion of the channel like traditional
erasure code. As a result, flexibility is
enhanced.

Michael Luby!™ found a digital
fountain code mode with the linear
coding/decoding complexity, which is
called LT code. The cost of LT coding
and decoding is klog.k (k refers to the
file size). The Raptor code is a kind of
fountain code with complexity lower than
LT coding/decoding. Through
pre—coding technology, the complexity
of the LT code distribution probability (for
forming code generation matrix) can be
decreased. As a result, in the case of big
packets, the coding complexity is
irrelevant with & and the decoding
complexity has a linear relation with k. In
other words, owing to the process of
pre—coding, through LT
coding/decoding, only a part of the
indirect packets need to be restored.
Then, traditional erasure code can be
used to restore all packets. Figure 2
shows the process of Raptor coding!"".

Through the AL-FEC (Raptor),
end-to—end reliability of the application

layer is provided!™.

AL-FEC (Raptor) has the following
advantages:

e |tis adopted by DVB-H, 3GPP,
and IETF. This is an indication that the
method has great advantages.

e |t can handle high packet-loss rate
and possesses flexible error correction
capability (different protection
parameters can be set for different file
and different packet loss rates).

® High efficiency. Only a small
amount of repairing data is required to
reconstruct the source file.

® High coding/decoding efficiency.
Software can realize the function and it is
easy to deploy.

® The transmission time is shortened.

® Boundless source block size is
adaptable to various files.

® The coverage range is expanded.
This is particularly applicable to multicast
and broadcast environments.

e Combined with the physical layer
FEC, it has become the most efficient
solution.

® Sophisticated backward/forward
compatibility.

@ ZTE COMMUNICATIONS ‘ March 2010 Vol.8 No.1

7\ DAEMAG\2010-02-25/VOL8\DF1.FIT——5PPS/P4

However, AL-FEC (Raptor) also has
disadvantages:

® |t must be combined with the
physical layer and link layer FEC.

® The cost of the network bandwidth
is about 5% -10%.

e Small file size is not applicable.

2.2 Pro-MPEG CoP3

Pro—-MPEG CoP3["¥ is a simple parity
check code. It can be categorized into
CoP3 1D (coding the line or column) and
CoP3 2D (coding the line and column).
Figure 3 shows the process of the
coding: XOR operation is performed for
one line, or one column of packets or a
coding packet can be generated.

When only the CoP3 1D is used, the
generated packets are on the bottom line
or the line furthest to the right, as in
Figure 3. It can only protect the data
when one packet is lost in a single line or
column. If two consecutive packets are
lost in the original packet sequence (for
example, packet 0 and packet 1 or
packet 0 and packet L), the two lost
packets cannot be restored. When the
CoP3 2D is used, this situation will not
occur.

If the CoP3 2D is used, 20%
redundancy is required. The major
advantage is its simple operation. But it
consumes much bandwidth to achieve a
high transmission success ratio. As a
result, utilization is low.

2.3 Combination of FEC and

Retransmission
When this solution is adopted,most of the
lost data can be restored through the
FEC. Then, the remaining un-restored
data can be obtained through
retransmission. Owing to variability of the
network condition, the key to the solution
is to choose an appropriate FEC
technology.

This technology is used in the IPTV
service implemented through ADSL™,
Most users choose Pro-MPEG CoP3 as
the FEC technology (the coding process
is simple). The advantage is that it
increases the probability of restoring the
lost data and reduces the load of the
retransmission server. Its main
disadvantage, however, is that there is no
quick channel switching scheme. When
the Pro—-MPEG CoP3 is used, protection



against random packet loss is
insufficient.

3 Conclusions

With the development of the IPTV
service, the key to success is the video
quality. The FEC at the coding end,
post—processing error hide at the
decoding end, or the interactive error
control technology at the coding and
decoding ends, can improve the
robustness of video transmission to some
degree. Unfortunately, the
disadvantages determine that it cannot
become the perfect solution for the IPTV
service. In the last few years, the ISO
evaluated AL-FEC and adopted the
technology based on its performance.
When the study into Raptor code is
furthered, the AL-FEC technology can
be transformed from theory to practise.
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Z'TE to Supply Bearer-Network-Solution to Finnet-Group

ZTE Corporation, a leading global
provider of telecommunications
equipment and network solutions,
announced an agreement with Westlink,
part of the Finish telecommunications
group Finnet, to supply a unified
multi—service metro bearer solution on
February 18, 2010.

ZTE’s IPTN bearer network solution
will enable Westlink to offer traditional
voice services and interconnection over
Finnet’s all-IP—networks.

The network will be based on ZTE’s
ZXCTN 6100 PTN solution, which
consolidates Synchronous Digital
Hierarchy (SDH) and Metro Ethernet
transport into a multi—service solution,
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enabling the unified transport of
traditional TDM and Ethernet services,
as well as replacing the existing SDH
network.

ZTE’s solution interfaces with
legacy switching and IP/MPLS core
networks, providing a 1588v2-based
high precision clock transfer and
accommodating the requirements of
fixed voice and mobile services.
Designed to provide centralised
switching and modularity, ZXCTN 6100
offers multiple interfaces for connecting
to different networks, driving down TCO
and allowing a smooth transition to the
|P-based transport network.

Finnet group, a Finish

telecommunications group, operates its
own fixed—-line broadband, cable TV
and voice networks, whilst leasing
bandwidth resources to other maobile
operators and delivering mobile
backhaul services for mobile operators.
Westlink offers voice and VolP services
to Finnet operators.

ZTE has been selected by China
Mobile to build PTN commercial trials in
various cities in China, following its top
ranking in the mobile operator’s
procurement for next generation mobile
transport network. It has also built PTN
networks for a number of countries
including Brazil and Montenegro.

(ZTE Corperation)
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