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ABSTRACT

Present IPTV system fails to establish QoS due to packet loss,
server congestion and limited bandwidth. To overcome these
drawbacks an implementation of IPTV is presented here using
MPLS in 3GPP LTE release 8 networks. This implementation
will provide multicast capability and FEC along with
retransmission to minimize packet loss. Deploying IPTV in
LTE makes LTE capable of transmitting voice, data and
audio/video which will ensure convergence.
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1. INTRODUCTION

Internet Protocol Television (IPTV) provides multimedia
services such as television, video, audio, text, graphics, and
data through IP based networks. It also ensures the required
Quality of Service (QoS), experience, security, interactivity,
and reliability [1]. IPTV offers carrier flexibility and adds
value in the form of additional services that can be offered to
customers, which improves the carrier's profitability and
competitive edge. IPTV provides "triple play" [2] of services:
voice, data, and video.

In the proposed architecture, IPTV has been implemented
using Multi-Protocol Label Switching (MPLS) and Long
Term Evolution (LTE) Release 8 network to obtain higher
QoS guarantee and user connectivity. Moreover,
implementing IPTV in LTE Release 8 network means both
voice and data along with audio and video can be transmitted
over the same connection. For video encoding, Moving
Picture Experts Group 4 (MPEG-4) Part 10 is proposed in this
architecture as it minimizes the bandwidth requirements and
guarantees bandwidth efficiency. Forward Error Correction
(FEC) along with retransmission based retrieval schemes is
proposed to ensure the robustness of the architecture in case
of data loss.

Third Generation Partnership Project (3GPP) defines some
requirements for LTE which includes reduced cost per bit,
increased service provisioning - more services at lower cost
with a better user experience, flexibility of use of existing and
new frequency bands, simplified architecture, and reasonable
terminal power consumption. In terms of actual figures,
targets for LTE included absolute peak rates of download 300
Mb/s (4 layers) and upload 75 Mb/s (1 layer, 64-QAM)
within 20 MHz bandwidth [3], support at least 200 active
users in every 5 MHz cells, and sub-10ms latency for small IP
packets [4].

MPLS defines a mechanism for faster packet forwarding in
network routers. The flexibility of MPLS has led to it
becoming the default way for modern networks to achieve
QoS, next generation VPN services, and optical signaling.
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MPEG-4 is an ISO/IEC standard developed by Moving
Picture Experts Group (MPEG). It is a collection of
compression methods for audio and visual (AV) digital data.
It is a compact solution model which refers to the utility
features of MPEG-1, MPEG-2, and other related standards to
support different types of interactivity.

FEC allows the receiver to detect and correct errors (within
some bound) without the need to ask the sender for additional
data. The advantage of FEC is that it eliminates the need of
back-channel [5].

2. PRESENT IPTV

IPTV maintains a process of preparing and distributing
television signals in which content streams are acquired first
then demodulated and decrypted, if necessary, and finally re-
encoded digitally for transporting with additional compression
and advanced encryption over the IP based network. IPTV
signals, or streams, are distributed on IP based network and
viewed on an IPTV enabled viewing device, usually a set-top
box. Different service providers of IPTV use their own
technology for providing IPTV service to the users. But the
key steps that are involved in the existing satellite based
transmission of IPTV include: acquiring the programming,
encoding the streams, IPTV distribution network,
middleware, IPTV viewing device.

Programming sources are simply the channels that provide
programming for broadcasting. The provider does not create
original programming itself; it pays other companies for the
right to broadcast their content via satellite. The broadcast
center converts all of this programming into a high-quality,
uncompressed digital stream.
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Fig. 1: Present IPTV

In present IPTV network, main server is the broadcast center
that also acts as the central hub of the system (Fig. 1). The
broadcast center receives signals from various programming
sources and beams a broadcast signal to satellites in
geosynchronous orbit. At the broadcast center, the high-
quality digital stream of video goes through an MPEG
encoder, which converts the programming to MPEG-4 video
of the correct size and format for the satellite receiver in a
viewer’s house. Once the signal is compressed and encrypted,
the broadcast center beams it directly to one of its satellites.
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The satellite picks up the signal with an onboard dish and then
amplifies the signal. It uses another dish to beam the signal
back to Earth, where viewers can pick it up [6].

When the signal reaches the viewer's house, it is captured by
the viewer's satellite dish. A satellite dish is just a special
antenna designed to focus on a specific broadcast source. The
viewer's dish picks up the signal from the satellite (or multiple
satellites in the same part of the sky) and passes it on to the
receiver in the viewer's house. The end component in the
entire satellite TV system is the receiver. It processes the
signal and passes it on to a standard TV [6].

Deploying IPTV in satellite based network arises some
problems.

i Interactivity

Satellite network is unable to provide user interactive
services because only receiver is used. Moreover,
using transceiver is very much costly

ii. Signal latency

The signal delay can be as much as 250 milliseconds
to 900 milliseconds (one way), which makes this
service unusable for applications requiring the real-
time user input and can be irritating with interactive
applications, such as VolP, video conferencing, or
other person to person communication.

iii. Weather Effect

Satellite communications are affected by moisture,
rain and snow in the signal path between end users or
ground stations and the satellite being utilized [7].

iv. Line of sight

Typically an absolutely clear line of sight between the
dish and the satellite is required for the system to
work.

Moreover, when servers are not provisioned to support the
maximum number of expected users, then server congestion
can occur. This generally leads to pauses in video playback
as the playout buffer level is too low [8] [9].

3. PROPOSED ARCHITECTURE
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Fig. 2: Proposed Architecture
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Proposed architecture is an implementation of IPTV using the
cellular network (Fig. 2), whereas the present IPTV is mostly
satellite based. As most of the IPTV service providers are
telecom companies, therefore, a solution to provide IPTV
using their existing cellular network will help them to get rid
of setting up a new satellite network just for IPTV. Moreover,
if the service can be provided using a cellular network; vast
array of user interactivities can also be provided.

3GPP LTE network is the backbone of the proposed
architecture. LTE is designed to support peak data rates of
300Mbps in downlink and 75Mbps in uplink within a 20MHz
bandwidth [10]. Improvements in architecture and signaling
reduce round-trip latency [11] [3]. To suit as many frequency
band allocation arrangements as possible, both paired (FDD)
and unpaired (TDD) band operation is supported [12]. 3GPP’s
core network is optimized for packet mode and in particular
for IP-Multimedia Subsystem (IMS) which supports all access
technologies [3]. Multiple Input Multiple Output (MIMO)
antenna technology enables 10 times as many users per cell as
3GPP’s original W-CDMA radio access technology [13].

In case of 3GPP LTE, voice is transmitted in packet switched
network. LTE is an IP based network that provides end-to-end
IP connection from the mobile equipment to the core network.
VolP is used for providing voice support in LTE.

3GPP LTE network can maintain the path to provide basic
services of IPTV as well as the cell phone services to the end
user with mobility.

IPTV concept holds some basic services to viewers. There are
mainly three types of services that IPTV provides:

i TV service that includes broadcasting of live
streaming video, audio and also stored TV program.

ii. Video on demand service, which includes access, to
movies and other video content as per user
requirement.

iii. Subscription based service means user interactive
service in general.
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Fig. 3 Block Diagram
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The block diagram of the proposed architecture has three
types of services which are stored in the designated servers
(Fig. 3). Audio visual elements are stored in MPEG-4 part 10
format. The reason of using MPEG-4 part 10 is that it
provides DVD quality video and uses lower bit rate so that it
is feasible to transmit digitized video streams in the internet
where bandwidth is more critical, and hard to guarantee.
Motion Joint Photographic Experts Group (MJPEG'S)
bandwidth requirement is a little bit more than MPEG-4 while
its resolution and frame rate are much worse. MPEG-2 can
provide DVD-like video, just like MPEG-4. However,
MPEG-2's bandwidth requirement is so high that it is not
possible to use it in an IP network [14] [15].

When a user requests for a TV channel or any video on
demand content then the contents are forwarded to the main
server from their designated servers. MPEG-4 video traffic
must be split into many packets to be transmitted in the MPLS
network (Fig. 5).

In order to adapt with the architecture of MPLS, one packet is
not considered as a unit of transmission, instead one Video
Object Plane (VOP) is considered as a unit of transmission.
Each VOP consists of many MPEG-4 packets (Fig. 4).
Moreover, the packets of one VOP have the same Forwarding
Equivalence Class (FEC) using MPLS. Hence, the packets
belonging to one VOP traverse the same LSP which means
they are transmitted along the same path. Whenever, the
network resource is not enough (unavailability of high
bandwidth) or congestion occurs at the router, then all packets
of one VOP that has low priority is discarded instead of
discarding some packets randomly to reserve bandwidth for
other VOPs of high priority [16].

Video

Object
JL Video
VOP1 | VOP2 | VOP3 | VOP4 | VOP5 | VOP6 | ... >0bJECl
Plan

Packet | Packet | Packet | Packet | Packet | Packet | Packet > Packets

{—————=A Unitof Transmission————=)

Fig. 4: Packetized MPEG-4 video traffic [16]

The packets are then passed to the server for checking
popularity of the program. Popularity checking is necessary
because based on the popularity it is determined whether the
service is going to use FEC or retransmission based recovery
schemes [17].

To determine the popularity of a channel, one method that can
be used is to count the number of recipients of a multicast
stream. Alternatively it can be determined by the number of
retransmission requests over a given period of time. Another
way of determining the popularity is to predict the popularity
on a priority basis, like, determining the popularity of a
weekly TV-show. This pre-computation substantially reduces
the computational overhead. Another scenario may arise that
a channel may be popular in one segment of the network and
not popular in another segment. Then such channels are
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distributed using FEC in popular regions, not in the unpopular
regions. This type of popularity measure is called local
popularity checking methods [17].

Error in popular channel is handled through the use of FEC.
FEC produces a fixed overhead for popular channels, which is
independent of the number of users. This means number of
errors to correct scales with the popularity.

Error in less popular channel is handled by retransmission. As
there are fewer users of less popular channels at a given time
the overhead experienced by retransmission is smaller than
the overhead associated with FEC for the unpopular channels.

The data for TV and video on demand service is sent to
MPLS-Networks [16] [18] after checking popularity where
the interactive subscription services are directly send to the
MPLS-Networks. MPLS works by tagging packets with an
identifier (a label) to distinguish the Label Switched Paths
(LSPs). When a packet is received, the router uses this label
(and sometimes also the link over which it was received) to
identify the LSP. It then looks up the LSP in its own
forwarding table to determine the best link over which to
forward the packet and the label to use on this next hop. A
different label is used for each hop, and it is chosen by the
router or switch performing the forwarding operation. This
allows the use of extremely fast and simple forwarding
engines, as the router can select the label to minimize
processing.

Here, MPLS is used because, in a pure IP network, the
shortest path to a destination is chosen even when it becomes
more congested. Meanwhile, in an IP network with MPLS
Traffic Engineering CSPF routing, constraints such as the
RSVP bandwidth of the traversed links can also be
considered, such that the shortest path with available
bandwidth will be chosen. Moreover, In the event of a
network element failure, MPLS local protection meets the
requirements of real-time applications with recovery times
comparable to those of SONET rings of less than 50ms [19].
Multicast is also possible in MPLS-networks which is very
much necessary for IPTV.

The packets are then sent to the service provider set-top-boxes
over LTE network. LTE has introduced a number of new
technologies which will enable IPTV to operate more
efficiently [3] such as Orthogonal Frequency Division
Multiplex which provides high data bandwidths along with a
high degree of resilience to reflections and interference [3],
Multiple-input and  multiple-output  which  improves
communication performance and increases the throughput
[20], and System Architecture Evolution [21].
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Fig. 5: Flow Diagram

MPLS-capable network elements can address LTE all-IP
routing requirements by delivering Layer 3-based
functionality.

In the receiver side set top boxes if there are errors for the
popular channels then they are fixed with FEC and for non-
popular channels packets are requested from the server. FEC
decoder consists of mainly three components: control channel
decoder, data channel decoder, and hybrid automatic repeat
query (HARQ) combining. To guarantee the reliable data
transmission over wireless channels, 3GPP LTE employ
hybrid ARQ that incorporates forward error correction code
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with the retransmission scheme to ensure reliable
transmission of data packets.

In this proposed architecture user can subscribe for various
services. If customer premises equipment receives any
interaction from the user, it sends the data to the server as
normal datagram packets. After satisfying the requests from
the user the server sends the output to him. This unicast
system ensures user interactivity.

4. OVERCOMING DIFFICULTIES

In LTE full duplex communication is possible, so user
interactive service can be provided. In satellite network signal
latency is around 250 ms, but using LTE we can reduce the
latency below 10 ms [4]. Moisture, rain, and snow cannot
affect the signal strength of cellular network. LTE is a non-
line of sight network. Hence, it overcomes the problem of
obstacle in the signal path.

5. ACHIEVING CONVERGENCE
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Fig. 6 Achieving Convergence

In case of LTE based network, it uses the idea of transmitting
voice and IP data packets along with audio visual elements to
the intended receiver to achieve convergence (Fig. 6). All
types of packets are transmitted through the IP/MPLS
architecture to the Evolved Packet Core (EPC) which is a
converged core networking architecture for transmitting all
types of packets voice, video telephony, SMS, IP video, e-
mail, VPN to their intended receiver.

6. CONCLUSION

Here, it has been shown that IPTV is possible to implement in
the existing mobile network to provide the facility of user
interactivity and convergence. This proposed architecture
describes the functionality and reliability of IPTV with a vast
technology of telecommunication that is 3GPP LTE release 8.
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