An Efficient Transmission Scheme of MPEG2-TS
over RTP for a Hybrid DMB System

Hybrid digital multimedia broadcasting (DMB) is a
next-generation mobile TV system that combines
broadcasting and wireless communication networks and
can provide various high-quality multimedia services.
However, if a system adheres to the current standard of
transmitting the DMB content in the form of MPEG2-TS
through wireless networks, it results in a burden on the
network due to low transmission efficiency. The reasons
for the low transmission efficiency are as follows. First,
due to its constant bitrate characteristicc DMB MPEG2-
TS includes a considerable amount of needless
information, such as NULL packets and stuffing bytes.
Second, due to the inflexibility of the Real-time Transport
Protocol (RTP) standard, one cannot fully utilize the
maximum transmission unit of the network when
converting MPEG2-TS to RTP stream for transmission.
This paper proposes a new transmission scheme that
resolves these problems. Experiment results show that the
proposed scheme improves data bitrate transmission
efficiency by 8% to 36%, compared to the standard
scheme, in the streaming of various real-DMB contents.
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1. Introduction

Terrestrial digital multimedia broadcasting (T-DMB) [1],
referred to as DMB hereafter, is a mobile TV standard leading
the mobile TV market through successful commercialization in
several countries [2]. With the ever-increasing popularity of
mobile personal devices, such as smartphones and tablet PCs,
mobile TV is attracting much interest because it is regarded as
a key service for these devices. In fact, in the Republic of
Korea, most android-based smartphones and tablets support
DMB [2]. These devices have an exclusive chip that can
receive and demodulate the DMB RF signal and decode and
display DMB media encoded in H.264 [3] and bit sliced
arithmetic coding (BSAC) [4].

However, DMB is facing difficulties due to its limited
service coverage and insufficient broadcasting bandwidth.
Generally, DMB transmits signals via the base stations of the
terrestrial broadcasting system and its service coverage is
similar to that of radio and TV. It can receive signals from
vehicles moving at over 100 km/h. However, there are places,
such as subways, tunnels, and the inside of buildings, where the
DMB signal cannot be received easily. While a gap filler,
which is a DMB signal repeater station, can be used to cover
those areas [S], DMB broadcasters are reluctant to use gap
fillers because of the cost, which results in many DMB shadow
areas. DMB uses a 6-MHz channel in the VHF band, and the
channel consists of three ensembles. The effective data rate of
an ensemble is approximately 1.5 Mbps. In the case of the
Republic of Korea, one broadcaster uses one ensemble and
generally provides two TV channels, one radio channel, and
one or two data service channels. While broadcasters want to
expand or improve their services in response to users’
requirements, the limited broadcasting bandwidth prevents
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them from doing so.

Hybrid DMB was introduced to alleviate the aforementioned
limitations of DMB by making use of various mobile wireless
communication networks, such as WiFi, 3G/LTE, and WiBro
(the Korean version of Mobile WiMAX). It can transmit
multimedia content using either or both a broadcasting network
and a wireless network, as needed, to cover DMB shadow
areas or to expand bandwidth. (Note that backward
compatibility is not a problem because hybrid DMB does not
change the existing DMB broadcasting technology.) We can
realize a hybrid DMB system using the existing network
infrastructures and user terminals, as most smartphones and
tablets, except iPhones and iPads, are already equipped with a
DMB-specific module as well as wireless communication
modules. Although most devices currently suitable for hybrid
DMB in the real world are based on the Android OS, hybrid
DMB is not technically dependent on the Android OS and can
be realized in other OSs.

However, the multimedia streaming format or protocol of
DMB is different from those that are widely used in such
general Internet multimedia services as YouTube. For example,
DMB adopts a proprietary multiplexing scheme called
MPEGH4 sync layer on MPEG2-TS (M4onM2), uses BSAC to
encode audio, and includes MPEG4 binary format for scene
data for interactive multimedia services [6]. These are seldom
used or supported in general Internet multimedia systems. As a
result, processing a DMB stream in an Android system using
its own multimedia features is not straightforward. This is why
an exclusive DMB module is included in most DMB-enabled
devices.

For easy integration and synchronization of multimedia
streams from the broadcasting network and the wireless
network, it is necessary to use the same multimedia streaming

format and protocol in both networks. Two options are possible.

One option utilizes the DMB MPEG2-TS format and its
protocol, while the other utilizes an Internet streaming-friendly
format such as those used in YouTube. As it is not possible to
change the format and the protocol used in the DMB network
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due to backward compatibility, we adopt the first option. That
is, we transmit multimedia content in the form of DMB
MPEG2-TS through both the DMB network and the wireless
network, as depicted in Fig. 1. We make use of the Real-time
Transport Protocol (RTP) standard to transport MPEG2-TS
through an Internet Protocol (IP)-based wireless network. It is
easy to process MPEG2-TS in the wireless network, as we can
also make use of the embedded DMB chip in the terminal to
handle it.

However, the above-mentioned approach has transmission
inefficiencies, and some network providers worry about the
overhead that will be incurred when the hybrid DMB service is
launched. We find two reasons for the low transmission
efficiencies. The first reason is the inefficiency of DMB
MPEG2-TS itself, which includes a considerable amount of
needless information, such as NULL packets and stuffing bytes.
The second reason is due to the inflexibility of the RTP
standard [7], [8]: we cannot fully use the maximum
transmission unit (MTU) of the network when converting
MPEG2-TS to an RTP stream, which results in many small
RTP packets that aggravate transmission efficiency. This paper
proposes a new scheme to transport DMB MPEG2-TS over
RTP that is more efficient than the standard one.

II. Background and Related Work
1. DMB MPEG2-TS Multiplexing Architecture

In this subsection, we explain the multiplexing architecture
of DMB MPEG2-TS and look at its inherent inefficiency.
MPEG2-TS is a standard [9] format for the transmission of
multimedia data as well as the control data or metadata,
including program specific information (PSI) and system
information (SI). MPEG2-TS is used in such broadcast
systems as DVB, ATSC, and DMB.

As illustrated in Fig. 2, an access unit of multimedia data is
encapsulated in a packetized elementary stream (PES) packet
that can vary in size. PSI/SI is carried in the form of tables; the
program association table (PAT) and the program map table
(PMT) are examples of those tables. PSI/SI tables also vary in
size. Variable sized PES packets and PSI/SI tables are further
encapsulated in MPEG2-TS packets. An MPEG2-TS packet is
a basic unit in an MPEG2 transport stream and has a fixed
length of 188 B, including a 4-B header. A PES packet or a
PSI/SI table may span multiple MPEG2-TS packets. If the
length of a PES packet or a PSI/SI table is not a multiple of
184 B, the last MPEG2-TS packet is filled with stuffing bytes
(0xff). Of course, these stuffing bytes reduce the efficiency of
MPEG2-TS.

A fixed rate DMB subchannel is allocated to transmit
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Fig. 2. MPEG2-TS multiplexing architecture.

MPEG2-TS through the DMB network. To fill the allocated
rate of the subchannel, we must generate a constant bitrate
MPEG2-TS that strictly fits to the rate.

To realize this, some additional MPEG2-TS packets referred
to as NULL packets are inserted into the stream. The payload
of the NULL packets does not contain any valid data, so the
receiver can safely ignore them. As will be shown in subsection
1.3, the number of NULL packets and stuffing bytes is far
from negligible. According to our experiment on various real
DMB streams, it comprises 4% to 29% of the source data rate.
If we remove NULL packets and stuffing bytes from the
transmission, we can significantly improve transmission
efficiency by a corresponding percentage.

2. Encapsulation of MPEG2-TS in RTP

RTP defines a standardized packet format for delivering
audio and video over IP networks. RTP is used extensively in
various real-time Internet multimedia systems, including Voice
over IP (VoIP). One of the key design principles of RTP is its
support for various multimedia formats, such as H.264 video,
MPEG-4 clementary stream, and MPEG2-TS, without
changes to the RTP standard. To achieve this end, the concept
known as application level framing is adopted. That is, the
information required for a specific media format’s needs is not
included in the generic RTP header but is provided through
media-specific RTP profiles and payload formats. The profile
and payload format for a specific media format is usually
defined in a separate specification [10]. For example, the
profile and payload format for MPEG2-TS is defined in
RFC-2250, and the generic RTP header is defined in RFC-
3350.

RFC-2250 specifies that the RTP payload of MPEG2-TS has
no specific payload header and contains an integral number of
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MPEG2-TS packets. While it is simple and easy to implement,
the payload format is not flexible in size, which may result in
transmission inefficiency. We will show some examples as to
why inflexibility in size may result in transmission inefficiency.

Figure 3 depicts the RTP encapsulation structure of MPEG2-
TS for an MTU of 1,500 B. MTU is the largest packet size that
can be sent in a network. In fact, 1,500 B is the MTU size for
Ethemet, but it is called Internet MTU because most Internet
hosts use this size to generate IP datagrams to avoid
fragmentation. Generally, a larger packet results in greater
efficiency [11], [12] because each packet carries more user data
and the header overhead remains fixed. Thus, it would be better
to make RTP packets as large as MTU. However, as shown in
Fig. 3, an RTP packet can contain as much as seven MPEG2-
TS packets for the MTU, as it must have an integral number of
MPEG2-TS packets, which is 144 B smaller than the MTU.
The header overhead of an RTP packet is 40 B, which
comprises 20 B of IP header, 8 B of UDP header, and 12 B of
generic RTP header. If we can enlarge the RTP payload to the
limit of the MTU, we can reduce the header overhead to the
user payload size ratio, from 3.04% to 2.74% in this case.

One may argue that the header overhead is not substantial,
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but, even so, there are better solutions (such as Robust Header
Compression [ROHC], which will be addressed later in this
subsection). Note that header overhead is not the only thing
that constitutes protocol overheads. Consider a scenario in
which a packet is being sent through an IEEE 802.11 WLAN,
as shown in Fig. 4. In addition to header overhead, each packet
suffers from variable MAC overhead that results from the
collision avoidance algorithm of IEEE 802.11 [13]. The MAC
overhead is independent of packet length and usually increases
as the network load increases. The MAC overhead is far from
negligible and previous studies have shown that we can
achieve better performance by using a larger packet in IEEE
802.11 [11]. We can also find similar studies for other networks,
such as 3G [12].

However, it is obvious that a larger packet is not always
better than a smaller one. For example, a larger packet is
generally more vulnerable to error in error-prone wireless
access networks. Some studies investigated the optimal packet
size for a wireless network considering both protocol overhead
and error [14]. Here, we want to stress that the main problem of
the current standard that we want to address in this paper is not
size itself but rather inflexibility in size. We do not urge that an
RTP packet should always be as large as the MTU. If a certain
packet size is beneficial, we want to make RTP packets of that
size, but it is hard to do in the current standard because of its
inflexibility in size. In section III, we propose a new RTP
payload format for MPEG2-TS that is more flexible in payload
size without changing the generic RTP header.

ROHC is a standard used in the compression of the IP, UDP,
and RTP headers of Internet packets to reduce their
transmission overheads. ROHC is very useful for VoIP
applications. The normal payload size of VoIP is only 20 B to
30 B. Therefore, a header overhead of 40 B to carry those small
payloads is too expensive, especially in bandwidth-scarce
wireless networks. ROHC can compress the header overhead
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to only 1 B or 3 B. Though the gain is not as great as for VoIP,
it would also be beneficial for a hybrid DMB system to adopt
ROHC if the underlying networks support it. That is, in the
case of Fig. 3, we can reduce the header overhead from 3% to
nearly 0% with ROHC. Note that we can still take advantage
of ROHC with our proposal, as it does not change the generic
RTP header.

Some Internet-based streaming systems make use of UDP
directly to transmit MPEG2-TS packets instead of using RTP.
IPTV over ADSL is representative of this approach. As it can
eliminate RTP header overhead by 12 B, it may be favorable in
terms of transmission efficiency. That is, in the case of Fig. 3,
we can reduce the header overhead from 3% to 2.1% with the
direct UDP approach. However, this approach still suffers from
a similar inflexibility problem to the one we pointed out for
RTP. This is because it is also restricted to including only an
integral number of MPEG2-TS packets. Moreover, it only
makes sense in situations in which the information included in
the RTP header is of little use. The main components of a
generic RTP header are sequence number and timestamp. The
RTP sequence number is typically used to manage packet loss
or reordering. While they seldom or never occur in wired
networks like ADSL, we cannot rule out those problems in
wireless networks. Moreover, it has obvious advantages in the
implementation aspect, as it can use the existing RTP library
and the FEC relevant feature for error-handling instead of
implementing its own program. The timestamp is a little tricky,
as there is a similar field in MPEG2-TS itself. However, we are
currently developing a scheme that makes use of the RTP
timestamp for the synchronization of different media streams in
hybrid DMB. Therefore, though it is not essential to use RTP in
a hybrid DMB system, we think we can still take advantage of
RTP even though we must improve it by resolving its
inflexibility problem.

3. Data Rate Analysis of Real DMB MPEG2-TS Streams

In this subsection, we examine the results of data rate
analysis for real DMB streams. Six live DMB MPEG2-TS
streams are captured from the DMB TV channels of three
different Korean DMB broadcasters: KBS, KNN, and MBC.
For each broadcaster, we capture two streams comprising
different program categories: news and drama. Each stream is
captured for about one hour.

We first measure the bitrate of the MPEG2-TS source and
the average bitrate of the void data, including the NULL
packets and the stuffing bytes in the source. We then
encapsulate the MPEG2-TS source into RTP following the
standard and measure the rate of the RTP stream. The results
are shown in Table 1.
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Table 1. Average bitrate of MPEG2-TS, void, and standard RTP.

Void
Broadcastin; MPEG2-TS
Cion | (opey | e TNULD) T
Si on S
P (Kbps) (%)
Drama 400 45 11.25 425
KBS
News 400 70 17.5 425
Drama 475 21 442 500
KNN
News 475 21 442 500
Drama 460 136 295 485
MBC
News 460 52 113 485

The bitrates of the source streams are different for different
broadcasters. However, all the source streams from the same
broadcaster have the same bitrate because a fixed rate is
allocated to its channel. For example, both the news and drama
streams for KBS have the same bitrate of 400 kbps.

The average bitrates of the void data are very diverse for
different streams. They range from 4% to 29% of the source
bitrates. Thus, it is clear that the void data consumes
considerable amounts of bandwidth for no practical purpose.

The bitrate of an RTP stream is about 5% larger than that of
its MPEG2-TS source. Because of the fixed encapsulation
structure of the standard, RTP streams from different MPEG2-
TS source streams have the same bitrate only if the bitrates of
the source streams are the same.

4. Related Work

For the past two decades, there has been a considerable effort
to integrate broadcasting and communications based on
Internet  technologies. For  example, = Multiprotocol
Encapsulation (MPE) [15] and Ultra Lightweight
Encapsulation (ULE) [16] were developed for the transport of
IP datagrams over MPEG2-TS. MPE and ULE are used in
several systems, including DVB-H, a major mobile TV
standard used in Europe.

Hybrid DMB uses “MPEG2-TS over IP” to transmit its
multimedia content through wireless networks, whereas
DVB-H uses “IP over MPEG2-TS” to carry its multimedia
content over broadcasting networks. IP over MPEG2-TS also
has similar efficiency problems in encapsulation to that of
MPEG2-TS over IP (as explained earlier). For example, as
MPEG2-TS over IP needs stuffing bytes in the encapsulation
of a PES packet into DMB MPEG2-TS, MPE and ULE
require “padding” bytes in the encapsulation of an IP datagram,
as illustrated in Fig. 5. To improve efficiency, MPE and ULE
adopt a scheme called “packing,” in which an MPEG2-TS
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packet may have fragments of different IP datagrams to
eliminate padding space.

In addition to the MPE and ULE standards, there have been
studies [17]-[20] dedicated to improving the
transmission efficiency of IP over MPEG2-TS. However,
serious research papers on the transmission efficiency of
MPEG2-TS over IP are rare [21], [22], although a standard has
been established for MPEG2-TS transmission over RTP.

We conjecture that the reason for this is the absence of need.
While IP over MPEG2-TS is used in several systems,
including DVB-H, MPEG2-TS over IP was used almost
exclusively in IPTV until recently. However, IPTV uses wired
links that are less sensitive to bandwidth limitations than
wireless links. Moreover, the significant RTP transmission
overhead in IPTV is overlooked because there are more urgent
issues, such as video encoding. In fact, we find that studies on
IPTV efficiency usually focus on improving encoding
efficiency by utilizing the latest encoding technologies, such as
H.264, instead of the MPEG2 used in the terrestrial digital
video broadcasting systems. After reviewing many previous
studies, we have come to believe that this paper is one of the
first studies to deal with the transmission efficiency of
MPEG2-TS over IP.

several

II. Proposed Transmission Scheme of MPEG2-TS

Figure 6 shows the multiplexing structure of the RTP
payload proposed in this paper. There are two options for the
proposed multiplexing structure: Remove needless information
(RNI) removes the stuffing bytes and NULL packet before
transmitting the RTP packets; Remove needless information +
packing (RNI+) applies the packing to the RNI option and
transmits the RTP packets.

To remove the stuffing bytes and NULL packets, knowledge
of the packet structure of MPEG2-TS is essential. An MPEG2-
TS packet is composed of two classes: one is the PSI/SI section
that contains program information, and the other is the data
packet containing such data as video and audio.

Figure 7 shows the field structure that can get the length of

Hyung-Yoon Seo etal. 659



Standard |

A A
MPEG2-TS {;' i
\¥

RNI remove
stuffing, NUL

RNI+
RNI + packing %_‘l | |

En
%

i

packing
[ Data space E@Bitmap header
Mstuffing + NULL [;EData length
See Fig. 8

Fig. 6. RTP payload multiplexing structure.

. PAT, PMT, 14496 section
PSI/SI sections L =

Adaption
TS header |] | field

Stuffing bytes
(0xff)

Payload

4 bytes
12 bits

section_length

I—
16 bits

PES packet length

payload_unit_start_indicator

Data packet
[ TS header

Stuffing bytes

1 Payload

(0xff)

Adaption PES
field {  prefix

payload_unit_start_indicator

Fig. 7. Field structure for obtaining information on length of TS
data from TS packet.

the data from an MPEG2-TS packet. If the
payload unit_start indicator of the TS header is set to 1, this
indicates the start of the PSI/SI section and data packet, and the
length information given by section length has the length
information of the PSI/SI section, while PES packet length
has the length information of data packets [9]. With this length
information, we can see the length of the last MPEG2-TS
packet and can remove stuffing bytes. NULL packets can be
removed easily because the packet ID (PID) of each NULL
packet is reserved.

If an RTP packet is transmitted by the proposed multiplexing
method, the receiver should recognize and process the
multiplexing structure. Figure 8 depicts the proposed
multiplexing structure and the relationship between the bitmap
header and the MPEG2-TS packets.

The bitmap header contains information about the structure
of an RTP packet. The structure information contained in the
bitmap header comprises such information as from where the
NULL packet has been removed, whether the MPEG2-TS
packet is 188 B or not, and the location where packing has
been applied to the MPEG2-TS packet. As a result, the
proposed transmission scheme is more flexible than the
standard scheme. The receiver can restore the original
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MPEG2-TS packet by using information from the bitmap
header. The bitmap header is at the beginning of the RTP
packet payload and consists of 24 bits.

The bit sequence of the bitmap header corresponds to that of
the MPEG2-TS packet sequence. The first two bits having
value “00” in the bitmap header shown in Fig. 8 means that the
corresponding first MPEG2-TS packet is 188 B. A value of
“01” in the bitmap header means that the corresponding
MPEG2-TS packet is smaller than 188 B. If an MPEG2-TS
packet is smaller than 188 B, information on the actual length
of the MPEG2-TS packet should be given to the receiver. Thus,
there is a 1-B length field that signifies the length of the
MPEG2-TS packet before the sync byte of the corresponding
MPEG2-TS packet. A value of “10” means that the
corresponding MPEG2-TS packet is fragmented by packing.
Packing occurs at the last MPEG2-TS of an RTP packet, and it
is combined with the first part of the MPEG2-TS packet of the
next RTP packet. Therefore, there is a length field for the
corresponding MPEG2-TS packet that informs the receiver of
the length of the packed MPEG2-TS packet to facilitate
restoration of the overall MEPG2-T'S packet. Thus, the receiver
can restore the MPEG2-TS packets by combining the bitmap
header “packing information” with the length information. A
value of “11”” means that the corresponding MPEG2-T'S packet
has been removed because that packet was a NULL packet.

Figure 9 shows the flow of the initializing program after
getting the DMB MPEG2-TS and making a compressed
MPEG2-TS/RTP packet, and the process of decompression
and restoration of the original MPEG2-TS packet from a
received MPEG2-TS/RTP packet.

The process of “initialization of program information” to
receive an MPEG2-TS packet distinguishes the NULL packet,
PSI/SI, data, and so on by PID. Each of the programs listed in
the PAT has an associated value of the PID for its PMT. Thus,
all the received packets are dropped until the first PAT is
received. The PMT PID that distinguishes each program’s
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information is saved when the PAT is received, and each
program PID in the PMT is saved when the PMT is received.
This process is called the “registration program specific
information” process. Next, as each piece of data is received,
the data processes the flow of the compressed MPEG2-
TS/RTP packet. The following is the process by which a
compressed MPEG2-TS/RTP packet is made. The process
receives an MPEG2-TS packet and gets the length of the TS
data (TS Data Len) without the stuffing bytes. After that, the
process checks the space available for the TS data to be
inserted into the RTP payload. If there is available space and
the TS data needs packing, the TS data is fragmented and is
buffered by the rest of the TS data after fragmentation (packing
process: RNI+).

Because the rest of the TS data after fragmentation is inserted
at the first part of the payload of the next RTP packet, the value
of the bitmap header that corresponds with the TS data is set to
“10,” and TS Data Len (the size of the fragmented TS data)
and the fragmented TS data are successively inserted into the
payload of the RTP packet. The buffered TS data is inserted
into the first part of the payload of the next RTP packet
(packing process: RNI+). If there is available space and the TS
data does not need packing, the process differs depending on
TS Data Len. Ifthe value of TS Data Len is 188 B, the value
of the bitmap header that corresponds with the TS data is set to
“00,” and then inserted into the RTP packet payload. If
TS Data Len is smaller than 188 B, the corresponding bitmap
header is set to “01.” TS Data Len is also inserted into the
RTP packet so that the receiver can recognize the length of the
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TS data, and the TS data is then inserted into the RTP packet.
The process is repeated until the RTP payload maximum is
reached. Finally, the RTP header is set, and the RTP packet is
transmitted.

The following is the process of decompression and
restoration that restores the original MPEG2-TS packet. The
receiver checks the bitmap header when it receives an RTP
packet. If the value of the N-th bitmap header is “00,” the
receiver can find the length of the TS data, which is 188 B. If
the value of the N-th bitmap header is “01,” there is TS data
that is smaller than 188 B. In this case, the length of the TS data
can be obtained from TS Data Len (1-B field), which has
information on the length of the TS data. If the value of the
N-th bitmap header is “10,” the corresponding TS data is
packed. If the value of the N-th bitmap header is “10” and is the
value for the last bits, the receiver finds out the length
information from TS Data Len and keeps that information.
Finally, if the value of the N-th bitmap header is “10” and is the
value for the first bits, the receiver gets TS data from the length
information of the previous RTP packet and then restores the
MEPG2-TS packet. Based on the length information, the TS
data is obtained and the original MPEG2-TS packet is restored
by adding stuffing bytes to it. The receiver recovers the original
MPEG2-TS packet by repeating the above process until it
reaches the maximum length of the received RTP packet
payload.

The proposed RTP transmission scheme in this paper is more
complex than the standard RTP transmission scheme due to
reformatting. Thus, it is necessary to compare the
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Algorithm commented pseudocode of sender
(comments begin with %)

INPUT: M2TS % receive a MPEG2-TS packet

Si: M2TS_len = Get M2TS len
%The length information of a MPEG2-TS packet can get by Fig 7.

Uy if (Max_len > RTP_len+M2TS_len) {
%A RTP packet cannot exceed the length of MTU(1500bytes).
S,:  if(needs packing){

S5 B_M=10
S,: M2TS =F_M2TS

% BitMap Header Set to ‘10’

% fragmentation M2TS and buffering the
rest of M2TS

or

M2TS = buffered F_M2TS % buffered M2TS are inserted

into RTP

Ss: M2TS_len =1len % the size of fragmented M2TS

} else {

Se: if(M2TS_len < 188) { % if a MPEG2-TS packet length smaller

than 188 bytes.
S B_M=01 % BitMap Header Set to ‘01°
Sg: RTP=M2TS_len % insert MPEG2-TS length to RTP packet

}

}
U,: RTP=M2TS % Removes its stuffing byte from MPEG2-TS and

insert to RTP packet

}
OUTPUT: RTP=[BitMap, M2TS,, M2TS,, ... M2TS, ]

Fig. 10. Pseudocode for making standard RTP packet and
proposed RTP packet after receiving MPEG2-TS
packet.

computational complexity and algorithms of the proposed
transmission scheme with the standard transmission scheme.

Figure 10 shows the pseudocode for converting the received
MPEG2-TS packets to standard RTP packets and the proposed
RTP packets. In the making of the RTP packets, “U” is a
process that is common to both the standard RTP packets and
the proposed RTP packets. ““S™ is the process of making the
proposed RTP packets. Thus, the proposed transmission
scheme should process S; through Sg, which are not needed in
the standard transmission scheme.

S, is the part that gets the length information of an MPEG2-
TS packet, which can be obtained as shown in Fig. 7. S,
through S;s are packing processes when TS data needs packing.
S¢ checks whether the length of an MPEG2-TS packet is
smaller than 188 B. S; sets the corresponding bit value of the
bitmap header. Sg inserts information about the length of
MPEG2-TS packets that are smaller than 188 B into an RTP
packet.

Figure 11 shows the pseudocode that restores the received
standard RTP packets and proposed RTP packets to the original
MPEG2-TS packet format. “R” is the process of restoring the
proposed RTP packets in this paper to the original MPEG2-TS
packet format. Thus, the proposed transmission scheme should

662 Hyung-Yoon Seo et al.

Algorithm commented pseudocode of receiver
(comments begin with %)

INPUT: RTP

% receive a RTP packet

R,: if(BitMap==01} {
Ry: M2TS len=Get M2TS len

% The data smaller than 188bytes.
% Get the length information of a
MPEG2-TS packet

R;: } else if(BitMap == 10){ % packing

R4 prev_M2TS len = Get M2TS len % Get the length information of
current MPEG2-TS packet

Rs: cur M2TS len = Get M2TS len % Get the length information of

previous MPEG2-TS packet
Rg: M2TS len =prev._M2TS len + cur M2TS len

% Get the total length information from Rs and R.

R;: STUFF len=188-M2TS len
% Get the length information of stuffing byte.
% Recover a original MPEG2-TS packet

U;: Get M2TS

6UTPUT: Original MPEG2-TS packets

Fig. 11. Pseudocode for restoring received standard RTP packet
and proposed RTP packet to original MPEG2-TS packet
format.

process R; through R, which are not needed in the standard
transmission scheme.

R, and Rj are the processes that check the bit value of the
bitmap header. R; checks if the MPEG2-TS packet is smaller
than 188 B, while process R, gets the length of the
corresponding MPEG2-TS packet. R; means that the MPEG2-
TS packet is packed. R, through Rg seek to find out the length
of the packed MPEG2-TS packet. R; is the process that finds
out the length of the stuffing byte needed to restore original
MPEG2-TS packets that are less than or equal to 188 B.

The pseudocode does not include the bitmap headers “00”
and “11.” Because they are very simple processes that insert an
RTP packet or restore the original MPEG2-TS packet from a
received RTP packet. Thus, they are not represented in the
pseudocode.

The S; through Sg and R, through R; processes are such
simple processes as parse, save, conditional statement,
fragmentation, and copy. Thus, the computation complexity of
the proposed transmission scheme in this paper is more than
that of the standard transmission scheme, but it has a fixed
value, which can be represented as O(1). So, the delay or
complexity of the RNI and RNI+ is negligible and does not
affect the system performance.

IV. Performance Evaluation

In this section, we present the results of experiments
conducted to compare the performance of the RTP standard
scheme with that of the proposed RTP scheme. Figure 12
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Fig. 15. Number of standard RTP packets vs. number of proposed
RTP packets.

Table 2. Average packet length of standard RTP, RNI RTP, and

i RNI+ RTP.
I
: . . RN+
Broadcasting station Standard RNI .
(RNI + packing)
I Drama 1328 1327.7 1437.8
KBS
lllllllllllllll News 1328 13310 14378
, , ‘ Drama 1328 1331.1 14376
Fig. 13. Screenshots of programs used in our experiment. KNN
News 1328 1331.0 1437.6
Drama 1328 1330.1 14379
. MBC
Sompa e News 1328 13302 1437.8
520 T T —— Standard
—— RNI
500 4% 9% —+— RNI+
480 E
460 |- 10.7%
& wor L. RTP streaming from the sender and compares the standard
4207 1% . . .
f:g 400 112.9%  16.9% RTP streaming with the RNI and RNI+ RTP streaming.
g 380 The RTP bitrate and the number of RTP packets of the
360 &= standard RTP scheme that affects the transmission performance
340 .
300 are also compared with that of the RNI and RNI+ RTP
300 : : : : schemes.
KBS drama KBS news KNN drama KNNnews MBC drama MBC news

Fig. 14. Standard RTP bitrate vs. proposed RTP bitrate.

shows the logical structure of the experimental system used,
while Fig. 13 shows actual screenshots of the programs used in
our experiments. The experimental system receives the
MPEG2-TS stream in real time and converts it to standard RTP
streaming and the RNI and RNI+ RTP streaming, respectively,
and they are then transmitted to the receiver.

The payload of a standard RTP packet consists of seven
MPEG2-TS packets. The RNI RTP packet payload is made by
parsing the MPEG2-TS packet and removing the stuffing bytes
and NULL packets. The RNI+ RTP packet payload is made by
applying packing to the RNI RTP packet payload. The receiver
receives the standard RTP streaming and the RNI and RNI+

ETRI Journal, Volume 35, Number 4, August 2013

The RNI transmission scheme described in this paper transmits
the RTP stream after removing the stuffing bytes and NULL
packets included in MPEG2-TS. This means that the RNI
transmission scheme reduces both the amount of data
transmitted and the transmission overhead.

The result varies a little according to the component and the
character of DMB contents. As shown in Fig. 14, the RNI
scheme has a 4% to 29% higher bitrate efficiency than the
standard scheme. Further, as shown in Fig. 15, the RNI scheme
has 4% to 31% higher efficiency in the number of RTP packets
than the standard scheme. This result is almost the same as that
of the bitrate efficiency shown in Fig. 14 because the average
length of a packet is similar to the length of the standard RTP,
as shown in Table 2.

As a result, the RNI scheme is more efficient than the
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standard scheme in that it reduces the amount of data
transmitted; however, the RNI scheme is still inflexible in
terms of size. Therefore, we propose an RTP packet payload
scheme, RNI+, which applies packing to the RNI scheme. The
RNI+ scheme of the RTP packet payload works to reduce the
transmission overhead by reducing the number of RTP packets.
The reason for reducing the number of packets by using the
flexible MTU is that if the same number of packets are
transmitted, the longer the length of the packets, the better the
throughput is in 802.11[11] and 3G [12].

As shown in Fig. 14, the efficiency of the RNI+ scheme is
about 3% to 6% higher than that of the RNI scheme in terms of
bitrate, but, as shown in Fig. 15, the efficiency of the RNI+
scheme is about 7% better than that of the RNI scheme in
terms of the number of RTP packets. The efficiency of the
bitrate of the RNI+ scheme is lower than that of the number of
RTP packets. The reason the bitrate of the RNI+ scheme has a
lower efficiency than the number of RTP packets is because
packing causes the average packet length to get longer.
However, the RNI+ scheme is more efficient than the standard
scheme because it reduces the number of RTP packets
transmitted per second by packing. As a result, the efficiency of
the RNI+ scheme is about 8% to 36% higher than that of the
standard scheme in terms of RTP bitrate, as shown in Fig. 14,
and is about 11% to 38% higher than the standard scheme in
terms of the number of RTP packets, as shown in Fig. 15.

V. Conclusion and Future Work

In this study, we examined the problems associated with
DMB, which are limited service coverage and insufficient
broadcasting bandwidth, and we posited solving these
problems through the use of hybrid DMB. In addition, we
investigated transmission inefficiency and proposed a
transmission scheme to reduce the inefficiency. The
transmission efficiency of real services that provide real-time
DMB contents streaming was also analyzed.

We plan to study transmission and networks in further detail
in the future. We will investigate transmission methods that can
improve the efficiency of periodically transmitted data, such as
PAT and PMT. In addition, we will examine the relationship
between the packet size and the transmission error rate,
according to the characteristics of various wireless networks,
such as 3G, LTE, and WiBro in DMB receivers.
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