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Abstract— The development of new technologies allowed
television systems to evolve over time. For the transport layer,
the Movie Pictures Expert Group (MPEG) developed several
standards to deliver multimedia content, including the MPEG-2
Transport Stream (TS), which has been widely explored for
years. However, it was developed before the spread of the
internet, which led to the interest in a new standard that could
fulfill the needs from a connected world. One of these standards
is the MPEG Multimedia Transport (MMT), which has
inherited some features from the MPEG-2 TS, adapting them to
be compatible with the Internet Protocol (IP). The broadband
systems also needed a new standard compatible with Hypertext
Transfer Protocol (HTTP), resulting in the development of the
MPEG-Dynamic Adaptive Streaming over HTTP (DASH). To
deliver DASH on broadcast channels, it was combined with the
Real-time Object delivery over Unidirectional Transport
(ROUTE) protocol. The Advanced Television Systems
Committee 3.0 (ATSC 3.0) adopted many technologies to attend
the requirements for the next generation of television systems,
including both MMT and ROUTE/DASH. This paper presents
a historic background of these delivery methods, as well as a
brief technical review, focusing on a practical setup to test the
methods mentioned, analyzing the differences and similarities of
their properties.

Index Terms—MMT, ROUTE/DASH, ATSC 3.0, Transport
protocols.

1. INTRODUCTION

EW television systems have been developed to be

compatible with new technologies, either for better user
experience or better broadcasting conditions. From black and
white to color systems, from analog to digital, allowing better
video and audio quality, error detection and correction
methods, power and spectrum efficiency and different
antenna configurations.

For the next television generation, some of the expected
improvements are the transmission in Ultra High Definition
(UHD), immersive audio, internet compatibility, hybrid
services, personalized content and interactivity. For that,
improvements on the transport layer were needed.

This work was supported in part by the National Counsel of
Technological and Scientific Development (CNPq) and Grupo Globo.

The Moving Pictures Expert Group (MPEG), has
developed several standards for multimedia content delivery,
such as the MPEG-2 Transport Stream (TS), which was
adopted in many broadcast systems, including the Advanced
Television Systems Committee 1.0 (ATSC 1.0), the Digital
Video Broadcasting (DVB), and the Integrated Services
Digital Broadcasting - Terrestrial (ISDB-T/Tb), some of
which are still in operation [1]. Even though MPEG-2 TS has
several characteristics that made it appropriate for
broadcasting, the popularization of the Internet presented
complications for this standard, with the interest in new
technologies such as streaming services, Internet Protocol
Television (IPTV) and hybrid systems. Thus, it was observed
the need to carry out new studies that could result in the
proposal of new transport protocols [2].

So, in 2009, MPEG hosted workshops to identify the
requirements introduced by the new technologies and change
of service environments. One of the major observations was
that some features from MPEG-2 TS are still convenient for
the next generation of television systems and therefore should
be maintained or upgraded. However, other features should
be simplified and adapted to consider the use of Internet
Protocol (IP) as its delivery protocol, also requiring
compatibility with Hypertext Markup Language 5 (HTMLYS).
This led to the development of MPEG Multimedia Transport
(MMT), which was published in 2014 as part 1 of ISO/IEC
23008 [3], [4]. MMT was adopted by the ATSC 3.0 [5] and
the Integrated Services Digital Services for Satellite, 3rd
generation (ISDB-S3) [6].

In the same year, MPEG noticed a market demand for a
new standard for streaming services, that is, for broadband
use. The reason for that was that the Real-time Transport
Protocol (RTP) started to face difficulties, because it was not
supported by many Content Delivery Networks (CDN),
which replaced managed IP networks. Other issues were
being blocked by firewalls and not being friendly for large-
scale usage, since it required an individual session for each
client. Hypertext Transfer Protocol (HTTP) solves these
situations [7].

This led to a Call for Proposals from MPEG for a streaming
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standard based on HTTP, which resulted as the MPEG-
Dynamic Adaptive Streaming over HTTP (DASH) standard.
It was published as ISO/IEC 23009 in 2012 and became very
popular, being used on YouTube and Netflix, for example [8].

However, HTTP is not appropriate for broadcast delivery,
so a new transport method was elaborated to deliver DASH
on broadcast channels, which is called Real-time Object
delivery over Unidirectional Transport (ROUTE), a work in
progress by the Internet Engineering Task Force (IETF).
ROUTE has improved certain features from File Delivery
over Unidirectional Transport (FLUTE), such as more
flexibility to deliver multiple streams at the same time,
making ROUTE/DASH a logical extension from
FLUTE/DASH [9].

The ATSC 3.0 meets the requirements for the next
generation of television systems by combining modern
technologies for all its layers. For the transport layer, it
adopted both MMT and ROUTE/DASH, making it possible
to compare these standards using the same setup, considering
the usage rules for this standard.

For this paper, a complete setup for the ATSC 3.0 allowed
the analysis of the standards mentioned above. With this
practical approach, it was possible to observe the
characteristics of each standard on a transport analyzer,
considering the usage rules for the ATSC 3.0.

This paper is organized in six sections. Sections II, III and
IV give a brief overview on the ATSC 3.0, MMT and
ROUTE/DASH, respectively. Section V explains the setup
used and contains the analysis made. Section VI presents the
conclusion of this work.

II. ATSC3.0

The ATSC 3.0 has been developed to meet the
requirements for the next generation of broadcast systems. It
has been designed in a layered architecture, making flexibility
and extensibility easier. The three layers that define the
system are the Physical layer, the Management and Protocols
layer, and the Application and Presentation layer [10].

The physical layer has been built with some the latest
technologies available at the moment, such as Low-Density
Parity Check (LDPC) codes, modulation with non-uniform
constellations (NUCs), Layered Division Multiplexing
(LDM), Multiple-Input Single-Output (MISO) and Multiple-
Input Multiple-Output (MIMO) frame types and channel
bonding. The broadcaster can set different configurations that
can suit for several scenarios, aiming for more robustness or
higher bitrates [8].

The Management and Protocols layer groups two system
layers, becoming the transport layer of ATSC 3.0, which is
based on IP and is responsible for the delivery of services and
content over broadcast, broadband and hybrid networks.
Signalling, media synchronization and application-layer
forward error correction (AL-FEC) are also included in this
layer. The methods specified for service delivery are the
MMT and the MPEG-DASH. MMT delivers Media
Processing Units (MPUs) using the MMT protocol (MMTP),
while MPEG-DASH delivers DASH Segments using the
ROUTE protocol. ROUTE is also used to deliver content that
does not require real-time rendering. Both MMTP and/or
ROUTE can be used for signalling delivery, and the Service
List Table (SLT) provides the Bootstrap Signalling

information. DASH is also used on the broadband side for the
delivery of hybrid services. Figure 1 shows a conceptual
model for the system.
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Fig. 1. Conceptual protocol stack for ATSC 3.0 (ATSC A/331:2020).

ROUTE and MMPT usage shall follow the rules:

e ROUTE and MMTP sessions shall not be used
simultaneously for a broadcast delivery of a Linear
Service without an app-based feature.

e At least one ROUTE session shall be used for a
broadcast delivery of a Linear Service with an app-
based feature (additional ROUTE and MMTP
sessions are allowed, except for streaming media
components in the same service).

e Only ROUTE sessions shall be used for a broadcast
delivery of an app-based service, an Electronic
Service Guide (ESG) Service, an Emergency Alert
(EA) Service, or a Digital Rights Management
(DRM) Data Service [9].

These rules consider the following terms: Linear Service,
App-Based Feature and App-Based Service.

A Linear Service is a service that consists of at least one
continuous video component associated with at least one
continuous audio component which is then associated with at
least one closed caption component and may contain app-
based features.

An App-Based Feature is an application that can be
directed to take individual actions on specific times using
optional files and notifications.

An App-Based Service is a service that consists completely
of app-based features, providing interface with the service for
the user.

The application and presentation layer consists of the
technologies for Audio/Video (A/V) coding, interactivity,
accessibility, captions, subtitles, and other services [12].

. MMT

As stated before, the development of MMT started because
MPEG-2 TS faced complications for personalized content
and hybrid systems. However, it has inherited some features
from MPEG-2 TS. One of its main characteristics is the
ability to multiplex multiple streams in a single stream,
interleaving data packets to allow a synchronized playback.

The MMT standard [13] defines the tools to encapsulate,
organize, signal and deliver media and data. Its architecture
is composed of three functional areas: the MPU format,
delivery and signalling, as shown by Figure 2. Depending on
the needs of a particular multimedia service, only part of these
tools can be used.
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Fig. 2. MMT architecture (ISO/IEC 23008-1).

[:] Out of scope of ISO/IEC 23008-1

The MPU functional area consists of the logical
arrangement of media, Package and the format of data units,
using the ISO-based media file format (ISOBMFF). The
Package provides the information about the compression on
the media content and the format of data units that
encapsulates the encoded media. In more detail, a Package is
composed of at least one Asset and one Presentation
Information (PI).

An Asset contains one or more MPUs with the same Asset
identification (ID), that carries timed or non-timed media
content, which can be an audio, a video or a web page, for
example. Each Asset is associated with an asset delivery
characteristics (ADC). A single ADC can be associated with
several Assets, but each Asset can only be associated with one
ADC. Also, MPUs of timed content contained in the same
Asset shall have distinct presentation times.

The PI is a document that specifies how Assets are related
for consumption, with freedom for spatial and temporal
arrangements, thus providing an improvement from MPEG-2
TS, which assumed a single video and audio synchronized
from the beginning in a fixed arrangement. An example of a
PI document is the combination of HTMLS5 and composition
information (CI) documents. Another possibility is to use a
media presentation description (MPD), which is a manifest
that describes the content and its characteristics [4], [7].

Figure 3 presents an overview for the MMT Package.
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Fig. 3. MMT Package overview (ISO/IEC 23008-1).

The delivery functional area contains the MMTP as the
application layer transport protocol and the MMTP payload,
which is the payload format and is agnostic to media codecs,
therefore supporting new codecs by requiring signalling
messages that identify them.

The signalling functional area manages the consumption of
media data from the Package and the delivery for the MMTP
and the MMTP payload.

IV. ROUTE/DASH

MPEG-DASH is based on a client-server model to allow
adaptive streaming. A HTTP server contains a MPD and the
multimedia content that consists of multiple A/V segments.
The MPD is then delivered to a DASH client, which becomes
aware of the content available and its characteristics. After
analyzing such information, the DASH client can start
streaming any chosen content, being able to change to a
different configuration on the next available switching point.
The system constantly monitors the available bandwidth.
Whenever the bandwidth is lower than the current bitrate
being streamed, it switches to a lower bitrate at the next
available switching point. It can also switch to another bitrate
or a different audio content if the user decides to do so.

Figure 4 presents the architecture for MPEG-DASH, which
only defines the red blocks. The delivery of the MPD, the
encoding format, the heuristics control and the media player
are out of the standard’s scope [7].

IS ~ 'S =

HTTP server

DASH client

MPD delivery

Fig. 4. MPEG-DASH architecture [7].

ROUTE is a delivery method that supports AL-FEC and
can be combined with MPEG-DASH to deliver it over
broadcast. ROUTE consists of two major components, a
source protocol and a repair protocol. The source protocol is
used to deliver objects and is aligned with FLUTE but has
been optimized for the delivery of real-time media. The repair
protocol protects one or multiple objects that are delivered
through the source protocol. Source and repair protocols are
independent, meaning that the source protocol can be used
alone. Using only the repair protocol is also allowed and
could be used on specific scenarios where it is expected that
all receivers are AL-FEC capable, such as the delivery
exclusively for mobile reception and the delivery for targeted
regions. Since all packets in ROUTE are Layered Coding
Transport (LCT) packets, which are defined in RFC 5651
[14], source and repair packets can be differentiated by the
use of distinct ROUTE sessions, distinct LCT channels that
use different Transport Session Identifiers (TSIs) values in
the LCT header, and the Protocol-Specific Indication (PSI)
bits in the LCT when both source and repair protocols are
carried in the same LCT channel [9].
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V. SETUP AND ANALYSIS

To test MMT and ROUTE/DASH on the transport layer of
ATSC 3.0, the setup presented on Figure 5 was used, where
two services are being transmitted at the same time, one with
MMTP (identified with Service ID 6001) and the other with
ROUTE (identified with Service ID 6002). The description of
the equipment is provided below.

The A/V source delivers a content to the encoder, which
accepts the following input types: IP, Serial Digital Interface
(SDI), SDI 4K, Real Time Messaging Protocol (RTMP),
Receiver Demodulator, Zixi, Society of Motion Picture and
Television Engineers (SMPTE) 2022-6 and SMPTE-2110.
For this setup, a source with the SDI format was used.

The encoder output forwards the A/V encoded stream to
the multiplexer (MUX) in the Web Distributed Authoring and
Versioning (WebDAV) format, which is an extension to
HTTP for the execution of content authoring operations
remotely [16]. In this stage, signalling information is added
and the signal is forwarded to the scheduler (in our setup, the
MUX and the scheduler are integrated). The scheduler adds
transmitting data in the stream for the modulator, with the
intention that the receiver finds the desired services, which is
a function of the Service Layer Signalling (SLS) table. The
Low Level Signalling (LLS) table is also added, in order to
improve the channel scan speed [17].

The scheduler feeds the modulator with Studio-to-
Transmitter Link (STL) packets, which is an interface
between the transport and physical layers [18]. So, the
modulator can convert the STL stream in a Radio Frequency
(RF) channel, considering the modulation parameters
configured.

The transport analyzer can monitor the STL stream from
the scheduler or the MMTP and ROUTE output from the
MUX, where it is possible to check several information such
as the received tables, codec information, bit rate, resolution,
frame rate and the audio and video synchronization.

Figure 6 presents part of the signalling configuration of the
MUX for the MMT service, showing information about the
Assets contained. The Asset type specifies the type of the
Asset using a four-character code (4CC), according to the
MPEG-4 Registration Authority (MP4RA) [19]. In this setup
Asset #1 was set as High Efficiency Video Coding (HEVC),
Asset #2 was set as Advanced Audio Coding (AAC), and
Asset #3 was set as MPEG-4 Audio (MP4A). The Asset
Schema specifies the identification mechanism and either
Universally Unique Identifier (UUID) or Uniform Resource
Identifier (URI) can be used for MMT. For this setup, all
Assets were set as UUIDs. The Default Asset Flag indicates
if an Asset should be a default Asset [13].

hewl/ 11232555065
ULNAD, universally unique identifier
T T

False

ac-3/ AC-3 audio

ULND, universally unique identifier

mpdal MPEG-4 Audio

UUID, universally unique identifier

Fig. 6. MUX configuration for the Assets of the MMTP service.

Figures 7 and 8 show the respective configuration for the
ROUTE/DASH service, with information of the Route
Sessions (RSs) and LCT Sessions (LSs). For the
configuration of the Route Sessions, the slpAddr sets the IP
Address of the source, the dipAddr sets the IP Address of the
destination, and the dPort sets the destination port. For the
LCT Sessions, the TSI must have unique values for each
Session. The BW value can set the maximum bandwidth
required by the LCT channel [5].

192 1581028
230.255.60.2

6002

Mone &
230255602

6022

Fig. 7. MUX configuration for the RSs of the ROUTE service.
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Fig. 5. Setup used to test both MMT and ROUTE/DASH delivery methods.
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Figure 10 shows the input stream info obtained from the
monitor of the transport analyzer, where it can be observed
that for this setup, the audio was coded using Advanced AAC
at 128Kbps, the video was coded using HEVC at 2.35Mbps.
Since the transport analyzer is constantly monitoring the
streams, the Total Rate of the streams is different because the
images were obtained at different moments, however, the
average rate for both streams was around 3.00Mbps. The
Signal Rate for each stream also changed during time but not
significantly, meaning that the Signal Rate for the ROUTE
service was higher.

1 Info Input Stream Info

2.95 Mbps t = 2.71Mbps
Media Rate 2.93 Mbps Media Rate 2.64 Mbps
@ +oyms s s
Audio Including UDP/IP Hea Audio Including UDP/IP Header [jij
Codec AAC Codec AAC
Bitrate 128 Kbps Bitrate 130 Kbps
ChannelNum 2 ChannelNum 2
Fig. 8. MUX configuration for the LSs of the ROUTE service. SamplingRate 48000 Hz 5:8'"0’*"9-"'3'6 48000 Hz
Fronsumrd 2 Fronsumtryy 2
Figure 9 shows the STL information obtained from the Video Video _
transport analyzer, where the parameters for the Physical Codec e Codec et
layer can be observed. For this setup, the Fast Fourier Bitrate 2.36 Mbps Bitrate 4 Mbps
Transform (FFT) size is 16K, the Guard Interval (GI) is Resolution 1024 x 576 Resolution 1024x 576

7/2048, the modulation order is 64QAM-NUC, FEC is 10/15 .94 e o
and LDM was not used. Fig. 10. Input Stream Info from the transport analyzer for both services.

In the setup used in this paper, only the Service List Table

T SRR (SLT) and SystemTime signalling are transmitted inside of the
Num_sym_bs 4 msec SUBRAME| SUEFRAMEO LLS, as shown in the Figure 11. The Version is incremented
wi u| /] ize| 16K N .
ML e ; by 1 when a change occurs on the table identified.
Min_Time_To_Mext 200 Reduced carrier| 192%red carrin
Bandwidth & MHz Guard interval|  GI7_2048
Bsr_Coeff 6 MHz Numofdm; 50 LO'N Le\‘,ei S qna”ng |‘LLS‘
Preamble_struct 65 Spilot pattern|  SP3.4 =
St Inner Timing| 2020-12-07T15:14:15 Spilot boost| 0 Version
Stl Inner Timing 75145333 nsec She [.rst: On .
MONITORING A Sbs Last| O SLT 67
State Mormal Operation Freq interleaver| On ' RRT
DataR 14,63 Mbps Sbs “I:'“ CE'IIS? :' - SystemTime
DataT 18.33 Mbp= um pip| 5 E
Alp_pkt_cnt 5817234 SUB PLP LIST | SUBFRAMEO . T
Ip_pkt_crt 1685175 sugpp|  PLPO ' OnscreenMessageNot. ..
Lt_pkt_cnt 5% a o ®
St outer ﬁmﬁhmﬂ 045423 sec LLS flgg‘E On -~
St outer fimestamp 75 msec L,aygy% Core layer . CPT
_ Mismatch Sequence 6996 Start| 0 Fig. 11. LLS Signalling information.
Matched Preamble 0 e Size| 1126477
|  BCH + 64K . . . .
< T > ﬁ SN The SLT provides the description of the service,
e . Coderate]  10/15 identifying the used protocol, major channel (physical
118 1D size byt Eipee cnl channel), minor channel (virtual channel) and SLS destiny
— = Ti ext| Off . . .
LB L1D fec type Mode 1 = de':::; T information. It shall be repeated in the LLS at least every 5
L1B time info flag 3 Type| non-dispersed seconds, however, repeating it more frequently (preferably
e Bt iioskibioltickdl ... E. every second, but not more than that) reduces the channel
Frame length mode mbol-aligned mode Subslice intvl| 0 . . . .
- - i = j — T scan time. Figure 12 presents the content of SLT. It is possible
rame len | .
T . Hiinte| O to note that the slsProtocol value is 1 for ROUTE and 2 for
Xmtr group num b % : MMTP, as determined by the ATSC 3.0 standard [5].
e num fec|
¥mitriD 0 — P
T time offset| 0 usec Ldm II'IJEC‘IDI’\E 0.0dB
Tid injection level Off Data rate] 18.33 Mbps

Fig. 9. STL analysis.
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Fig. 12. SLT XML (Extensible Markup Language).

In SystemTime signalling, currentUtcOffset contains the
number of leap seconds, utcLocalOffset indicates the offset
between Coordinated Universal Time (UTC) and the
originating broadcast station’s time zone, and dsStatus
indicates whether the transmitter location is currently on
daylight saving time or not [5].

Delivery/SYSTIME/1.0

RN

Fig. 13. SystemTime XML.

The SLS from Service 6001 (MMT) is shown in the Figure
14. Is it composed by the User Service Bundle Description
(USBD) and the Complete MMT Package Table (MPT).

r Signalling (SLS)

sPP I
D034

a

Fig. 14. SLS Signalling information — Service 6001 (MMTP).

This open access article is distributed under a Creative Commons Attribution (CC-BY) license.

The USBD links the MPU components to allow audio and
video playback. The Figure 15 presents the USBD
information.

Fig. 15. USBD — Service 6001 (MMTP).

The Complete MPT contains the information in order to
permit the consumption of the received packages and is
presented is Figure 16.

¢ MPTable
-

MP_table_mode : sequential_order_processing_mode (0x00)

MMT _package _id :
ber of -

n _of_assets :

mmt

Fig. 16. Complete MPT — Service 6001 (MMTP).

The SLS from Service 6002 (ROUTE/DASH) is shown in
Figure 17. This signalling is composed by the USBD, the
Service-based Transport Session Instance Description (S-
TSID) and the Media Presentation Description (MPD).
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Fig. 17. SLS Signalling information — Service 6002 (ROUTE).

Figure 18 presents the USBD for service 6002
(ROUTE/DASH), in which BasePattern contains a character
pattern to be used by the ATSC 3.0 receiver that matches with
any portion of the Segment URL (Uniform Resource Locator)
used by the DASH client.

LSchemas/ATSC3/Del

Fig. 18. USBD — Service 6002 (ROUTE).

Figure 19 shows the S-TSID information. This signalling
lists the RSs and LSs, where the SrcFlow contain elements
that provide information about the A/V flow from service
6002.

PP PP 9N oo 9BV

Fig. 20. MPD — Service 6002 (ROUTE).

VI. CONCLUSION

From a conception point of view, it is possible to observe
that these standards were initially developed for different
purposes. MMT was developed due to new broadcast systems
that needed IP connection to work with hybrid services, while
DASH itself was designed for modern broadband
applications. Then, ROUTE was developed to enable the
delivery of DASH over broadcast, and therefore making
ROUTE/DASH also compatible with hybrid systems. This
resulted in distinct architectures.

Both methods are compatible with ISOBMFF and AL-

D order : s FEC, and the delivery protocol used in each service was
Fig. 19. S-TSID — Service 6002 (ROUTE). signalled in slsProtocol. Also, they are both agnostic to media
codecs, hence allowing future extensions.
Figure 20 shows the MPD table for service 6002. This MPEG-DASH uses MPD for content description, while
signalling presents general media information. MMT can also use a combination of CI and HTMLS.
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For the setup configuration used for this paper, ROUTE
presented a larger overhead (since the Signal Rate shown in
Figure 9 was larger for ROUTE).

For this configuration, the stream from the ROUTE service
was delayed in relation to the MMTP service.

MPEG-DASH has been vastly deployed, due to its
popularity for broadband applications, so there are many
more tools and equipment compatible with it.

For future works, some possibilities are to test with other
A/V sources, and for different configurations, such as
targeted advertising, multi-view, multiple audio streams, and
with additional services like the emergency alert. This would
provide a more complete comparison of these methods, and
possibly allow to understand if the delay observed in this
paper is constant. A more complete analysis of each protocol
could also contribute for a better comprehension of their
characteristics. And, as a final opportunity, different setups
could be elaborated to observe other aspects, such as
measuring the latency of these systems for the scenarios
mentioned above.
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