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Abstract—This paper presents Internet protocol (IP)-based
convergence of broadcast and broadband networks using
Advanced Television Systems Committee (ATSC) 3.0-the
next generation terrestrial broadcasting standard. In the
broadcast network, the combination of Layered Division
Multiplexing (LDM) and Scalable High Efficiency Video
Codec (SHVC) is used, enabling efficient use of spectrum
when mobile and fixed services are intended in a single radio
frequency (RF) channel. The proposed use case of IP-based
convergence is that a service is largely consumed through the
high power high tower (HPHT) based broadcast network, and
then alternative streams are requested via unicast for areas
where broadcast signals are not receivable. The implementa-
tion details of broadcast and broadband convergence include
MPEG Media Transport (MMT)/Real-time Objective delivery
over Unidirectional Transport (ROUTE) description for broad-
cast useand Dynamic Adaptive Streaming over HTTP (DASH)
for broadband use. To achieve seamless convergence between
broadcast and broadband, transmission and reception systems
based on ATSC 3.0 are hardware-developed and their implemen-
tation details are described. The proposed IP-based convergence
use case of ATSC 3.0 broadcast and broadband is verified in
a real-field environment using a public cellular network.

Index Terms—ATSC 3.0, convergence, broadcast, broadband,
LDM, and SHVC.

I. INTRODUCTION

HE ADVANCED Television Systems Committee (ATSC)

has developed the new next generation terrestrial broad-
casting standard set of standards — ATSC 3.0. This new
standard suite, which includes over 20 standard documents
with different layers of system architecture, incorporates many
state-of-the-art features over existing digital broadcasting stan-
dards: flexibility for broadcasters’ operation, robust physical
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layer performance for mobile, handheldor indoor services,
spectral efficiency when multiple services are configured in
a single radio frequency (RF) channel, and all Internet proto-
col (IP) based transmission to cope with enhanced services [1].

In the ATSC 3.0 physical layer standard, the bit-
interleaved coded modulation (BICM) consisting of low
density parity check (LDPC) codesranging from 2/15 to
13/15 rates, bit interleavers, and non-uniform constella-
tions (NUC) up to 4096QAM offers not only robustness
and efficiency approaching to near-Shannon limits, but also
provides flexibility for various use cases from mobile to
fixed services [2]-[5]. Given the orthogonal frequency divi-
sion multiplexing (OFDM) as a waveform scheme, flexible
options of multiplexing technologies are supported includ-
ing Time Division Multiplexing (TDM), Frequency Division
Multiplexing (FDM), Layered Division Multiplexing (LDM),
and even combinations of these multiplexing technolo-
gies [6]-[8]. LDM is known as a state-of-the-art technology
adopted in ATSC 3.0 as it can provide superior performance
advantage when different services (e.g., mobile and fixed) are
superposed together with different power levels [9], [10]. In
the ATSC 3.0 video standard, Scalable High Efficiency Video
Coding (SHVC: Scalable HEVC) that is based on the scala-
bility feature of HEVC is adopted as it can provide bit rate
saving compared to HEVC simulcast. It is also known that
when multiple services (e.g., mobile and fixed) are intended
in a single RF channel, the combination of LDM and SHVC
provides far better spectrum efficiency [11], [12], [13].

The all IP transmission of ATSC 3.0 offers distinct fea-
tures over traditional broadcasting as it enables convergence
or cooperation with IP based broadband networks. Leveraging
uplink transmission as a return channel, a broadcaster can
provide interactive or personalized services that will bring
more attraction from audiences. Also, a broadcasting ser-
vice could cooperate with available broadband networks
such as mobile networks or Wi-Fi, so that further enhanced
features of broadcasting services will be possible includ-
ing quality improvement, service area extension, and rich
media services [14], [15], [16].

This paper presents IP-based convergence of broadcast and
broadband using ATSC 3.0. The proposed convergence use
case is that the high power high tower (HPHT) broadcast is
used for primary consumption of a service, and then broad-
band networks such as mobile network or Wi-Fi can be used to
deliver alternative streams whenever broadcast signals are not
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receivable, e.g., shadowing areas in mobile reception or deep
indoor reception. For the ATSC 3.0 broadcast, the combination
of LDM of the physical layer and SHVC of the presentation
layer is used to deliver spectral-efficient mobile and fixed
broadcast services together in a single RF channel [11].
Implementation details for broadband convergence include
MPEG Media Transport (MMT)/Real-time Objective deliv-
ery over Unidirectional Transport (ROUTE) for broadcast use
and Dynamic Adaptive Streaming over HTTP (DASH) for
broadband use. Hardware equipment including SHVC encoder
platform, broadband server, transmission and reception ends
enabling both broadcast and broadband deliveries is developed
and used for the verification in real-field environments.

The remaining of this paper is organized as follows: In
Section II, a theoretical aspect of LDM and SHVC tech-
nologies in the ATSC 3.0 standard and the advantage of the
combined technology are described. The details of IP-based
convergence based on the ATSC 3.0 standard is followed in
Section III. Implementation details to achieve seamless con-
vergence of ATSC 3.0 broadcast and broadband networks is
described in Section IV. Real-field verification in mobile envi-
ronments using ATSC 3.0 broadcast and deployed 4G LTE
networks is shown in Section V. The final conclusion of this
paper is presented in Section VI.

II. ATSC 3.0 LDM AND SHVC FOR
BROADCAST DELIVERY

In the physical layer protocol of ATSC 3.0 standard, LDM
is a Physical Layer Pipe (PLP) multiplexing scheme in which
multiple PLPs share the same time and frequency resources,
but those PLPs are multiplexed with different power lev-
els, called LDM injection level. LDM PLPs allocated with
different injection levels are defined as Core Layer (CL)
and Enhanced Layer (EL). Note that ATSC 3.0 allows up
to two layers of LDM, but each layer is also allowed to
allocate multiple PLPs based on TDM and/or FDM depend-
ing on broadcasters’ intended services. That is, when more
than two PLPs are intended using an LDM configuration,
the ATSC 3.0 physical layer standard allows LDM com-
bination with TDM (e.g., LTDM: Layered Time Division
Multiplexing) or with FDM (e.g., LFDM: Layered Frequency
Division Multiplexing) [17], [18]. Core Layer PLPs (Core
PLPs) are assigned above Enhanced Layer PLPs (Enhanced
PLPs) in a single RF channel, and therefore,a larger portion
of total transmission power is allocated to the CL and less
power is given to the EL. Note that the LDM combined sig-
nal should be normalized, so that the total power after the
combination is maintained to be equal to a single layer con-
figuration. In a general LDM service scenario, the CL delivers
more robust PLP(s) that may be targeted for indoor/mobile
services, whereas the EL delivers higher data rate PLP(s) such
as 4K-Ultra High Definition (UHD) or multiple HD services.

SHVC is a video coding technology consisting of multiple
layers, in which each layer of a video content is able to pro-
vide different video quality. For multiple layers of SHVC, the
smallest subset of a video content is defined as Base Layer
(BL) that represents the lowest quality among the layered
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Fig. 1. Achievable capacities when mobile and fixed services are deliv-
ered in a single RF channel: TDM + Simulcast, LDM + Simulcast, and
LDM + SHVC.

content, and there can be several Enhancement Layers (ELs)
representing larger subsets of the video content in order to pro-
vide better quality. In the receiver side, the BL of the video
content can be decoded as an independent stream, whereas
ELs of the video content should be decoded by referencing
the BL. Note that in the video standard of ATSC 3.0 the
video scalability is allowed up to two layers based on the
Main 10 profile, that is, one BL and one EL from a video
content [19]. When multiple services are intended using a sin-
gle video content (e.g., low rate mobile and high rate fixed
services), a fixed service by SHVC is achieved by adding
the BL (a mobile service) to the EL. Therefore, compared to
HEVC simulcast, which independently applies HEVC to the
mobile and fixed services from a single video content, SHVC
offers bit rate saving opportunity. That is, depending on bit rate
choices for the BL and EL, SHVC can provide better spectral
efficiency since the fixed service by SHVC (i.e., BL + EL)
can have the same quality of video as the fixed service that is
independently encoded by HEVC.

Figure 1 shows theoretical aspects of achievable capacities
when mobile and fixed services allocated by separate PLPs are
intended in a single RF channel. Theoretically it is known that
LDM is power based capacity addition of two services, always
providing better capacity than TDM or FDM that are based
on simple linear addition of the two services, even though the
amount of capacity gains can be varied depending on the tar-
geted SNRs of mobile and fixed PLPs [11], [20]. As shown in
the figure, capacity curves are developed representing the three
cases: 1) TDM and HEVC simulcast combination; 2) LDM
and HEVC simulcast combination; and 3) LDM and SHVC
combination. In this example, both LDM and TDM config-
urations use a mobile PLP having the performance of 0 dB
targeted (required) signal-to-noise ratio (SNR) and a fixed PLP
with 15 dB targeted SNR. For the SHVC and simulcast com-
parison, it is assumed that the capacity of a fixed service
becomes the bit rate addition of SHVC BL and EL. Note that
in practice, depending on bit rate choices of BL and EL, the
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Fig. 2. (a) Equipment configuration for ATSC 3.0 broadcast and broadband transmission, (b) Receiver equipment inside the vehicle for ATSC 3.0 broadcast

and broadband reception, and (c) Mobile test route for ATSC 3.0 broadcast and broadband cooperation.

bit rate addition of BL and EL can provide better quality of
video compared to the fixed service of HEVC simulcast [11].
This implies that the achievable capacity of LDM and SHVC
combination in practice can be even better than the theoretical
curve shown in Figure 1.

III. TP-BASED CONVERGENCE OF ATSC 3.0
AND BROADBAND NETWORKS

In ATSC 3.0, the format of transmitted signals is IP-based
in order to enhance the feasibility of convergence and cooper-
ation with other IP based networks such as mobile networks.
In the signaling, delivery, synchronization, and error protection
standard of ATSC 3.0 allows two options for service delivery
over a broadcast network — MMT and ROUTE. For service
delivery over a broadband network, only DASH is allowed to
use [21].

A. ROUTE and DASH Implementation

ROUTE is inherited from DASH for unidirectional transfer
of DASH segments in order to be used as a broadcast mode,
and therefore, the Media Presentation Description (MPD),
which describes a representation of DASH delivery, is used
to define broadcast delivery by ROUTE [14]. Figure 2 shows
an entire set of low level signaling (LLS) description for the
proposed broadcast and broadband convergence use case when
ROUTE for broadcast and DASH for broadband are used.
As shown in the MPD of Figure 2, the same representation
ID is used for both broadcast and broadband deliveries in
order to indicate the same content being delivered over the
both networks. For example, the representation ID of v/00 is

used for the SHVC BL content, and it has different Segment
URLSs such as video_100/Seg#1 for the broadcast delivery and
video_100_bb/Seg#1 for the broadband delivery. Note that this
approach is intended for a handoff situation, that is, when
the SHVC BL content (vI/00) is lost from the broadcast,
a receiveris able to request the same content (v/00) through
the broadband.

Since the proposed broadcast and broadband convergence
use case is based on SHVC, the dependency between the BL
and EL should be defined. In the MPD of Figure 2, for exam-
ple, the representation ID of v/03 has dependency with vI00,
as denoted by dependencylD(v100), and therefore, v100 indi-
cates the BL and v/03 indicates the EL. Note that in the MPD
of Figure 2, four Adaptation Sets are defined related to SHVC
services: 1) BL and EL over broadcast; 2) BL over broadcast
and EL over broadband; 3) BL over broadband and EL over
broadcast; and 4) BL and EL over broadband.

B. MMT and DASH Implementation

When MMT is used for a broadcast mode, the ATSC 3.0
standard allows to DASH over broadband, and therefore, sig-
naling descriptions for MMT and DASH should be separately
defined by the MMT Package (MP) table and the MPD,
respectively. Figure 3 shows the details of LLS description
when the proposed broadcast and broadband convergence use
case is defined by MMT over broadcast and DASH over
broadband. As shown in Figure 3, the relationship between
MMT and DASH packages are explicitly defined in the
User Service Bundle Description/User Service Description
(USBD/USD)fields. That is, when a broadcast signal is lost
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(a) Equipment configuration for ATSC 3.0 broadcast and broadband transmission, (b) Receiver equipment inside the vehicle for ATSC 3.0 broadcast

and broadband reception, and (c) Mobile test route for ATSC 3.0 broadcast and broadband cooperation.

and the same content is requested through broadband, the
field @simulcastAssetID() in USBD/USD is used, and this
denotes that the MMT package defined as V_BL_asset in the
MP table and the DASH package defined as v/00 in the MPD
are the same SHVC BL content, as in Figure 3. For the SHVC
hybrid delivery, @dependencyAssetID() is explicitly defined in
USBD/USD such that V_BL_asset of MMT is the BL content
and vI03 of DASH is the EL content for a single service.
In addition, @ ComplementaryAssetID is explicitly defined in
USBD/USD such that vI/00 of DASH is the BL content and
V_EL_asset of MMT is the EL content for a single service,
and this is to denote the BL being delivered by a broadband
and the EL delivered by a broadcast.

IV. IMPLEMENTATION FOR SEAMLESS CONVERGENCE
OF BROADCAST AND BROADBAND

In the proposed use case of this paper, seamless conver-
gence of broadcast and broadband networks means that an
audio/video (A/V) service is seamlessly delivered when any
switching between the two networks is executed. Such seam-
less experience by viewers can be achieved with additional
implementation strategies in the transmission and reception
ends within the scope of the ATSC 3.0 standard, and there-
fore, no further requirement of the ATSC 3.0 standard other
than the signaling descriptions in Section III is needed.

A. Implementation of Transmission and Reception Ends for
Seamless Switching

For a hybrid delivery using broadcast and broadband
networks, fine synchronization between the broadcast and

broadband signal paths is required. Also, a receiver that
receives signals from broadcast and broadband needs to be
time synchronized with a time server that requires broadband
connectivity, such as the network time protocol (NTP).

In the case of ROUTE, the ROUTE delivery over broadcast
contains the DASH segment being delivered over broadband.
Therefore, when ROUTE is used over broadcast, from an
A/V encoder or a packager which output IP packaging of
contents, the same presentation time stamp (PTS) should be
used for DASH segments over broadband and ROUTE streams
over broadcast. A receiver that maintains time synchronization
with an NTP server should be able to keep tracking PTSs of
ROUTE and DASH streams, and also determine which stream
to decode depending on signal availability from broadcast or
broadband networks. For example, when a receiver cannot find
a ROUTE segment with a PTS ¢ 4 1 over broadcast, it will
be able to request and receive the DASH segment with PTS
t 4+ 1 over broadband. It should be also noted that a receiver
needs to have enough memory to buffer DASH segments over
broadband and keep tracking the same content of ROUTE
segments over broadcast. Since broadband networks based on
unicast may be time-variable due to traffic congestion, network
latency or distance between a server and a receiver, appropriate
receiver buffer size can be heuristically determined.

Another approach to achieve seamless convergence of
broadcast and broadband contents is to use the PTS
information in video frames. As the PTS information is also
used in every video frame (e.g., 30 or 60 frames per second),
a receiver that maintains time synchronization is able to track
the PTS of video frames from both broadcast and broadband,
and switch contents between these networks seamlessly. When
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Fig. 4. A monitoring and control software to monitor an RF signal status
and determine the switching between broadcast and broadband networks.

MMT is used over broadcast, a media processing unit (MPU)
of the MMT protocol may contain different contents than
a DASH segment over broadband. Therefore, using the PTS
information in video frames can be more feasible approach
for seamless switching when MMT is used for broadcast and
DASH is used for broadband.

B. Use of Physical Layer Parameters for Fast Seamless
Switching

The buffering method for switching between broadcast and
broadband as described in Section IV-A is one of the feasible
approaches, but this normally requires a large size of receiver
buffer in order totake into account variable delay of a broad-
band network and cause decoding latency. In order to achieve
faster switching between broadcast and broadband networks,
physical layer parameters such as received signal strength indi-
cator (RSSI) and SNR can be monitored at the receiver and
used to switch the network seamlessly.

Normally broadcast receivers are able to obtain the RSSI
and SNR values in real-time, and also obtain the information of
modulation and code rate (ModCod) of PLP(s) being transmit-
ted through preamble decoding (i.e., L1-Basic and L1-Detail in
ATSC 3.0). Since such ModCod information in the preamble
is directly related with at which RSSI or SNR levels a receiver
is able to work, the receiver can use pre-defined threshold val-
ues of RSSI and SNR, in order to determine when to switch
to the broadband network and when to switch back to the
broadcast network. Figure 4 shows a receiver control soft-
ware that is developed to monitor the RF status of RSSI and
SNR information and allows to input the threshold values for
then etwork switching decision. Note that in real-field envi-
ronments, even though the RSSI is high enough, there can
be serious multipath which results in low SNR. Conversely,
there can be a field environment such that fair enough SNR
value is achieved, but the signal strength can be very low. To
accommodate these real-field situations, the control software
is designed to monitor the RSSI and SNR values together, and
then the receiver performs the switching when either one of
the values meets the threshold values. That is, if one of the
RSSI and SNR values in RF status becomes equal to or lower
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than the threshold values (i.e., RSSI and SNR in handoff value
in Figure 4), then the receiver requests to a broadband server
to acquire the broadband signal. Conversely, when switching
back to the broadcast network, both RSSI and SNR values
should be higher than the threshold values.

The proposed switching method using the physical layer
parameters enables fast switching between the networks, as
the receiver does not necessarily decode up to IP packets and
buffer them to observe which packets are lost when performing
the network switching. Furthermore, by setting-up the thresh-
old values to be a little higher than the actual required SNR
of the system, the receiver is able to switch the broadband
right before the actual decoding errors in the physical layer,
which is eventually helpful for seamless switching. Note that
in practice the receiver is able to use both buffering method
(as in Section IV-A) and physical layer parameters monitoring
method together for better seamless experience for viewers.

V. FIELD VERIFICATION
A. Equipment Set-Up

The proposed use case of ATSC 3.0 broadcast and broad-
band convergence was hardware developed and verified in
a real-field environment. The ATSC 3.0 test bed built in Jeju
TechnoPark, Jeju, South Korea was used, and for broadband
connectivity, public 4G LTE networks deployed in the Jeju
city area were used [22]. Figure 5 shows the hardware equip-
ment configuration for the field verification, studio/transmitter
equipment in the facility, and receiver equipment inside
a mobile testing vehicle. As studio equipment, a real-time
SHVC encoder platform was developed, which integrates
UDP/IP/ROUTE (or MMT) packaging for IP delivery over
broadcast, and a broadband server with TCP/IP/DASH pack-
aging for broadband delivery. Note that IP deliveries over
broadcast and broadband were implemented conforming the
ATSC 3.0 standard of signaling, delivery, synchronization and
error correction (A/331) [21]. The developed SHVC encoder
platform had a real-time A/V source input, and IP output to an
ATSC 3.0 broadcast gateway. The ATSC 3.0 broadcast gate-
way then sends out the studio-to-transmitter (STL) output to
two ATSC 3.0 transmitters. One transmitter was located at
the Jeju TechnoPark facility, and the other transmitter was
located at a downtown area of Jeju city, while they are con-
structing a single frequency network (SFN) using RF channel
50 [22], [23].

In the reception side, a 0 dB gain omni-directional
antenna was used for mobile testing. The test vehicle was
equipped with an ATSC 3.0 professional receiver decoding
up to ATSC Link- layer Protocol (ALP) streams, and feeding
UDP/IP/ROUTE (or MMT) streams as well as the physical
layer information such as RSSI and SNR to a separate IP-
layer decoder. The developed IP-layer decoder was also able
to receive 4G LTE signals using a commercial dongle receiver.
Hence, the IP-layer decoder was able to switch between the
broadcast and broadband signals depending on the information
of RSSI and SNR as well as decoder buffer monitoring, as
described in Section IV.
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(a) Equipment configuration for the proposed ATSC 3.0 broadcast and broadband convergence use case; (b) Transmission equipment located at

JejuTechnoPark; (c) Mobile test vehicle equipped with receiver equipment of the proposed convergence services; and (d) Receiver equipment inside the test

vehicle.

TABLE I

PRESENTATION, TRANSPORT AND PHYSICAL LAYER
PARAMETERS FOR THE FIELD VERIFICATION

Presentation and Transport Layer

Codec: SHVC

Video Base Layer: 720p (60 fps)
Enhancement Layer: 2160p (60 fps)
Audio MPEG-H

Transport Layer

Broadcast: ROUTE
Broadband: DASH

Physical Layer

Waveform Parameters

FFT Size: 16K
Guard Interval: 768 Samples
Pilot Pattern: SP§ 2

Framing and

Frame Length: ~ 250 ms (Symbol-aligned
mode)

Interleaving Convolutional Time Interleaver (1024 depth)
LDM ModCod: QPSK & 5/15 Code Rate
Core PLP PLP Data Rate: 3.4 Mbps
PLP Required SNR (AWGN): -0.3 dB
Parameters LDM ModCod: 64QAM & 5/15 Code Rate
Enhanced | PLP Data Rate: 10.1 Mbps
PLP Required SNR (AWGN): 14.9 dB
Bandwidth 6 MHz

B. Field Testing Configurations

Table I shows the details of presentation layer (video and
audio), transport layer and physical layer configurations used
for the field verification. As described in Table I, an A/V
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Fig. 6. Mobile testing route depicting three different service scenarios

depending on RF signal strength of the ATSC 3.0 broadcast tower.

service was SHVC encoded to consist of BL of 720p HD
stream and EL of 4K-UHD stream. In the transport layer,
ROUTE and DASH packages were implemented for broadcast
and broadband deliveries, respectively. In the physical layer,
LDM was used such that a Core PLP carried SHVC BL having
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(a) Seamless switching between BL and BL + EL in the broadcast coverage @; (b) Hybrid service of BL from broadcast and EL from broadband

in the service area (2); and (c) Seamless switching between broadcast and broadband networks in the service area ).

3.4 Mbps capacity, and an Enhanced PLP carried SHVC EL
having 10.1 Mbps capacity. The theoretical performance in
the Additive White Gaussian Noise (AWGN) channel of Core
and Enhanced PLPs was —0.3 dB and 14.9 dB, respectively.
Therefore, the configuration intended to have a 720p mobile
HD service working around 0 dB SNR and a fixed 4K-
UHD service working around 15 dB SNR together, while the
data capacity of fixed 4K UHD service can be added with the
mobile data capacity (i.e., Core PLP) due to the use of SHVC.

C. Testing Results and Observations

For field verification of the proposed ATSC 3.0 broadcast
and broadband convergence service, a mobile testing was con-
ducted as depicted in the testing route of Figure 6. As shown
in the figure, the testing route was categorized into the follow-
ing three different service scenarios depending on the signal
strength mainly from the ATSC 3.0 broadcast transmitter
#1 located at the JejuTechnoPark facility:

(D Switching between the SHVC BL and EL depending on

RF channel conditions within the broadcast coverage;

Q) Hybrid service that receives the SHVC BL from the
broadcast network and SHVC EL from the 4G LTE
network;

(3 Switching between the broadcast and broadband
networks to receive the SHVC BL signal depending on
the broadcast signal availability.

The first service scenario was mostly observed within the
service area () of Figure 6, where fairly good broadcasting
signal strength was received from the ATSC 3.0 transmitter
tower #1. In the broadcast configuration using LDM, as the
LDM Core PLP was targeted for a mobile service and the
LDM Enhanced PLP was targeted for a fixed service, it was
observed that the 4K-UHD content (SHVC BL + EL) was
mostly viewed when the vehicle was stopped, whereas the

720p HD (SHVC BL) was viewed in the most of mobile con-
ditions. The receiver was designed to maintain video frame
synchronization between BL and BL+EL, so that seamless
switching between 720p and 4K-UHD (BL and BL + EL) was
shown depending on the broadcast signal strength (channel
conditions) as depicted in Figure 7 (a).

The second service scenario was shown in the service
area (2) of Figure 7, where relatively lower signal strength
from the broadcast tower #1 was measured. In this area, since
the SHVC EL was not receivable from the tower due to lower
signal strength, the receiver requested the SHVC EL via the
public 4G LTE network, as depicted in Figure 7 (b). Since the
same PTS of IP packets was used from broadcast and broad-
band, the receiver was able to receive the needed packets of
SHVC EL from the broadband, in order to show a mobile
4K-UHD service using the hybrid network of broadcast and
broadband.

The last service scenario was shown in the service area (3),
where the signal strength from the broadcast was low enough
such that RF signals were occasionally broken during the
mobile measurements. Note that the black lines in the testing
route of Figure 6 indicate errors in forward error correc-
tion (FEC) block of Core PLP occurred during the measure-
ment. In the service area (3), the receiver used the buffering
method described in Section IV-A and the method using the
physical layer parameters described in Section IV-B together,
in order to achieve seamless switching between the broad-
cast and broadband networks as depicted in Figure 7 (c). The
receiver used one second of buffer to monitor which packets
were missing from the broadcast, and then to request/receive
the identical packets from the broadband. Note that the
receiver buffer size was adjustable depending on the broad-
band network conditions such as end-to-end latency and delay
jitter. The method using the physical layer parameters also
helped seamless switching between broadcast and broadband,
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as the threshold values of RSSI and required SNR for Core
PLP were set accordingly.

During the real-field testing using both broadcast and broad-
band networks, as the broadband delivery is based on unicast,
that is one-to-one delivery, the successful reception of a service
over broadband was highly dependent on the network condi-
tions. It was noted that when the test was conducted during
the time that large amount of network traffic was consumed,
there was an occasional impact for SHVC EL delivery over
the broadband. Since the SHVC BL was much smaller amount
of data, the broadband delivery of SHVC BL was success-
ful during the most of testing time. The proposed ATSC 3.0
convergence use case was that the ATSC 3.0 broadcast is
being used for dominant consumption of a service, and the
seamless switching to broadband can be used when needed
(e.g., shadowing area, underground, or deep indoor where
HPHT broadcast signals are not reachable). Therefore, in the
proposed use case, the broadcast and broadband networks are
intended to be complementary each other, in order to pro-
vide better quality of experience to viewers, comparing to
a service being delivered through either broadcast only or
broadband only.

VI. CONCLUSION

This paper presented IP-based cooperative services of
broadcast and broadband networks using the ATSC 3.0 stan-
dard. The combination of LDM and SHVC was used to
provide the most spectral-efficient broadcast configuration
when mobile and fixed services are intended in a single RF
channel. Then, the proposed convergence use case was that
given the broadcast signal was used for dominant consumption
of an A/V service, the broadband network could be com-
plementarily used to provide alternative SHVC BL, EL, or
BL + EL streams depending on the broadcast signal availabil-
ity. The implementation details for broadcast and broadband
convergence were compliant with the ATSC 3.0 standards, and
included the IP-layer description of MMT/ROUTE over broad-
cast and DASH over broadband, as well as the implementation
of transmission/reception ends to achieve seamless switching.
The proposed convergence use case of ATSC 3.0 broadcast and
broadband was verified in the real-field environment using the
ATSC 3.0 broadcast and public 4GLTE network.
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