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Abstract. This paper presents an implementation of a 3-
layer transmitter and receiver using Layer Division Multi-
plexing (LDM), in Software Defined Radio (SDR). The main
idea of this work is to show another point of view of the
traditional LDM technique that uses two layers. This pro-
posal uses an attenuated intermediate layer, called Middle
Layer (ML), between the highest power layer, called Up-
per Layer (UL), and the most attenuated layer, called Lower
Layer (LL). The UL is fully compatible with the Integrated
Services Digital Broadcasting Terrestrial - Version B (ISDB-
TB). The ML, with greater robustness, and LL, with higher
capacity, use powerful channel coders, a custom frame size
and an adapted bit interleaver. With the use of this modi-
fied LDM, it is possible to develop a system with different
robustness levels between layers and with lower layers that
complement each other, to achieve bit rates that allow for
the deployment of High Definition Television (HDTV), in the
UL, and Ultra High Definition Television (UHDTV), in the
ML and LL. In addition, a system was also implemented with
three layers, but with the ML with higher capacity and the
LL with greater robustness. The performance of the 3-layer
system was compared with the 2-layer LDM technique and
there was an improvement in the system modularity, without
a decrease in the bit rate.
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1. Introduction
Television (TV) is and will remain a major mean of

communication with the duty to inform, educate, entertain
and interact with people around the world [1].

Since there is a progressive need for higher data rates,
an increasing amount of bandwidth will be needed for
telecommunication systems. Therefore, it is necessary to
develop systems that regard the efficient use of spectrum, as
this is an expensive and limited natural resource. As the wire-

less communication networks, such as the Wireless Fidelity
(Wi-Fi) and mobile communication networks, are occupying
a large part of this spectrum, traditional services, such as the
digital television (DTV) is restricted to a smaller portion of it.
In the case of DTV, there is a need for video transmissionwith
higher image definition, availability of interactivity, among
others, which will imply the need for more efficient systems.
Thus, future communication systems will have to take advan-
tage of the available bandwidth and adopt the use of more
robust models to achieve higher transmission rates [2], [3].

To perform the transition from analog to digital TV
correctly, several countries distributed set-top-boxes (STBs),
televisions with built-in digital converters or financial aid,
with the objective of preparing the population for the imple-
mentation of the new digital TV. Therefore, it is important to
develop a backward-compatible system, that does not allow
these already distributed equipment to become obsolete.

Layered Division Multiplexing (LDM) is an effective
approach for increasing data rates for different services
in wireless channels. This technique is a physical-layer
non-orthogonal-multiplexing technology to efficiently de-
liver multiple services with different robustness and through-
puts in one channel [4]. Therefore, the LDM technique allows
for the transmission of data divided into layers using different
power levels, at the same time and frequency.

Using this technology, it is possible to maintain the
compatibility of the already installed receivers and increase
the spectral efficiency by using, for example, new coding, in-
terleaving and modulation techniques, in the attenuated layer.
Thus, the Integrated ServicesDigital BroadcastingTerrestrial
- Version B (ISDB-TB) STB receives the combined signal,
with all the layers, and demodulates the UL, considering the
additional layers signals as noise. In the case of equipment
prepared for the LDM technique, it is possible to perform the
cancellation stages of the reception process and demodulate
and recover the data from each layer.

The first studies about this technology were presented
in [2] where the Cloud Transmission (Cloud Txn) concept
was proposed. The main idea of this work was to introduce
a new transmission system for terrestrial broadcasting, that
would allow for a more efficient use of the spectrum.
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A few years after this first approach, a system was de-
veloped by [5], that used the concept of Cloud Txn. It was
a multi-layer transmission system, which allowed for the de-
livery of multiple layers over the same broadcast channel,
where each layer was associated with its own injection power
level and lower-layer signals were recovered using signal can-
cellation techniques. Due to its significant performance ad-
vantages and the proposed simple implementation, a 2-layer
LDM was accepted as a Physical Layer (PHY) baseline tech-
nology for the modern Advanced Television Systems Com-
mittee (ATSC) 3.0 [6].

The spectrum efficiency of the Cloud Txn/LDM broad-
cast system depends to a great extent on the degree of ro-
bustness against co-channel interference and noise. To in-
crease the resilience of the system against electromagnetic
noise and allow for the Signal-to-Noise Ratio (SNR), in
dB, to be a negative value with a Quasi Error Free (QEF)
performance, the Low-Density Parity-Check (LDPC) codes
are a good solution, due to their Shannon-limit-approaching
performance over Additive White Gaussian Noise (AWGN)
channels, an asymptotically better performance than other
codes [5].

In 1962, Robert Gallager introduced the concept of
capacity-approaching codes over a symmetric memoryless
channel [7]. LDPC codes have been adopted in many wire-
less broadcasting standards, such as, the Digital Terrestrial
Multimedia Broadcast (DTMB), the Digital Video Broad-
casting (DVB) and the ATSC 3.0 [8–12]. These codes were
chosen for the mentioned systems, due to its performance ad-
vantage and low encoding and decoding complexity. There
are some efficient decoding algorithms of LDPC codes such
as the sum-product algorithm (SPA) which is known as the
best performing, without short cycles [13], and themost com-
plex decoding algorithm and the min-sum algorithm (MSA)
which is a simplified method that can greatly reduce decod-
ing complexity compared to SPA [14], but it may introduce
substantial performance degradation in terms of bit error rate
(BER) or frame error rate (FER) [15].

Another advantage of LDM is that it can co-exist
with all the other emerging PHY technologies, such as
the multiple antenna technologies, Non-Uniform constella-
tions (NUCs), Bit-Interleaved-Coded-Modulation (BICM),
Peak-to-Average-Power-Ratio (PAPR) reduction technolo-
gies, etc [4].

The purpose of this work is to develop a transmitter-
receiver couple, using Software Defined Radio (SDR), that
is a new perspective of the modified version of ISDB-TB
LDM created by [16] which uses a 3-layer LDM system
with ISDB-TB BICM in the Upper Layer (UL) [17], [18]
and a BICM stage with modified LDPC encoders/decoders,
bit interleavers/deinterleavers, costumed frame size and soft-
decision demodulators in the Middle Layer (ML) and the
Lower Layer (LL). This model allows for the transmission of
a modified DTV standard, using the ML and LL, as well as
the ISDB-TB transmission, in the UL, producing a backward-

compatible system, that can be used in a transition process
between DTV generations.

The main contributions of this paper are:

1. A new approach toward the LDM technique is explained
and implemented in SDR, using a ML between the UL
and LL;

2. A custom frame (19968 bits) LDPC encoder and de-
coder were developed, to maintain the synchronism be-
tween layers;

3. The mathematical representation, the theoretical expla-
nation of the degradation of each layer and a compar-
ison between the expected calculated results and the
measured values are shown;

4. A comparison between the traditional 2-layer LDM and
the proposed 3-layer LDM is realized, using similar
configurations;

5. An investigation concerning the behavior of the pro-
posed LDM is presented using several injection level
(∆) values, robustness levels and different LDPC de-
coding algorithms.

The remainder of this paper is organized as follows.
Section 2 presents related work. In Sec. 3, the most relevant
information about the ISDB-T/TB 3-layer LDM broadcast
system are presented. In Sec. 4, the mathematical approach
is presented. Section 5 presents the details of the proposed
transmitter and receiver implementation. In Sec. 6, the re-
sults and a discussion about each tested configuration are
shown. And finally, Section 7, contains the conclusion of
this paper.

2. Related Work
As mentioned in the previous section, the early studies

concerning the layer division multiplexing technique were
published using the Cloud Txn concept. In articles such
as [2, 5, 19], the early analyzes and theoretical approaches
were introduced and some system performance, capacity and
application scenarios were shown.

Still on the perspective of the Cloud Txn concept, a first
proposal was presented by [20] which used ISDB-TB in the
UL. Later studies were published using LDMnomination and
some new characteristics such as the introduction of LDPC
codes in the LL [21], an implementation using diversity at re-
ception in order to improve robustness [22], [23], an ISDB-TB
LDM system with the BICM stage of ATSC 3.0 in the LL
and diversity at reception [24] and a real-time ISDB-TB LDM
receiver using SDR [16].
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Important concepts in the LDM context were also in-
vestigated, such as, the error propagation in the cancellation
stage [25], more effective channel estimators [26–30], more
efficient video encoding techniques [31–33], the comparison
between LDM and the traditional time-division multiplexing
(TDM) or frequency-division multiplexing (FDM) [34], the
use of NUCs to improve LDMperformance [35], the applica-
tion of the technique in satellite broadcast system [36], perfor-
mance analysis using optimized demappers [37] and the use
of Multiple-Input Multiple-Output (MIMO) schemes [38].

The modern ATSC 3.0 recommends the use of the
LDMmodulation technique. Therefore, several articles were
published with studies concerning the capacity of LDM in
ATSC 3.0 [39], memory use aspects for the LDM technique
in the system [40], MIMO schemes utilization [41], field
tests [42], studies about efficient schemes for decoding and
LDPC application [43–45], performance analysis for mobile
services [46], among others.

2-layer LDMcan be considered a recentmethod. There-
fore, a system which uses an additional layer has not been
extensively investigated. There is a study that analyze the
capacity of the 3-layer LDM in order to confirm that it has
an advantage when compared to a TDM/FDM system [47].
There is also a proposal for 3-layer LDM focused on mobile
broadcasting services [48]. It uses a 3-layer LDM based on
amplitude shift keying (ASK) to reduce hardware complex-
ities and power consumption of the receiver. Because the
third layer of the ASK modulation can be retrieved directly
from the received signal without the demodulation and recon-
struction stages of UL signal. Therefore, it can be retrieved
without increasing the complexity and power consumption
of the receiver.

Considering the approaches described in this section,
it is proven that the proposal of this work contains innova-
tive factors. Since the main objective of the system is to
guarantee the backward compatibility with the broadcasting
system currently in operation in many countries (ISDB-TB)
in the UL, as well as having an aggregated bit rate of the ML
and the LL, which allows Ultra High Definition Television
(UHDTV) resolutions, such as 4K.

3. 3-layer LDM Broadcast System
In this work, the main idea is to transmit and receive

three signals divided into layers using different power levels,
at the same time and frequency. Its working is similar to the
traditional 2-layer LDM broadcast system proposed by [16],
with the addition of a third layer (ML) in the system, in order
to verify bit rate and robustness improvements.

In addition, a comparison between the 2-layer and the
3-layer techniques is made to investigate the improvements of
having a more modular system. Thus, the proposed system
would make it possible to receive the content of the ML and
would allow the received signal from the more attenuated
layer (LL) to provide complementary information, achieving
better image quality.

3.1 Transmitter
At the transmission stage, all the steps of the ISDB-TB

are used in the UL, preserving that this layer is compatible
with the standards [17], [18].

The BICM structure of the ML and LL is done using
tailored irregular LDPC codes, with a frame size of 19968
bits, in order to guarantee synchronism between the three lay-
ers. Furthermore, a bit interleaver that is modified to match
the LDPC frame size is used.

Figure 1 [16] shows the 3-layer LDM transmitter used
in this work. Some of digital signal processing stages were
used in [16], such as the ISDB-TB BICM, the time and fre-
quency interleaving, the framing, the Orthogonal Frequency
Division Multiplexing (OFDM) modulation and the Guard
Interval (GI) insertion. At the input of each BICM stage,
a respective Transport Stream (TS) file is inserted.

In the transmitter shown in Fig. 1, there are three sepa-
rated BICM stages, because each layer must be encoded and
mapped separately. In order to combine the ML and the LL,
a first attenuation stage is applied, using the ∆1 value (in dB),
in other words, a multiplication factor (α1) is calculated, in
order to attenuate the LL signal. After that, the first stage of
LDM technique is performed, combining the MLwith the at-
tenuated LL. Then, a first power normalization stage is done,
using the normalization factor β1 to normalize the combined
(ML and LL) signal to 1 Watt (W).

Fig. 1. 3-layer LDM Transmitter [16].
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The second stage of layer combination is similar to the
first LDM multiplexing, but, at this point, the recently gen-
erated (ML and LL) signal is attenuated, using an α2 factor
and is summed with the UL signal. After that, another power
normalization process is done, using the power normaliza-
tion value β2 to normalize the 3-layer LDM signal to 1W.
The α1, β1, α2 and β2 equations are shown in Sec. 4.

To complete the transmission stage, the time and fre-
quency interleaving are applied, the framing process is done,
the OFDMmodulation is realized and the GI is inserted [16].
Finally, the 3-layer LDM signal is transmitted.

3.2 Receiver
The proposed receiver is shown in Fig. 2 [16], [49] and

uses a synchronization stage, where the time, sampling, fre-
quency and frame are synchronized. After that, the steps
of OFDM demodulation, channel estimation and equaliza-
tion are realized and, finally, the frequency and time de-
interleaving are performed. The digital signal processing
stages of the frequency and time de-interleaving, were the
same used in [16]. The OFDM synchronization and channel
estimation stages were proposed by [49].

Fig. 2. 3-layer LDM Receiver [16], [49].

Afirst power recovery stage is required, in order to com-
pensate the second power normalization stage realized at the
transmitter. Thus, an inverted normalization factor is applied
(1/β2). After that, the UL can be de-mapped and decoded
and its data can be recovered.

After the UL recovery step, it is necessary to reconstruct
it again by applying the encoding and mapping processes, in
order to subtract it from the combined (UL, ML and LL)
signal. To perform this cancellation, a buffer is required.

A first gain stage is applied (1/α2), to revert the effect of
the second attenuation stage (α2). Thus, the combined (ML
and LL) signal attenuation that was realized at the transmis-
sion is reversed.

A second power recovery stage is required (1/β1), in
order to compensate the first power normalization stage that
was performed at the transmitter to normalize the combined
(ML and LL) signal. After that, the ML can be de-mapped
and decoded and its data can be recovered.

The same process that was done to reconstruct UL, is
also done with ML. Thus, the signal of ML is encoded and
mapped again, in order to be subtracted from the combined
(ML and LL) signal. After this last cancellation, only the
LL signal remains and the last gain stage (1/α1) is done. To
finish the reception process, the LL signal can be de-mapped
and decoded and its data can be recovered.

4. Mathematical Representation
In this section, the mathematical representation of the

LDM technique is explained. Thus, the equations about the
attenuation and normalization factors are exposed, as well as
the calculations of the expected values of SNR for each layer
are shown.

4.1 Injection Power Level
The values used as attenuation and normalization fac-

tors, commented at the previously explanation about the
transmitter and receiver, can be calculated where is only
necessary to know the ∆ value (in dB), which will be used in
the LDM.

The calculation of the attenuation factor (α) value is
given by

α =
1

10
∆

20
. (1)

The other value used in the process is the normalization
factor (β), which is necessary to normalize the combined
signal to 1 W. The β value is obtained by

β =
10

∆

20

10
D
20

(2)

where D is calculated using (3).
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D =
[
10 × log10

(
1 +

1

10
∆

10

)]
+ ∆ (3)

These equations are used in 2-layer LDM. In this work,
these factors are calculated twice, since two different ∆ val-
ues are used, the first for the combination of ML with LL and
the second for the combination of UL with (ML+LL). There-
fore, two attenuation factors and two normalization factors
are used. The first set of factors (α1 and β1) is applied when
the first stage of LDM, with ∆1, is realized and the second set
of factors (α2 and β2) is used on the second stage of LDM,
with ∆2.

4.2 Layers Degradation
To analyze the effect of LDM on the SNR threshold,

first, is necessary to know the SNR threshold value for each
configuration used in each layer separately, without the use
of the multiplexing technique.

Using the measured SNR values and the ∆ values that
will be used in each multiplexing stage, it is possible to cal-
culate the new SNR thresholds for each layer and expected
levels of robustness for the proposed system.

Equation (4) demonstrates the calculation of the re-
quired value of SNR (in dB) in the UL for a system using
2-layer LDM with the presence of LL [5], [16]

SNRUL = SNRUL0 − k (4)

where SNRUL0 represents the value of the SNR required
by the system with the absence of LL and without the use
of LDM and k represents the degradation of UL, which is
calculated using (5) [5], [16]

k = 10 × log10

(
1 − 10

SNRUL0−∆
10

)
. (5)

Equation (6) can be used to calculated the value of the
theoretical necessary SNR to allow for the recovery of the
LL [5], [16]

SNRLL = SNRLL0 + ∆ + C (6)

where C represents the power correction for the used value
of ∆ and is calculated using (7)

C = 10 × log10

(
P0 +

1

10
∆

10

)
(7)

where P0 is the normalized power of 1 W of UL and LL
before the LDM.

Using (4) and (6) it is possible to calculate the theo-
retical degradation of both layers and find the approximated
values of theminimumSNR forUL and LL in a 2-layer LDM.

The 2-layer LDM equations were modified to fit the
proposed system which uses an additional layer.

In this newmodel, the UL suffers interference fromML
and LL. Therefore, the adapted calculation for the UL SNR
is shown in (8).

SNRUL = SNRUL0 − k1 − k2 (8)

where SNRUL0 represents the value of the required SNR
without the use of LDMand k1 and k2 represents the degrada-
tion of UL because the presence of ML and LL, respectively,
which are calculated using (9) and (10), respectively:

k1 = 10 × log10

(
1 − 10

SNRUL0−∆2
10

)
, (9)

k2 = 10 × log10

(
1 − 10

SNRUL0−(∆2+∆1)
10

)
. (10)

TheML suffers interference from LL and UL. Thus, the
SNRML calculation is shown in (11)

SNRML = SNRML0 + ∆2 + C1 − k3 (11)

where SNRML0 represents the value of the SNR required by
the ML, without the use of LDM. C1 represents the power
correction, for the used value of ∆1 and is calculated us-
ing (12). k3 represents the degradation of ML, caused by LL
presence and is calculated using (13)

C1 = 10 × log10

(
P0 +

1

10
∆1
10

)
, (12)

k3 = 10 × log10

(
1 − 10

SNRML0−∆1
10

)
. (13)

Equation (14) shows how is calculated SNRLL

SNRLL = SNRLL0 + ∆2 + ∆1 + C2 + C1 (14)

where SNRLL0 represents the SNR value required by the LL,
without LDM andC2 represents the power correction, for the
used value of ∆2 and is calculated using (15)

C2 = 10 × log10

(
P0 +

1

10
∆2
10

)
. (15)

Using (8), (11) and (14) it is possible to find the approx-
imated values of minimum SNR for UL, ML and LL in the
proposed 3-layer LDM.

4.3 Bit Rate Equations
The UL useful bit rate value can be calculated us-

ing (16) [24], where NS is the number of segments and can
take the value (1 to 13), NDC is the number of data carriers
for each mode (96 for Mode 1, 192 for Mode 2 and 384 for
Mode 3), NBS is the number of bits per symbol, RCC is the rate
of Convolutional Code (CC) and can take one of the values
1/2, 2/3, 3/4, 5/6, and 7/8, RRS is the rate of Reed-Solomon
(RS) code of the value 188/204, Tu is the symbol duration
time, and GI is the guard interval used in the system and it
can take one of the values 1/4, 1/8, 1/16 and 1/32.
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RbUL =
NS × NDC × NBS × RCC × RRS

Tu × (GI + 1)
(16)

where Tu is calculated using (17) [24], Bw is the bandwidth
(6, 7 or 8MHz) and RNC is the constant value of 1.125.

Tu =
(NS + 1) × NDC × RNC

Bw
(17)

The bit rate available in the ML and LL, RbML and
RbLL, respectively, can be calculate using (18) and (19) [24],
where NS, NDC, NS, Tu and GI are the same as the values
used in the UL, NBSML and NBSLL are the number of bits
per symbol of each layer and RLDPCML and RLDPCLL are the
respective code rates (CRs) of LDPC custom frame for ML
and LL.

RbML =
NS × NDC × NBSML × RLDPCML

Tu × (GI + 1)
(18)

RbLL =
NS × NDC × NBSLL × RLDPCLL

Tu × (GI + 1)
(19)

5. Implementation
In this section, details concerning the implementation

of the proposed system are presented.

The UL data, used in the transmission, was encoded
with CC and RS codes with CR = 2/3 as defined in the ISDB-
TB BICM.The encoded datawasmodulated in 16-Quadrature
Amplitude Modulation (QAM), in order to guarantee a High
Definition Television (HDTV) quality on UL. The ISDB-TB
modulation parameters used in all of the tests were Mode 3
(8k Inverse Fast-Fourier-Transform (IFFT) size), GI = 1/16,
IFFT sampling frequency (FS) = 8.12698MHz, NS = 13,
Bw = 6MHz and Time Interleaver (T I) = 0.

The ML and LL BICM were implemented using QAM
constellations, a LDPC code of the frame size of 19968 bits
and the CRs of 2/15, 5/15, 10/15 and 13/15 were employed
along with a bit interleaver of the same size [16]. As the
Mode 3 of ISDB-TB uses 4992 carriers, the LDPC code
frame size, used in the ML and LL, was designed for 19968
(4×4992) bits, in order to maintain the synchronism between
all the system layers.

Figure 3 shows the constellation of an example of trans-
mission configuration where ML is modulated with Quadra-
ture Phase Shift Keying (QPSK), LL with 16-QAM and
∆2 = 14 dB and ∆1 = 8 dB. In this case, the UL that is
modulated using 16-QAM is delimited by the black dotted
line, the ML is delimited by the gray dashed line and the LL
is delimited by the black continuous line. Thus, each UL
symbol is composed of a QPSK, which is composed of four
16-QAM constellations.

Figure 4 shows the constellation of an example of trans-
mission configurationwhereML ismodulatedwith 16-QAM,
LL with QPSK and ∆2 = 14 dB and ∆1 = 18 dB. The UL
that is modulated using 16-QAM is delimited by the black
dotted line, the ML is delimited by the gray dashed line and
the LL is delimited by the black continuous line. Thus, each
UL symbol is composed of a 16-QAM, which is composed
of sixteen QPSK constellations.

The implementation of the reception stage was done
using soft-decision demodulators, for the ML and the LL,
that uses Log-Likelihood Ratio (LLR) and MSA, in the first
testing configuration, and SPA, in the second testing con-
figuration, LDPC decoders. Using these techniques, it was
possible to transmit and receive the combined signal of the
3-layer LDM broadcast system in SDR.

UL - 16-QAM ML - QPSK LL - 16-QAM

Fig. 3. 3-layer LDM constellation example.

UL - 16-QAM ML - 16-QAM LL - QPSK

Fig. 4. Inverted 3-layer LDM constellation example.
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6. Results
In this section, the obtained results of the performance

tests using several configurations are presented.

To realize the simulations and perform the digital signal
processing, a computer with an I7 6700@3.4 GHz processor,
16GB RAM, GeForce GTX 1060 6GB/PCIe/SSE2 Graphics
Card, Ubuntu 18.04 64 bits and the software GNU Radio
Companion (GRC) 3.7.13.4 was used.

An extensive computer simulation was performed in
order to find the minimum SNR for ML and LL. Aiming
to find the UL operating thresholds, tests were performed
using the transmitter of the proposed system. The Radio
Frequency (RF) signal was transmitted using an Universal
Software Radio Peripheral (USRP) B210, which performs
the conversion of the digital signal to RF. The UL thresholds
were checked using commercial receivers, such as those dis-
tributed to participants of government social programs in the
Analogue switch-off (ASO) process in Brazil [24].

Figure 5 shows the test setup used for the UL SNR
measurements [24]. The UL SNR test was performed ac-
cording to [50]. The USRP B210 generated the LDM signal
and the band power in the Vector Signal Analyzer (VSA)
input was adjusted to −40 dBm considering the useful band-
width of 5.57MHz. The power adjustment was made using
the Attenuator 1 connected to the B210’s RF output while
the Attenuator 2 was configured with its maximum attenu-
ation value of 139 dB. After this adjustment, the Attenuator
1 was set to 139 dB to measure only the noise band power.
Thus, Attenuator 2 was adjusted to keep the noise band power
level at −40 dBm in the VSA, considering the bandwidth of
5.57MHz. It is worth mentioning that the inserted signal in
the receiver’s input connector suffers an attenuation of 6 dB
due to the matching pad placed at the splitter’s output.

Fig. 5. ISDB-TB UL SNR measurements test setup [24].

The SNR is calculated using the values of Attenuators 1
and 2. Setting Attenuator 1 to the reference value and adjust-
ing the Attenuator 2 to reach the receiver’s threshold value
of a BER of 3 × 10−6 after applying RS or the Threshold of
Visibility (TOV). For the threshold, the Attenuator 2 value
was noted and the SNR was calculated. This process was
repeated for all the configurations tested in this work.

The ISDB-TB STB receives the combined signal, with
all the layers, and demodulates the UL, considering the ad-
ditional layers signals as noise.

During the ML and LL simulations, an AWGN noise
was injected in order to measure the SNR value that corre-
sponds to the BER threshold value of 3× 10−6 after applying
the LDPC decoder. These thresholds are used considering
a reception with less than one uncorrected error event per
hour. These values guarantee the QEF after the decoder [51].
The binary data source Pseudo-Random Binary Sequence 23
(PRBS 23) was used in these tests. The maximum number of
iterations for theMSA and SPALDPCdecoders was set to 50.

6.1 SNR Thresholds without LDM
To analyze the effect of LDM on the SNR threshold,

first, a series of test was performed to measure the SNR TOV
value for each configuration used in each layer separately
without the use of the LDM technique. The ISDB-TB config-
uration (RS+CC) results are presented in Tab. 1. The LDPC
configuration results are presented in Tab. 2.

ISDB-TB
(RS+CC)

Minimum SNR
[dB]

Bit Rate
[Mbps]

QPSK
CR = 2/3 4.1 5.73

16-QAM
CR = 2/3 9.9 11.45

64-QAM
CR = 3/4 16.7 19.33

Tab. 1. ISDB-TB SNR TOV values without LDM.

LDPC Custom Frame
Minimum SNR

[dB] Bit Rate
(Mbps)MSA SPA

QPSK
CR = 2/15 -1.2 -3.4 1.24

QPSK
CR = 5/15 1.9 0.4 3.11

QPSK
CR = 10/15 3.7 3.1 6.22

16-QAM
CR = 5/15 7.4 5.4 6.22

16-QAM
CR = 10/15 9.7 9.0 12.43

16-QAM
CR = 13/15 12.7 12.2 16.16

64-QAM
CR = 5/15 11.9 9.7 9.32

64-QAM
CR = 10/15 14.9 13.9 18.64

64-QAM
CR = 13/15 18.4 17.9 24.24

Tab. 2. LDPC configuration SNR thresholds without LDM.
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6.2 2-layer LDM System SNR Thresholds
After the individual SNR thresholds verification, for

each configuration, a 2-layer system was structured in order
to verify the robustness that the chosen decoding algorithm
arouse to the LL.

Some tests were done using the proposed UL with
a 16-QAM constellation and CR = 2/3. A variety of ∆
values have been tested using commercial STBs to define the
minimum value for correct operation, mainly for UL, since it
needs to continue to be decoded by already installed ISDB-TB
receivers. Figure 6 shows the 2-layer LDM results using ∆
values of 11, 12, 13 and 14 dB. For values below 11 dB, the
interference in the UL, caused by the LL presence, has al-
ready affected the robustness of the system, to the point of
making the recovery of information unfeasible.

As the measured SNR value for ISDB-TB, without
LDM technique application, and with the configuration using
16-QAM and CR = 2/3, was approximately 10 dB, the mini-
mum ∆ value must be above this value. Using (5), it can be
noted that, for∆ values equal to or below the SNRUL0 value, it
becomes impossible to perform the degradation calculation.

Analyzing the results shown in Fig. 6, it is possible
to compare the measured results and the expected values
for each layer, using (4) and (6). In the LDM configura-
tion number 2, with ∆ = 13 dB and LDPC SPA, the values
SNRUL = 13.1 dB and SNRLL = 27.3 dB were measured.
Using (4) and (6), the expected values SNRUL = 12.8 dB and
SNRLL = 27.1 dB were calculated. Therefore, it is possible
to make a prediction of the expected SNR values for both
layers of the LDM even before taking measurements.

Fig. 6. 2-layer LDM - SNR vs. ∆ results.

6.3 3-layer LDM System SNR Thresholds
At the beginning of the 3-layer LDM development, the

same reasoning used in the 2-layer system was followed, that
is, the choice of the each layer configuration followed the
hierarchical logical of having the upper layers with higher
robustness and the lower layer with a higher bit rate. There-
fore, the first deployed configuration uses a 16-QAM in the
UL, a QPSK in the ML and another 16-QAM in the LL.
This configuration is similar to a 2-layer system that uses
a 16-QAM in the UL and a 64-QAM in the LL.

Aswith 2-layer LDM testing, a variety of∆2 values have
been tested to define the minimum value for the correct oper-
ation of the UL and several ∆1 values were checked, in order
to guarantee a proper operation of the ML. These variations
and its respective results are shown in Figs. 7 and 8.

Figure 8 shows the 3-layer LDM results using ∆2 =
12 dB.

Using the results shown in Figs. 7 and 8, it is possi-
ble to compare the measured results and the expected val-
ues for each of the layers, using (8), (11) and (14). In the
LDM configuration number 6, with ∆2 = 12 dB, ∆1 = 7 dB
and LDPC SPA, the values SNRUL = 15.2 dB, SNRML =
18.7 dB and SNRLL = 29.0 dB were measured. The ex-
pected values of SNRUL = 14.6 dB, SNRML = 18.2 dB and
SNRLL = 29.0 dB were calculated.

Fig. 7. 3-layer LDM with ∆2 = 11 dB - SNR vs. ∆1 results.
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Fig. 8. 3-layer LDM with ∆2 = 12 dB - SNR vs. ∆1 results.

6.4 Inverted 3-layer LDM System SNR
Thresholds

To investigate a new way of performing the multiplex-
ing process and a possible performance gain, a configuration
with inverted robustness between ML and LL was deployed.
The implementation has a 16-QAM in the UL, another 16-
QAM in the ML and a QPSK in the LL, placing the most
robust modulation in the most attenuated layer of the system.

Using a configuration with higher capacity (bit rate) in
the ML and a greater robustness configuration in the LL, it
becomes possible to allocate a smaller portion of the trans-
mission rate in the most attenuated layer of the system. Thus,
the layer that needs a higher SNR value to be received, has
its importance reduced, considering its influence on the total
bit rate of the 3-layer LDM.

The inverted 3-layer LDM configuration results are pre-
sented in Figs. 9 and 10. Figure 10 shows the 3-layer LDM
results using ∆2 = 12 dB.

It is also possible to make a comparison of the mea-
sured results and the expected values for each layer of this
new approach, using the same equations as the initial im-
plementation of the 3-layer system. For the LDM con-
figuration number 9, with ∆2 = 12 dB, ∆1 = 13 dB and
LDPCSPA, the values SNRUL = 15.4 dB, SNRML = 23.9 dB
and SNRLL = 25.7 dB were measured. The expected
values for this configuration were SNRUL = 14.2 dB,
SNRML = 23.4 dB and SNRLL = 25.9 dB.

Fig. 9. Inverted 3-layer LDM with ∆2 = 11 dB - SNR vs. ∆1
results.

Fig. 10. Inverted 3-layer LDM with ∆2 = 12 dB - SNR vs. ∆1
results.
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6.5 Results Discussion

One of the advantages of using the LDM technique is
the possibility of varying the ∆ values, so that the configu-
ration is adequate to fulfill the system requirements. In the
case of the 3-layer LDM, these variations can be made using
∆2 and ∆1. This was done to generate the results shown in
Figs. 6, 7, 8, 9 and 10.

Among the various alternatives and tested configura-
tions, there are some that showed an interesting performance,
for example, the LDM configuration number 6 shown in
Fig. 8, with ∆2 = 12 dB, ∆1 = 5 dB and LDPC SPA,
where the values SNRUL = 15.7 dB, SNRML = 21.7 dB
and SNRLL = 27.5 dB were measured. The total bit rate
of this configuration is 30.1Mbps and is equal to the total
bit rate of LDM configuration number 2 shown in Fig. 6,
with ∆ = 12 dB, where the values SNRUL = 15.6 dB and
SNRLL = 26.3 dB were measured.

Although the 3-layer LDM result for the LL is not bet-
ter than the 2-layer LDM, it is necessary to consider the
new possibilities that arise with the use of ML, since it be-
comes possible a more modular reception and, with the use
of Scalable High-Efficiency Video Coding (SHVC) that is
the scalable extension of the High Efficiency Video Coding
(HEVC) standard, it is possible to treat the LL data as a com-
plement to the ML. Thus, the ML becomes the base layer and
the LL is used as the improvement layer [33].

Table 3 [52], [53] shows the required bit rate values
for 720p60, 1080p60, 1440p60 and 2160p60, using H.264 -
Advanced Video Coding (AVC), H.265 - HEVC and H.266 -
Versatile Video Coding (VVC) video coding methods.

Although the bit rate of the QPSK used in the 3-layer
LDM seems low, it is necessary to consider the evolution
of video encoders [54]. The use of HEVC and its scalabil-
ity extension can be considered, as well as a more efficient
model such as the VVC. The VVC is planned to be the next
video compression standard by the Joint Video Experts Team
(JVET) and it is supposed to save around 50% of the bit
rate while maintaining the same visual quality compared to
its predecessor the HEVC [55]. The VVC not only targets
high resolution content but also modern video formats like
360◦, High Dynamic Range (HDR), among others [56]. The
HDR provides a viewing experience that scales the bright-
ness range per pixel to offer a more realistic or a more vivid
image. An additional 20% to 30% bit rate load is required in
comparison with the results shown in Tab. 3 [52], [53].

Using modern video coding methods, such as the VVC,
the values shown in the Tab. 3 [52], [53] and the 2-layer LDM
configuration number 2, it is possible to transmit a High
Definition (HD) content in the UL (SNRUL = 15.6 dB) and
a 2160p60 HDR content in the LL (SNRLL = 26.3 dB).

Using the 3-layer LDM configuration number 6, there
are two reception possibilities: 1) Receive only the UL, with
SNRUL = 15.7 dB and the ML with SNRML = 21.7 dB, en-
abling the transmission of HD content in the UL and 1080p60
HDR content in the ML. 2) Receive the three layers, with
SNRLL = 27.5 dB, enabling the transmission of HD content
in the UL and 2160p60 HDR content aggregating the ML
and LL bit rates.

This possibility of receiving two image quality options,
depending on the received signal SNR threshold, guarantees
the addition of modularity in the 3-layer LDM system, when
it is compared to the 2-layer LDM. In other words, with
a SNR of 21.7 dB and the 2-layer LDM configuration 2, it
is only possible to receive the UL signal. In the case of the
3-layer LDM configuration 6, it is possible to receive the UL
and the ML signals.

Considering the options for the system with inverted
robustness hierarchy, shown in Figs. 9 and 10, an interest-
ing configuration to be analyzed is the LDM configuration
number 10 shown in Fig. 10, with ∆2 = 12 dB, ∆1 = 12 dB
and LDPC SPA, where the values SNRUL = 15.4 dB,
SNRML = 24.9 dB and SNRLL = 27.7 dB were measured.
The total bit rate of this configuration is 30.1Mbps and is
equal to the total bit rate of the 2-layer LDM configuration
number 2, with∆= 12 dB,where the values SNRUL = 15.6 dB
and SNRLL = 26.3 dB were measured.

Similar to the 3-layer LDM, using the inverted 3-
layer LDM configuration number 10, there are two recep-
tion possibilities: 1) Receive only the UL and the ML,
with SNRUL = 15.4 dB and SNRML = 24.9 dB, respectively,
enabling the transmission of HD content in the UL and
2160p60 content in the ML. 2) Receive the three layers, with
SNRLL = 27.7 dB, enabling the transmission of HD content
in the UL and 2160p60 HDR content aggregating the ML
and LL bit rates. Also for this case, with a SNR of 24.9 dB
and the 2-layer LDM configuration 2, it is only possible to
receive the UL signal. In the case of the inverted 3-layer
LDM configuration 10, it is possible to receive the UL and
the ML signals.

Video
Quality

Required Bit Rates
[Mbps]

H.264
(AVC)

H.265
(HEVC)

H.266
(VVC)

720p60 Offline 1.7 ~ 2.5 1.3 ~ 1.9 0.7 ~ 1.1
Live 3.4 ~ 5.1 2.5 ~ 3.8 1.4 ~ 2.1

1080p60 Offline 3.4 ~ 5.1 2.5 ~ 3.8 1.4 ~ 2.1
Live 6.8 ~ 10.2 5.0 ~ 7.5 2.8 ~ 4.2

1440p60 Offline 6.8 ~ 10.2 5.0 ~ 7.5 2.8 ~ 4.2
Live 13.5 ~ 20.5 10.0 ~ 15.0 5.6 ~ 8.4

2160p60 Offline 13.5 ~ 20.5 10.0 ~ 15.0 5.6 ~ 8.4
Live 27.0 ~ 41.0 20.0 ~ 30.0 11.2 ~ 16.8

Tab. 3. Required bit rates for AVC, HEVC and VVC video cod-
ing methods. [52], [53].
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7. Conclusion
The proposed 3-layer LDMcan be used as an alternative

process to migrate the Digital Terrestrial Television Broad-
casting (DTTB) in a country. The UL is still compatible with
ISDB-TB and the ML and LL use better methods of coding,
modulation and interleaving. A custom frame size of 19968
bits is used, in order to guarantee synchronism between the
layers. The results displayed for the UL were obtained by
performing tests using commercial receivers. Therefore, en-
suring the backward compatibility of the proposed system.

Along with the implementation of the 3-layer LDM
broadcast system, an alternative configuration with an in-
verted robustness hierarchywas also proposed and simulated,
using a higher order constellation in ML and a lower bit rate
configuration in LL.

The results presented in this paper show that the use of
the LDM with three layers is feasible. It demonstrates the
possibility of a software implementation of LDM transmitter
and receiver using LDPC codes in ML and LL. The decoding
performance has been enhanced by replacing the MSA with
the SPA decoder.

In addition to the measured results, a mathematical rep-
resentation of the proposed 3-layer system was developed,
based on the traditional 2-layer system. Therefore, a the-
oretical operational analysis of the 3-layer LDM broadcast
system was possible.

The main advantages of adding ML to the system are:
the increase in bit rate, when compared to a system without
LDM, and the addition of modularity, when compared to
a 2-layer LDM.

As future work, it is possible to perform the tests that
were done in this work, but considering multipath channels,
for the 2-layer LDM and the different configurations of the
3-layer LDM. In addition, a more detailed analysis of the
cancellation process delay is important and can provide new
ideas and implementations that allow the reduction of this
delay, such as the use of different techniques to perform the
cancellation stages.
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