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Channel Estimation and Detection for

Advanced Digital Terrestrial Television System*

Ryan Paderna

Abstract

The research contributions are to improve both capacity and reliability for
next generation broadcasting systems. Due to spectrum-scarcity, the capacity
improvement for new services, e.g., 4K television, requires radio broadcasting
signals using the same frequency band as the existing Integrated Services Digital
Broadcasting - Terrestrial (ISDB-T). To fulfill this task, we employ Layered Di-
vision Multiplexing (LDM) to simultaneously transmit: (1) primary data stream
for ISDB-T and (2) an additional secondary data stream, from which 4K receiver
can combine with the primary stream to obtain 4K signal. In doing so, an in-
terference problem between two data streams arises which may result in a severe
reliability deterioration for both layers. Therefore, we only multiplex the sec-
ondary stream in a partial manner so that the interference between layers can be
reduced. Partial LDM is possible since the transmission capacity of the secondary
layer exceeded the minimum requirement due to reuse of primary layer. We can
reduce the error-rate using partial LDM because there will be less interference
between two layers of LDM.

Improving the reliability for broadcasting systems requires accurate knowledge
of the radio channel, which can be acquired by channel estimation (CE) process.
Since the impulse response of the radio channel is sparse, we adopt compressed
sensing (CS) to efficiently perform the CE. The CS-based CE generates the chan-
nel impulse response by initially determining the delay time for each path and

then calculating the associated attenuation coefficients. Therefore, CS-based CE

*Doctoral Dissertation, Graduate School of Information Science,
Nara Institute of Science and Technology, NAIST-IS-DD1561031, March 15, 2018.



is vulnerable to fractional delay where the delay time cannot be correctly recov-
ered due to long sampling period and/or imperfect synchronization in broadcast-
ing systems. Therefore, we have proposed a “virtual oversampling” technique for
CS which uses an oversized Discrete Fourier Transform (DFT) matrix to detect
the fractional delay at the receiver-side without increasing the signal bandwidth.
As a result, accuracy of the CE and the reliability of the transmission are signif-

icantly improved.

Keywords:

Compressed sensing, Orthogonal Matching Pursuit, ISDB-T, DTTB, LDM, SFN,
STBC
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1 Introduction

The first part of this chapter discusses the research motivation of LDM and CS
in DTTB system. And then, the statement of the problem of the dissertation
is presented. Next, the research contribution and scope will be discuss. The

dissertation layout is shown at the last part of this chapter.

1.1 Research Motivation

full HD 1920 x
1080 pixels

4K 3840 x 2160 pixels

8K 7680 x 4320 pixels

Figure 1.1: The resolution comparison between full HD, 4K and 8K

Television broadcasting is popular all throughout the world. In fact, there are
over 1.4 billion television sets and 4.9 billion television audience in the world
around 2009 alone, according to the statistics from International Telecommuni-

cations Union (ITU) [6]. That is because television provides much information



and entertainment aside from newspapers, radio, and Internet. With the devel-
opment of technology and innovation, television system evolves throughout the
years from black and white to color, and from analog to digital. Currently, televi-
sion will evolve from HDTV to 4K /8K resolution. Figure 1.1 shows the resolution
comparison between full HD, 4K, and 8K. Here we can see that 4K/8K has higher
resolution compared to the previous full HD resolution. With the high resolution
for 4K /8K, the viewers can enjoy almost close to reality videos compared to full
HD resolution. Most of the household today preferred to have 4K TV instead
of 8K TV because the size of 8K TV is too big. 8K TV is only popular for
advertisement screens in public places such as airport, malls, train stations, etc.

The delivery of the television services to the people is now very flexible. People
can now access television program in many ways such as terrestrial DTV, satel-
lite DTV, cable DTV, and Internet Protocol TV (IPTV). Nevertheless, terrestrial
DTV is still the most popular because the infrastructure implementation is easy,
and the terrestrial signal is free for all. There are many standards for DTTB
system around the world which includes Digital Video Broadcasting-Terrestrial
(DVB-T) [7], Advanced Television System Committee (ATSC) [8], Integrated
Services Digital Broadcasting-Terrestrial (ISDB-T) [2], and Digital Terrestrial
Multimedia Broadcasting (DTMB) [9]. In Japan, ISDB-T is currently used since
2003 after analog broadcasting. In fact, analog broadcasting was completely shut-
down last 2011. And at the moment, 4K /8K terrestrial broadcasting is currently
on going development which is the next step after ISDB-T.

Because of the evolution of TV system, the new system always require higher
transmission capacity compared to older generation DTTB system. However,
the transmission capacity is very limited and cannot support higher transmission
demand for 4K/8K TV sets. Fortunately, there are many researches and methods
to improve the signal detection and transmission efficiency. Nowadays, hardwares
is capable of faster processing with high memory which can support complex
signal processing. The multiplexing of signals before is only limited to either
time division multiplexing and frequency division multiplexing. With the advent
of improved error correcting codes, we can now transmit multiple information
at the same time and at the same frequency spectrum resources using Layered
Division Multiplexing (LDM) [10]. With LDM, the transmission capacity will



increase which can be applied for next generation DTTB system for 4K /8K TV.

However, terrestrial wireless broadcasting comes with a price because the sig-
nal suffers from interference and multi-path propagation that degrades the signal
quality when the signal reaches the receiver. One way to improve the signal qual-
ity is to estimate the channel itself. Since broadcast transmission is always from
transmitter to receiver without any feedback, the transmitter will use pilot for a
receiver to know the quality of the channel. That is why, CE is very important in
the field of wireless broadcasting. With various studies about wireless channel,
it was found out that the channel has a sparse characteristic [11-14]. Because
of the assumption that wireless channel is a sparse, the channel estimation al-
ways consider the method called compressed sensing (CS). CS is very beneficial
because it only requires few pilots and the overall performance is better resulting

to higher transmission capacity [15].

1.2 Statement of the Problem

The demand of DTTB transmission capacity is increasing overtime. It is very nec-
essary to develop a new technology that will support higher transmission capacity
over wireless channel. For the next generation DTTB system, the transmission
capacity should support a 4K resolution transmission. Implementing a 4K ter-
restrial broadcasting is very challenging because there are no available frequency
spectrum, and it also requires high transmission capacity. Since the next gen-
eration DTTB system does not have enough frequency spectrum resources, this
research will reuse the frequency spectrum resources of ISDB-T.

Another issue to consider is how to increase the wireless transmission efficiency.
For OFDM to have better transmission efficiency, the majority contents of subcar-
riers should be data (video or audio) instead of pilots for CE. That is why, CS was
considered as a technique for CE because it only requires less pilots with better
overall performance [16]. However, CS requires higher complexity in estimating
the channel.

One of the technique of complexity reduction for CS based CE is to implement
in time domain instead of frequency domain [17]. The frequency domain CE is

considered to be high in complexity because the system requires CE for each



OFDM subcarrier. The total number of OFDM subcarrier for DTTB system is
enormously high which makes it difficult to implement CE for all OFDM subcar-
riers. In time domain CE, we only need to estimate the CIR within the guard
interval which is less complex compared to frequency domain CE.

However, time domain CE suffers from the impact of fractional delay due to
non-synchronization between transmitter and receiver [18]. With the fractional
delay, the CIR will be no longer sparse which makes CIR estimation difficult
using CS. One of the solution to lessen the impact of fractional delay is to apply
oversampling [19]. However, oversampling will further increase the transmission
bandwidth and the ISDB-T is only limited to 6MHz. This research considers the
problem of fractional delay for time domain CE. In addition, the problem should
also consider the complexity requirement in reducing the impact of fractional
delay.

1.3 Research Contribution

The first contribution is the system design to increase the transmission capacity
of ISDB-T to be used in next generation DTTB system which is related to publi-
cation (J1) and (D1). In this topic, the researcher implements a LDM to transmit
additional data to scale up the ISDB-T into 4K resolution. In addition, the pro-
posed system implements only partial LDM to lessen the interference between the
ISDB-T and the additional data since the conventional full LDM already exceeds
the minimum transmission capacity for 4K system.

The second contribution of the dissertation is the time domain channel esti-
mation using compressed sensing. In time domain CE, a fractional delay issue
arises when a receiver is no longer synchronized with the transmitter. To lessen
the impact of fractional delay, the researcher proposes a virtual oversampling
as a substitute of oversampling since oversampling will increase the transmission
bandwidth. In addition, this research modifies the algorithm of CS called Orthog-
onal Matching Pursuit (OMP) to lessen the computational cost in estimating the
channel.

The second contribution is divided into two sub-contributions. The first is

the mitigation of fractional delay which is related to journal publication (J2)



and domestic conference publication (D2). The other sub-contribution of the
second contribution is about low-complexity channel estimation which is related
to international conference publication (I1) and (12), and domestic conference
publication (D3).

1.4 Scope and Limitation

The scope of this research includes the theoretical design of the components of
transmitter and receiver of DT'TB system. The first task includes the formation
of signal model from transmitter to receiver. The signal model can be described
in two parts which includes transmitted signal, and the received signal. The low
complexity channel estimator and detector scheme are included in the receiver
side. The second task is the implementation of the designed model using sim-
ulations. The simulation results include the BER performance of the proposed
systems. The research is limited and does not include the actual hardware im-

plementation of the transmitter and receiver.

1.5 Dissertation Layout

The dissertation is divided into six chapters. Chapter 1 presents the introduction
that includes motivation, statement of the problem, contributions, and limita-
tions of the research. Chapter 2 discusses the overview and system model of
ISDB-T and next generation DTTB system. In Chapter 2, the signal model was
described in terms of transmitted signal and received signal. Chapter 3 presents
the proposed migration of next generation DTTB system using LDM. Chapter
4 contains the detailed discussion about time domain CE for ISDB-T and next
generation DTTB system using CS. The first part of Chapter 4 contains the
overview of CS. And then, the channel estimator of ISDB-T and next generation
DTTB system will be discussed in detail in the last part of Chapter 4. Chapter
5 presents the proposed low complexity channel estimator using CS with virtual
oversampling. Finally, the last chapter will conclude the dissertation.

Table 1.1 shows the corresponding publications that is link to different chapters

of this dissertation. The publication reference is referred to the publication list



Table 1.1: Dissertation chapters with its corresponding publications

JL|J2| 11|12 |D1|D2]|D3
chapter 2 OO
chapter 3 | O O
chapter 4 OO0 O
chapter 5 O O

of the dissertation.



2 Overview of Digital Terrestrial

Television Broadcasting

2.1 Integrated Services Digital Broadcasting -

Terrestrial

Figure 2.1: DTTB standards around the world [1]

ISDB-T is a Japanese standard for DT'TB system that was implemented in Japan
since 2003 [2]. Other countries around the world such as Philippines, South
America, Sri Lanka, etc. also adopted the ISDB-T. Figure 2.1 shows the DTTB
standards around the world. ISDB-T is capable of offering different services such

as television, mobile TV, emergency notification for earthquake, tsunami, etc.



Table 2.1: Parameters of the ISDB-T standard

ISDB-T mode Mode 1 Mode 2 Mode 3
Number of OFDM segments 13

Channel bandwidth 6 MHz

Useful bandwidth 5.575 MHz 5.573 MHz 5.572 MHz
Subcarrier spacing 3.968 kHz 1.984 kHz 0.9992 kHz
Number of total subcarriers 1405 2809 5617
Number of data subcarriers 1248 2496 4992

Modulation method

DPSK, QPSK, 16QAM, 64QAM

FFT window size 2048 4096 8192
Number of symbols per frame 204
Effective symbol length 252 us 504 us 1008 us

1/4,1/8,1/16,1/32 of effective symbol length
Convolutional code (1/2, 2/3, 3/4, 5/6, 7/8)
Reed-Solomon (204,188)

Guard interval length

Inner code

Outer code

The ISDB-T uses multiple subscarriers in frequency domain to transmit sym-
bols. This modulation technique is so-called “OFDM”. The Orthogonal Frequency
Division Multiplexing (OFDM) is a broadband modulation scheme transmitting
a high rate stream using multiple subcarriers with low symbol rate [20]. The
OFDM has many merits such as high spectral efficiency, and robust against in-
tersymbol interference. The spectral efficiency of OFDM is very high because it
does not require any guard bands in between the subcarriers. In addition, each
subcarrier is so narrow enough to make it prone to frequency-selective channels.
In such transmission system, each subcarrier experiences a random flat fading
while the whole signal spectrum experiences frequency selective fading. Thus,
reliable estimation for channel frequency response (CFR) is necessary for accu-
rate signal detection. OFDM is also prone to multipath fading due to the guard
interval inserted in front of every OFDM symbol [21].

ISDB-T offers three different modes depending on the trade off between multi-
path fading and Doppler shift. Table 2.1 shows the different parameters for each

different mode. Mode 1 is mostly used for mobile reception because it is robust



against Doppler shift due to small symbol length. On the other hand, Mode 3 can
be implemented for fixed receiver because it is robust against multipath fading
due to longer symbol length. While mode 2 is neutral or in between mode 1
and mode 3. These modes are selected depending on channel characteristic and
receivers which offers great flexibility to different scenarios.

429kHz
k—

[ Jusw3as
7 Juow3as
€ yuow3as

7~

6MHz i Freq.

Figure 2.2: 13 segments of ISDB-T

In ISDB-T, a 6MHz bandwidth is divided into 13 segments as shown in Fig.
2.2. Each segment has a bandwidth approximately 429 kHz. And also, each
segment has an independent parameters, coding rate, and modulation scheme.
Segmentation of ISDB-T bandwidth will allow a partial reception for different
types of receiver. For example, a mobile receiver will only use single segment,
while fixed receiver will require more than one segment. With this kind of band-
width segmentation, only single 6MHz of bandwidth of ISDB-T is needed for all

types of receiver eg. fixed receiver or mobile receiver.
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Figure 2.3: Overview of the signal processing in ISDB-T transmitter [2]

Figure 2.3 shows the overview of ISDB-T transmitter. The video, sound, and
the other data are encoded as an “MPEG-2 systems” in the source coding block for
initialization. The MPEG-2 systems are then re-multiplexed to create a single
transport stream (TS) to the channel coding. Finally, the signal is then sent
as a single OFDM transmission wave after channel coding. The ISDB-T can
provide standard-definition TV (SDTV), high-definition TV (HDTV), one-seg
mobile reception for handheld devices, interactive TV, and emergency warning
broadcasting. The signal power requirement for ISDB-T transmission is lesser

compared to analog TV.

2.1.1 System model of conventional ISDB-T

Figure 2.4 shows the system block diagram for the transmitter and receiver of
ISDB-T. The payload u is composed of (K — M) data symbols and M pilot
symbols inserted in OFDM subcarriers. The arrangement of the pilots and data

subcarriers are shown in Fig.2.5. The payload u is defined as,
T
u= [uo Uy - uK,l} , (2.1)

where [-]7 is transpose of a vector. The entry payload vector u is defined as

Pm ; (Z = O)
Hem+ { demsi 3 (0<i<O). (22)

10
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Figure 2.4: ISDB-T system block diagram for transmitter and receiver
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frequency subcarrier

0000000000000 O000OOOOOO0 -
0000000000000 0OeO000000 - -
0000000000000 0OO0Oe00O0 -« -
0000000000000 0OO0OO0O00e - -

OFDM symbol

Po P .
\/ OCBOOOOOOOOO(J)OOOOOOOOOO .-

C
N J
Y
u

@ scattered pilot
O data

Figure 2.5: Subcarrier arrangement for pilot and data symbol of OFDM for ISDB-
T

The p,, is the m-th pilot symbol where m € {0,..., M — 1} and dgy,y; is the
(Cm + i)-th data symbol. The C' = round(K /M) represents the number of data
subcarriers inserted between the two pilots.

The OFDM symbol s can now be obtained by multiplying the payload u with

the reordering matrix Q and the inverse of DFT matrix F defined as
s=F'Qu. (2.3)

The reordering matrix Q is defined as

O0x/2)x(k/2) Lic/2
Q= [Onv—r)x(k/2) ON—K)x(K/2) | 5 (2.4)
Ix /o Ok /2)x (K/2)

with a size of N by K. The structure of reordering matrix is composed of identity
matrix I with size of K and zero matrix Oy with size of K by N. The purpose
of reordering matrix is to arrange the positive side and negative side of active

OFDM subcarriers. While the matrix Q will suppress the unused subcarriers

12



before actual transmission. The DFT matrix F with size N by N is defined as

1 2mkn
F = ﬁ [exp <—j N )1 O<he(v-1) (2.5)

0<n<(N—-1)

A cyclic prefix (CP) is added to s to avoid inter-symbol interference. And
then, the signal is applied to the digital-to-analog converter (DAC) to generate
the baseband transmit signal s(t). Bandwidth of the DAC is f; = 1/T; where
T, is symbol interval. Here we can observed that oversampling is not applied in
the transmitter side. The OFDM symbol s is then up-converted and transmitted.
During transmission, an additive white Gaussian noise is added to the transmitted
signal together with multipath channel.

At the receiver side, the received signal is initially frequency down-converted

using low pass filter after convolution operation with g(¢) defined as

r(t) = g(t) = s(t) + z(t), (2.6)

where g(t), z(t) are the channel impulse response (CIR) and AWGN, respectively.

The operation (x) denotes convolution. The CIR is expressed as

g(t) = f hio(t — ) (2.7)

where h; is complex-valued gain and 7; is the delay for the [-th propagation path
of the L multipath channel.

The received signal, r(t), is applied to a low pass filter with a cut-off frequency
of 1/(2T%), followed by the analog-to-digital (ADC) converter with sampling fre-
quency fs = 1/T,. And then, CP removal is performed after from the analog-to-
digital conversion .

The received signal r after CP removal is then given by
r=Gs+z, (2.8)

where G and z represent the channel matrix in time domain and the noise vector,
respectively.
We observed that the signal processing in the receiver is the opposite of the

transmitter and uses the same DFT matrix F and transpose of reordering matrix

13



Table 2.2: Specification of next generation DTTB system using MIMO transmis-

sion [22]
Modulation method OFDM
Occupied bandwidth 5.57 MHz
Carrier modulation 64QAM, 256QAM, 1024QAM, 4096QAM
FFT size 8k (5,617), 16k (11,233), 32k (22,465), 64k (44,929)

Guard interval ratio 1/8 (504 psec), 1/16 (252 psec), 1/32 (126 usec)
Error-correcting code | inner:LDPC (code rate —2/3, 3/4, 5/6), outer:BCH
Transmission capacity 91.8 Mbps (4096QAM), 76.5Mbps (1024QAM)

Q of the transmitter. The received signal vector v in frequency domain can be

obtained using
v=Q"Fr = Q"HQu + zp, (2.9)

where H = FGF ! = diag(h ) is the diagonal frequency domain channel matrix.
The diagonal elements of H forms the channel frequency response h , where each

entry is

n Ll 2mnT
h =5 hexp( - <n<(N-1)) 2.10
(NT;) 2 leXp( INT, ) (0 sn<( )> (2:10)

While the zp = QT Fz is the noise spectrum.

2.2 Next (Generation DTTB System

The next generation DTTB system will implement 8K /4K terrestrial broadcast-
ing. It uses several new technologies such as Multiple Input Multiple Output
(MIMO), Single Frequency Network (SFN), and STBC to support high trans-
mission rate requirements for 8K /4K Ultra High Definition TV (UHDTYV). Table
2.2 shows several parameters for the next generation DTTB with a transmission
capacity up to 91.8 Mbps. This kind of transmission can perfectly support an 8K

transmission using only 6MHz of bandwidth.

14



At the moment, the next generation DTTB system is on going development
because there are not much frequency spectrum resources to support a terrestrial
broadcasting. This is the reason why the developers consider an SEN technique
for frequency spectrum reuse in every transmitter. SFN is a network of trans-
mitters that transmit signals using single frequency spectrum resources to widen

the coverage area [23].

2.2.1 System model of next generation DTTB system

Figure 2.6 presents the system model of next generation DTTB system using
SEN. The system model in the shown figure is composed of two transmitters
(transmitter A and transmitter B) that transmit the same set of signals with
synchronization. FEach transmitter and receiver is composed of two antennas
(horizontal and vertical). The whole system is equivalent to a 4x2 MIMO system
with a channel defined as h; ; from j-th antenna of the transmitter to i-th antenna
of the receiver. The location of the two transmitters are separated in different
location with different coverage area. In Fig.2.6, the location of the receiver is
within the overlapping coverage area of two transmitters wherein the receiver
receives signals from both transmitters. The pair of transmitters should synchro-
nized with each other using STBC to avoid intersymbol interference between the

signals of different transmitters.
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Table 2.3: Transmission of symbols using STBC

transmitter A transmitter B
time | horizontal | vertical | horizontal | vertical
' So S —S; Sy
t+1] S Sy S _s
horizontal ﬂ\ N
~ OFDM O\
modulator YN hgo
input . Ryon \\\
p STBC transmitter A 10 .
data \ "
: ho1 \ R ]
vertical TZ; —————— No--- A?L horizontal
S \ h 4
~ OFDM % OFDM -
modulator hars . /<\/\/ demodulator channel
hO% NN estimation output
N and STBC
______ R data
horizontal hyy [/ ) vertical decoder
-~ OFDM s OFDM -
modulator hos” demodulator
nput| | STBC transmitter B~/ /7 has
data S
vertical

» OFDM
modulator

Figure 2.6: System model of next generation DTTB system using SFN [3]

The STBC is a multiplexing technique for wireless communications using mul-
tiple antennas [24]. The STBC can increase the diversity without requiring any
bandwidth expansion and it does not require feedback from receiver to the trans-
mitter. For example, if we are given a symbols {5, S1, 52,53} for transmission,
the STBC will require two time instances (¢ and ¢ + 1) for complete transmission
of the symbols. Table 2.3 shows the symbols to be transmitted in each antenna
in every time instances. The notation (-)* indicates the complex conjugate of the

symbol.

Using the transmitted symbols in table 2.3, the received signal in horizontal
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antenna y(()t) and vertical antenna y%t) at time instant ¢ can be modeled as

So
v | | koo kol hey kg || S 2.11)
y" hig YRS RS || sy |
53
while the received signal at time instant ¢ 4 1 can be modeled as,
S
t+1 t+1 t+1 t+1 t+1
y(()+ : _ h(()oJr : h(()fr : h((32+ : h(():;r : S3 (2.12)
A N N A S |
— S5

By combining the Eq.(2.11) and Eq.(2.12), we can have an equivalent 4x4 MIMO

system described as

%" T 1 N S So

O I N3 Y ) U S ) S (213
y;(t—&-l) — h;;t-&-l) _h;§t+1) _hS(()t-l-l) h;gt-i-l) —S; : :
A B e e AU R A

The channel matrix in Eq.(2.13) is an orthogonal matrix which can be easily de-
coded using Alamouti code [25]. Using the received signal vector, the transmitted
symbols can be easily detected by multiplying the received signal vector with the
inverse of channel matrix. The Eq.(2.13) does not consider the full diversity
capability of STBC.

In this research, a full diversity STBC will be considered where the received

signal with noise n can be modeled as

y = Hx + n. (2.14)
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The receive signal y is a vector defined as
.

)

y(()t;rB)
y(t+3)
1
Yo
* 4
yl(t+ )

*(t47
yo( )

*(t+7
yl(-i‘)

The entry of vector y is composed of received signal of each antenna for different
time instances t to (t + 7).
In order to realize STBC process, a channel matrix H is used to multiply to

the vector y. The channel matrix H can be defined as

H:{;], (2.16)

where J is,

J= . (2.17)

Here we can observed that 4 symbols are transmitted at 2 time instances resulting
to a STBC rate of 1/2.

With the STBC implementation in a single frequency network, it is expected
that the diversity will increase if the receiver receives multiple signals from mul-
tiple transmitters. In [3], a diversity gain analysis using STBC-SFN was imple-

mented using simulation. Figure 2.7 shows an illustration of coverage area of
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station A+ B

station B only

station A only

Figure 2.7: Coverage area of two transmitters (station A and station B) using

Single Frequency Network

two transmitters where portion of the coverage area can receive signals from two
transmitters (station A 4+ B), while other coverage area can only receive signal
from single transmitter (station A only or station B only).

Figure 2.8 shows the bit-error-rate (BER) performance comparison of the re-
ceiver placed in a station A + B coverage area and a receiver placed in station A
only coverage area. A system with two receive signal from station A and B will
have different receive signal power from different transmitters. Here we defined

power difference (PD) as

receive signal power from station B

receive signal power from station A’

We can observed in Fig.2.8 that the BER performance with two receive signal has
less error compared to a receiver in station A only coverage area. In addition, we
can also further reduce the error rate if the receiver receives higher power signal
for both stations (PD=0dB) compared to negative value PD.

19



107 g
1 T
10-2 .\ . O e )
. . 8,
\O\ Ao -

Iy
J/ | !
! i
[
/
/o
ant
A

1074 P
station A+B, PD=0dB — e ®. . ¢
10° L station A+B, PD=-3dB & gl
station A+B, PD=-6dB -0 :
station A+B, PD=-9dB - \+
- station A only -—-&--- |
10°° . .
S 10 15 20 25
Eb/No [dB]

Figure 2.8: BER performance for two transmitters vs. one transmitter coverage

areas
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3 LDM for Migration of Next
Generation DTTB System

The next generation generation DTTB systems such as 4K-resolution and 8K-
resolution is currently on going development. While the ISDB-T that offers high
definition TV (HDTV) [2] is currently used by people in Japan. The field exper-
iment operated by Nippon Hoso Kyokai (NHK) successfully transmitted an 8K
signal using STBC over a SFN system [22]. The experiment of the SK DTTB
system was conducted in a rural area so that TV subscribers will not be affected
by co-channel interference. However, an issue needs to be considered is how to
implement the next generation DTTB system without requiring new frequency
resources. Currently, the UHF band from 470 MHz to 710 MHz are assigned
for the ISDB-T [26]. One of the promising way is to transmit the next genera-
tion DTTB signal with the current ISDB-T signal over common frequency band
simultaneously. In order to demodulate properly the ISDB-T stream, ISDB-T
receiver will only require very simple STBC decoder. The contribution of this

chapter can be defined below as:

1. The proposed system will have a very efficient spectrum resource utilization

because of ISDB-T frequency spectrum reusing.

2. The primary layer is used not only for cancellation to obtained the secondary
layer, but also part of the 4K UHD data. In this research, a combination of
primary and secondary data stream is implemented to obtained a 4K UHD
data.

3. With the reuse of primary layer to obtained the 4K data stream, we can

reduce the capacity requirement of secondary data stream using partial
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LDM. In that way, we can reduce the interference between primary and

secondary layers of LDM.

3.1 Principle of LDM

In this research, the Layered Division Multiplexing (LDM) was implemented to
exploit the non-orthogonal multiplexing capability of this technique [27]. LDM
became popular for next generation DTTB because of its efficient frequency uti-
lization and robust performance. In fact, the LDM was employed in ATSC 3.0
as a new technology for next generation DTTB system [10]. LDM is composed
of two layers namely primary layer signal for high power signal transmission, and
the secondary layer signal designed for high capacity transmission. The signal
power of the secondary layer is very low wherein it is considered as an additional
noise in reference to the high powered primary layer [28].

In the literature, there is a similarity between hierarchical modulation and
LDM. But the next generation DT'TB developers prefer to implement LDM com-
pared to hierarchical modulation because LDM is more flexible. LDM has more
freedom on how much transmission rate will be implemented for primary and
secondary layer. It is because LDM uses two independent constellations with
different transmission power overlapping with each other. While hierarchical
modulation uses only single constellation for two different information (e.g. com-
bination of 4-PSK for primary layer and 16QAM in the secondary layer results
to a 64QAM) [29]. For 4-PSK in 64QAM hierarchical modulation, the number
of bits per symbol in each subcarrier is 6, because 2 bits are modulated by using
QPSK for primary layer, and additional of 4 bits are modulated for secondary
layer. Another example is the QPSK/16QAM hierarchical modulation, where 4
bits per symbol are used [30]. In QPSK/16QAM hierarchical modulation, 2 bits
are used for primary layer, while additional of 2 bits for the secondary data stream
can be implemented. In summary, the conceptual difference between LDM and
hierarchical modulation are: 1.) LDM is configured by use of spectrum over-
lap technology while the hierarchical modulation mainly focuses on backward
compatibility and it does not based on spectrum overlapping. 2.) Hierarchical

demodulator does not have signal cancellation capability compared to LDM. In
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LDM, cancellation of multiple signals in different layers is necessity for demodu-

lation.
power
A ‘ primary
/
injection level layer
Y
; RF + | secondary
* channel BW layer
frequency

Figure 3.1: Bandwidth configuration using LDM for ISDB-T and secondary data

stream

With the implementation of LDM as illustrated in Fig.3.1, a dual transmission
of ISDB-T and secondary data stream is possible. In Fig.3.1, the primary layer
is assigned for ISDB-T, and the secondary layer is assigned for secondary data
stream. However, LDM is prone to interference due to superposition between
the primary and secondary layer. And also, the primary layer symbol is wasted
because it is only use for cancellation to obtain the secondary layer. In order to
solve these issues, the proposed receiver reuses the primary layer to reconstruct
higher data rate streams in combination with the secondary data stream. A re-
lated work is the augmented data transmission (ADT)-based ultrahigh definition
(UHD) television transmission system using an existing ATSC terrestrial DTV
system [31]. A combination of Moving Picture Experts Group-2 (MPEG-2) based
DTV signal and High Efficiency Video Coding (HEVC)-based DTV signal to form
a 4K UHDTYV is implemented in ADT system.

A reduction of transmission capacity requirement for secondary data stream
can be achieve because of reusing the ISDB-T data. With partial LDM imple-
mentation, we can reduce the interference between upper and lower layer. Hence,
the secondary layer data stream does not lay down over the whole symbols, but
partial secondary layer symbols are employed to transmit additional data. The
ISDB-T data can be treated both as supplementary data for next generation

DTTB system, and use in cancellation to obtain the secondary data stream.
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3.2 Proposed LDM based system
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Figure 3.2: System block diagram of combined ISDB-T and next generation
DTTB system using LDM

The SEN system block diagram using two transmitters and next generation
DTTB receiver is shown in Fig.3.2. The next generation DTTB system adopts
multiple transmitters that operates in an identical frequency band [23]. Each
of the transmitters composes of two antennas with different polarities equivalent
to a MIMO system. The dual polarized antennas transmit simultaneously using
horizontal and vertical polarized waves for different data streams to increase of
transmission capacity [22]. With the STBC-MIMO application, the diversity gain
will increase and lessen the error-rate as shown in Fig.2.8 in the previous chapter.

A synchronization between different transmitters is necessary to avoid inter-
symbol interference in SFN. One of the techniques for transmitters synchroniza-
tion is longer duration cyclic prefix of OFDM systems. Longer duration CP makes
the transmit delay among different transmitters fall within CP duration. Another
promising technique is the STBC application. An Alamouti code is implemented
in STBC to increase the MIMO diversity [25].

In the proposal, the ISDB-T is placed in the primary layer, while an additional
data stream (HEVC) is used in the secondary layer. Combining both layers can
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achieve a 4K UHDTYV signal. The ISDB-T data and secondary data stream are
combined in frequency domain before IFFT. Before combining both layers, it is

necessary to adjust the signal power for both layers using the injection level (IL).
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Figure 3.3: BER performance for different values of injection coefficient ratio

Figure 3.3 shows the method of choosing the optimum value of /L. Figure .3.3
shows the BER performance for the ISDB-T and secondary data stream with
different values of injection coefficient ratio in the Eb/No=25dB. The injection
coefficient ratio can be calculated by 10 -log(I/L/(1 — IL)) [dB]. Higher injection
coefficient ratio will increase the signal power of ISDB-T which result to a less
error-rate for ISDB-T. On the other hand, lower injection coefficient ratio will
increase the signal power of secondary data stream, which lessen the error-rate
of secondary data stream. We can observe in the figure where the point of BER
performance for both layers is almost identical is around 8dB. The optimum value
of IL will depend on the modulation parameters of both LDM layers.

In Eq.(2.14), the transmitted signal x is composed of primary and secondary
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layer defined as

: (3.1)

where a; and b; corresponds to transmitting symbols for primary and secondary
layer in the ¢-th symbol, respectively. Here we can observed that both ISDB-T
signal and secondary data stream signal are both multiplied to the channel matrix
H in Eq.(2.14) for STBC. This suggest that the ISDB-T signal also implements
STBC process as shown in Fig.3.2.

In the proposal, a partial LDM assumed that the achievable capacity of the
secondary layer exceeds the minimum requirements due to the reuse of the ISDB-
T data as suggested in ADT system. The proof is provided in section 3.4. In that
way, we need not to implement LDM for all the transmitted signal from ISDB-
T transmission and next generation DTTB transmission. With the proposal of
partial LDM, the Eq.(3.1) can be simplified into

ILCLO+(1—]L)b0
IL-ay+(1—1L)-b
X(50) = ' <a2 )b , (3.2)
as

for 50% partial LDM where 2 out of 4 transmitted signals only implement LDM.
On the other hand, the

[La0+(1—IL) 0
IL-ay+(1—1IL)-b
IL-ay+(1—1L)-by |’

as

X(75) = (3.3)

is for 75% partial LDM where 3 out of 4 transmitted signals are LDM imple-
mented.

The pilots in ISDB-T are shared together with the secondary data stream
system to avoid pilot interference between both layers. The scattered pilots (SP)
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are transmitted using

SPy.
SPy.
0
0

) (3.4)

in the k-th subcarrier of transmitted signal x. The SP subcarrier position is
the same all throughout the transmitted signals. A detailed explanation about
channel estimation in section 4.3 is provided on how to combined the different

received pilots for interference avoidance.

3.3 Proposed LDM decoder

The LDM will allow two different signals to transmit using common frequency
band. This suggests that LDM system will have two different receivers. This sec-
tion will explain the details of two receivers: ISDB-T receiver with STBC decoder,
and the next generation DTTB receiver for 4K UHDTV. The ISDB-T receiver
with STBC decoder will demodulate the primary layer only. While the next gen-
eration DTTB receiver will demodulate the primary layer for initialization, and
then a combination between both layers to obtain the 4K UHDTYV signal.
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3.3.1 Primary layer LDM decoder

e
CP removal j

y
FFT buffer

A4 A4
pilot STBC ISDB-T

extraction decoder data
A

v

IFFT FFT

A
Compressed Sensing based
Impulse Response

Estimator

Figure 3.4: ISDB-T receiver with STBC decoder

The block diagram of the ISDB-T receiver is shown in Fig.3.4. The ISDB-T
receiver is unconventional where an STBC decoder is needed to decode the ISDB-
T signal. The received signal in Eq.(2.15) and the channel matrix in Eq.(2.16) are
different for the case of ISDB-T because ISDB-T receiver is composed of single
antenna only.

In the primary layer of LDM, the received signal for ISDB-T y ., is defined to
be

Yp) =1L -Hppa+ (1= IL) - Hiyb + ngyp), (3.5)

T T
where al = |ag a; ay ag} and bT = [bo b, by bg| are the transmitted

ISDB-T data symbols and secondary data stream symbols, respectively. The
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entries of y(,p) are defined as,

Y(up) = *(t+4) ) (36)

* 7
i yl(ﬁ- )

which are composed of symbols from received single antenna. While the channel
matrix for ISDB-T H(,, can be defined as

hio hiy Py hig

hin —hiy his —hi

hia —hiy —hip  hy

| Mz by —hn —hip |
In Eq.(3.5), we observe that the term (1—1L)-H(,, b will add an interference to

the ISDB-T received signal. To lessen the interference to the ISDB-T signal, the

proposed system uses only partial LDM where only part of the total transmitted

signal uses LDM [32]. In this way, we can minimize the value of b which results
to a less interference to the received ISDB-T signal. The way the IL is chosen is
describe in Fig.3.3, where the signal power of the secondary layer is reduced to
lessen the interference with primary layer.

The estimated channel for ISDB-T ICI(up) can be obtain using CE in time domain
with the help of the received pilot signals [18]. The CE is explain in section
4.3 where each entries of fI(up) was obtained using CS based impulse response
estimator. And then, the estimated channel for ISDB-T ﬂ(up) will be use to
decode the ISDB-T symbols ay, as, a3, and a4 using STBC [25] with the following
equation

A

HH

QJ>

F | || "
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T

where a7 = [&0 a; Qs &3] is the estimated signals for ISDB-T. The notation
|I-|| and (-)¥ denote norm and Hermitian transpose, respectively. The STBC
block in Fig. 3.4 is the equivalent of Eq.(3.8). Before performing the Eq.(3.8),

the received signal is put in the buffer which is equivalent to y ().

3.3.2 Detection for secondary layer data stream

ol YA/l/
Cp Cp next generation
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FFT FFT combiner
pilot extraction ISDB.T| |Secondary
™ data
i detector
stream
IFFT ‘- f
i C\ »| de-injector
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i 3
FFT »  STBC decoder

Figure 3.5: Proposed next generation DT'TB receiver configuration using LDM

The previous section 3.3.1 explains the ISDB-T detection which is the first step for
signal detection of the next generation DTTB receiver. The channel estimation
is also using CS based impulse response estimator. The details about channel
estimation is describe in section 4.2. The second step is the detection of the
secondary data stream in the secondary layer. And finally, the last step is a

combination of primary and secondary layer to obtain the 4K UHDTYV signal.

30



The block diagram of the proposed next generation DTTB receiver is shown in
Fig.3.5. The equivalent low pass received signal and channel response are denoted
by y and H, of Eq.(2.15) and Eq.(2.16), respectively. Here we can see that the
receiver is composed of two antennas with different polarities while the ISDB-T
receiver is only composed of single antenna.

Before detection of primary and secondary layer, a compressed sensing channel
estimation is perform using the received pilot signals [18]. And then, diversity

combined signal using STBC decoding can be determine using,

ﬂH

——y, (3.9)
|[H|

X =

T
where ﬁT:[jzo T1 o :?:3} . From here we can detect the ISDB-T signal using
exact the same procedure as describe in previous section 3.3.1. The second step
is to estimate the secondary data stream b. Estimated symbol of secondary layer

b can be obtained as,

1

b=
1-1L

(x —IL-a). (3.10)
Finally, we can exploit the ISDB-T data a and the secondary data stream b

to acquire the whole transmitting data for 4K UHDTV using the combiner as
described in Fig.3.5.
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3.4 Achievable Channel Capacity
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Figure 3.6: ISDB-T and secondary data stream capacity trade-off for LDM

The achievable channel capacity trade-off between ISDB-T and secondary data
stream using LDM is shown in Fig.3.6. The channel capacity for the primary

layer can be obtained using

R,=R-E|log(1+ Z i | 0 (3.11)
o 1+ (1= TL)255 % | [H ), |12

while the channel capacity for the secondary layer is

SNR,
R, :R-E[log (1+(1—]L)2Tl||H||2>]. (3.12)
The above equations are related to the MIMO channel capacity of LDM [33]
defined as

E [log det <I+ILZSNR“

X

SNR, -
H,,H{, - (I+(1—IL)2TH(UP)ng)) )] (3.13)

for the upper layer, and

Ellog det (I +(1—1IL)? SI;ZRZ HHH>] (3.14)

X
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for the lower layer. The STBC achievable capacity is lesser compared to MIMO
channel capacity because STBC transmits repeated symbols. However, the error-
rate for STBC is less which is ideal for higher modulation type such as 64QAM,
256QAM, etc.

For the derivation of Eq.(3.11), Let us first define a ergodic spectral efficiency
of STBC as [33]

R-E [log(l + SNR)],

where the STBC maximal rate R
Ti/2+1

R=—"+——
T.

for Ty even, and
(Ty+1)/2+1

R=
T.+1 ’

for T, odd.
For simplicity, let us assumed that T, = 2. The Alamouti scheme operates
across two successive channels i.e. subcarriers 7 = 1,2. The received signal for

the primary layer can be described as
Yp)ljl = IL\/SNRHpa[j] + (1 — IL)\/SNR,H ) b[j] + n[j].

The b[j] can be treated as Gaussian noise with zero mean, covariance matrix
I/2 where 1/2 accounts for the power allocation of 2 antennas. As a result, the
effective noise neg[j] = (1 — IL)v/SNR, H,, b[j] + n[j].
For each received signal, the effective noise power can be approximated to be
1+ (1 — IL)*SNRy||[Hup)In. | 1?/2, where [Hypn,, is the ny,-th row of H,y).
For example, in the case of two channels e.g. 7 = 1,2 , the received signal can

be written as

[ {Y(up) [1]} -

{y(uz)) 2] -

meq[1]],,

[Hp)| - [Hp)| , m]
) neg[2],

Nom,, 1

=IL,/SNR, +

U2

T
where [ul UQ} is the transmitted information symbols with power 1/2. And
then, projecting the transmitted vector into k-th column of the channel matrix

will result to a signal equal to

TLA/SNR[[H up) o [P + wi
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Table 3.1: Calculation parameters for capacity trade-off of LDM

STBC rate (R) 3/4
number of transmitter antenna (7%) 4
primary layer threshold (SNR,) 20 dB

secondary layer threshold (SNR;) 25 dB
primary layer channel matrix (H,,)) Eq. 3.7
secondary layer channel matrix (H) Eq. 2.16

injection level (IL) 0~1

where noise wj, has a power equivalent to 1 + (1 — IL)*SNR,||[Hup)ln..||?/2.
Finally, the SNR can be calculated as

IL2 - SNRl|[Hop b P
2(1+ (1= IL)2 - SNR, | [Hup |, /2]

SNR =

Table 3.1 shows the calculation parameters used for LDM capacity trade-off.
The R and Ty are the STBC maximal rate and number of transmitter antennas,
respectively [33]. While the SNR,, and SNR; refers to the SNR threshold for
primary and secondary layer, respectively. Because both ISDB-T receiver and 4K
receiver are using roof-top antennas, we assume that the value of SNR,, = 20dB,
and SNR; = 25dB which is a reasonable value for this type of antenna [27].

The required bit-rate for ISDB-T is 3bps/Hz for a 6MHz bandwidth. Based on
Fig.3.6, the achievable spectral efficiency for secondary data stream will be around
24Mbps given a 3bps/Hz for ISDB-T. A 24Mbps channel capacity is assumed to
have an ideal channel coding, and a perfect channel estimation wherein pilots
are unnecessary. We also assumed that the receiver side uses a maximum ratio
combiner for the received signals. A 24Mbps for secondary data stream is too
high since the requirement is only around 12.5Mbps. With the reuse of the ISDB-
T data for next generation DTTB system, we can reduce the capacity load for
the secondary data stream. Because of this reason, we propose a partial LDM
to reduce the capacity of the secondary layer at least 12.5Mbps based on ADT
system. In this way, we can reduce the interference for both layers of LDM using

the proposed method.
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3.5 Comparison between HEVC and MPEG-2
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Figure 3.7: Combination of MPEG-2 of ISDB-T and HEVC of secondary data
stream using LDM

For the DTTB system using ADT as shown in Fig.3.7, the capacity will only
require 12Mbps for MPEG-2 signal, and 12.5Mbps for HEVC signal to form a 4K
(30 frames) UHDTV [31]. The HEVC is an emerging video coding technology that
provides around 65% bit-rate savings for equivalent perceptual quality relative to
MPEG-2 standard [34]. In [4], the HEVC was compared with different video
coding technologies in terms of bit-rate saving and peak signal to noise ratio on
reversible luminance and chrominance (YUV-PSNR). The YUV-PSNR is defined
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as

MAX?
- 2
Y Y 1, 4) — K (i, )]

YUV-PSNR = 10 - log,, ( ) [dB],  (3.15)

where MAX is the maximum possible pixel value of the picture, and the denomi-
nator represents as mean squared error of noise-less m x n image I and estimated
image K. The higher the YUV-PSNR indicates high quality image reconstruc-

tion.
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Figure 3.8: bit-rate saving of HEVC (Main Profile) MP relative to other video
coding techniques [4]

Figure 3.8 shows the bit-rate saving of HEVC MP in relative to other video
coding techniques. For the case of MPEG-2 MP for ISDB-T, around 65% bit-rate
saving can be achieve using HEVC with the same video quality of MPEG-2 in
higher YUV-PSNR region. In addition, the Fig.3.9 shows the YUV-PSNR for
different video coding standards in terms of bit-rate. Higher bit-rate for each
standard will increase the video quality as observed in increasing YUV-PSNR
of the figure. For the requirement around 12Mbps region, we can observed that
around 3dB YUV-PSNR improvement can be realized using HEVC in relative
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to MPEG-2 for ISDB-T. Without any doubt, a 4K TV service can be realize by
combining MPEG-2 with HEVC using LDM.
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Figure 3.9: YUV-PSNR vs. bit-rate for different video coding standards [4]
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3.6 Numerical Analysis

Table 3.2: Simulation parameters for the proposed LDM system

LDM layer primary secondary

data ISDB-T | secondary data stream

modulation QPSK, | QPSK, 16QAM, 64QAM
16QAM 256QAM

channel estimation OMP OMP with perfect

(CE) ISDB-T detector

OMP iteration () 6 6

injection coefficient ratio fig.3.10— 12dB

10 -log(IL/(1 —IL)) fig.3.11 — 10.6dB

16QAM in fig.3.13,3.15,3.16 — 8dB
64QAM in fig.3.16 — 7.5dB
256QAM in fig.3.16 — 6.9dB
QPSK in fig.3.12,3.14 — 6dB

FFT size (V) 8192
number of pilot (M) 1024
pilot type scattered
guard interval N/16
OFDM frame 10,000
channel model TU6
noise type AWGN

A C++ library for signal processing and communication was used for computer
simulation to analyze the performance of the proposed system [35]. Table 3.2
shows the simulation parameters of the experiment for both primary and sec-
ondary layers of LDM. For simplicity purposes, a forward error correction for
primary layer is assumed to be ideal e.g. perfect ISDB-T detector. Table 3.3
shows the delay profile of the TU6 channel model used in the simulation [36]. In
this simulation, the performance of the ISDB-T system for primary layer, and

the secondary layer are investigated separately. The Eb/No that was used in this
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Table 3.3: TUG delay profile

delay (us) power (dB)
0 -3
0.2 0
0.5 -2
1.6 -6
2.3 -8
5.0 -10

experiment is the Eb/No of the secondary layer as a reference.

The first part of the experiment covers the bit-rate analysis for both LDM
layers. Then, the BER performance of the conventional ISDB-T receiver without
STBC decoder will be evaluated. After that, the BER performance for single
transmitter vs. multiple transmitter will be analyzed. The last part of the ex-

periment will discuss the performance of the proposed partial LDM.

3.6.1 Bit-rate performance for the different layers of LDM

Table 3.4: bit rate of full LDM and partial LDM in different modulation type

modulation type full LDM  75% LDM 50% LDM
QPSK 7.11Mbps  5.33Mbps  3.56Mbps
16QAM 14.22Mbps  10.67Mbps  7.11Mbps
64QAM 21.33Mbps  16.00Mbps 10.67Mbps

256QAM 28.44Mbps  21.33Mbps  14.22Mbps
1024QAM 35.56Mbps  26.67TMbps 17.78Mbps

The bit rate for different modulation type vs. LDM type is shown in table 3.4.

The bit rate is calculated using

(STBC rate) - (N — M) - log,(modulation type)

OFDM effective symbol period
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where the STBC rate are 1/2, 3/8, and 1/4 for full LDM, 75% LDM, and 50%
LDM, respectively. The OFDM effective symbol period is 1008us [2]. The bit
rate shown in the table is both applicable for primary and secondary layer since
both layer exhibit STBC transmission. The bit-rate shown in the table does
not consider the condition of the wireless channel. The consideration of wireless
channel will be included in BER performance in the succeeding subsection of

numerical analysis.

3.6.2 BER performance using conventional ISDB-T

receiver without STBC decoder

In this section, performance evaluation of the system using the conventional
ISDB-T receiver without STBC decoder will be evaluated. The details about
conventional ISDB-T receiver was also discussed in details in the previous section
2.1.1. The conventional ISDB-T receiver can demodulate without any problem

using

IL-a+ (1—1L)-by

IL-a+ (1—1L) b
(1—1IL) by ’
(1—1IL)-bs

(3.16)

as a transmitted signal for Eq.(3.1). For simplicity purposes, we use the same
ISDB-T symbol a for all time instances t to t + 7. The way the detection of
conventional ISDB-T receiver is for every time instance. For example in time

instance t at the received signal ygt), the received signal will be

W =IL a-hig+ (1 —1IL) by hio+IL-a-hi+
(1—[L)blh11—|—(1—]L)th12—|—
(1—]L)-b3'h13+7’b

The effective noise n.sr will be

Neff :(1_]L)'bO'h10+(1_IL)'bl‘h11+
(1—1IL)-by-hyg+ (1 —IL)-bs- hiz +n.
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The received signal can now be simplified as
ygt) = ]L - (hIO + hll) =+ neff.

Here we can measure the channel (hig + hi;) because a contains the pilots based
on eq. 3.4. Dividing the whole equation above with (hjg + hy1) will result to a

detection of &
(1)

Y1 Neff
— 2 = JL.-q 44—
(hio + h11) (hio + h11)

The value of IL should be high enough for decent detection of a. The process

above is also the same in other receive signals y§t+1), e ygt”) :

a =

The BER performance for the conventional ISDB-T, and the secondary data
stream for next generation DTTB receiver is shown in Fig. 3.10. Both layers
are using QPSK in this simulation. From the shown figure, we observed that the
ISDB-T receiver has low error rate compared to that of secondary data stream
because primary layer has higher power compared to the secondary layer. The
BER performance for ISDB-T is within acceptable error rate in the Eb/No=25dB
region using QPSK for both layers. However, the performance for the secondary
data stream is only limited to the low order modulation such as QPSK. Because
of this reason, it is necessary to implement an STBC decoder for ISDB-T receiver
to drastically reduce the error rate and provides an opportunity to implement

higher order modulation for the secondary data stream.
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Figure 3.10: BER performance using conventional ISDB-T receiver without

STBC decoder (QPSK), and the secondary data stream (QPSK)

To fully qualify for 4K UHDTYV transmission, the secondary layer should use
at least 16QQAM so that the bit-rate will be 14.22Mbps based on table 3.4 which
is above the required 12.5Mbps. While the bit-rate of the primary layer will also
equal to 14.22Mbps even though we are only using QPSK because STBC rate
is equal to 1 for conventional ISDB-T receiver without STBC decoder. Figure
3.11 shows the BER performance where the secondary layer is using 16QAM. We
also observe that there is a little performance degradation in the Eb/No=25dB
compared to Fig.3.10. That is because the secondary layer is now using 16QAM
modulation type. Nevertheless the BER performance in Eb/No=25dB is still
within 1073 to 1072.
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Figure 3.11: BER performance using conventional ISDB-T receiver without

STBC decoder (QPSK), and the secondary data stream (16QQAM)

3.6.3 Diversity gain analysis using multiple transmitters

In the previous section 2.2.1, the diversity gain of STBC-SFN was discussed where
the multiple transmitters has higher diversity with less error-rate compared to
a system with only single transmitter. In this section, we evaluate the diversity
gain of STBC-SFN with LDM. Here we implement ISDB-T receiver with STBC
decoder to improve the diversity and lessen the error rate.

The simulation compares the BER performance of two transmitters and single
transmitter as discussed in Fig.2.7 of section 2.2.1. The pairs in the simulations
(e.g. pair A, pair B, and pair C) indicate the pair of primary and secondary layers
of LDM. For example in Fig.3.12, pair A describes the ISDB-T as a primary layer,
and 2nd stream as a secondary layer wherein the system has 2 transmitters. On
the other hand, the pair B indicates that the primary layer is the ISDB-T, and
the secondary layer is the 2nd stream where the system only uses 1 transmitter.

The BER performance of the ISDB-T receiver and secondary data stream using
QPSK is shown in Fig.3.12. In Fig.3.12, we compare the performance with two

transmitters versus single transmitter using full LDM. In order to realize single
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transmitter, the values of hoy, 12, hos, hiz of J and H,,) will be set to zero. The
ho2, hi2, hos, h13 are the channels for transmitter B in Fig.3.2. While for the case of
two transmitter, the values of hog, hi2, hos, b1z of J and H,,) will be nonzero. In
Fig.3.12, the error rate for 2 transmitters is less compared to single transmitter.
It is found that the diversity improves the performance when the number of
transmitter increases. In the Eb/No region of 25dB, we can improve up to 10dB
for ISDB-T, while 5dB for secondary data stream. This suggest that increasing

the number of transmitters will increase the diversity of the whole system.

192 B i
10° \\'\

10-4 \.\
\s\ \@\ I

10 ~¢
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—O— ISDB-T, 2 transmitters, pair A

108 F —©— 2nd stream, 2 transmitters, pair A
—— ISDB-T, 1 transmitter, pair B

—#— 2nd strleam, 1 transmitterl, pair B

5 10 15 20 25
Eb/No [dB]

Figure 3.12: BER performance for 2 transmitters vs. 1 transmitter using QPSK
full LDM

Similarly, the BER performance of 16QAM for both LDM layers is shown in
Fig.3.13. In this figure, the performance for 2 transmitters has less error rate com-
pared with single transmitter. In Eb/No region of 25dB, the diversity improves
the performance of both layers by around 5dB. This kind of BER performance

can also observed in Fig.2.8 of the previous section 2.2.1.
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Figure 3.13: BER performance for 2 transmitter vs. 1 transmitter using 16QAM
full LDM

3.6.4 BER performance of partial LDM

The BER performance of partial LDM using QPSK for both LDM layers is shown
in Fig.3.14. In this figure, we compare partial LDM of 50%, partial LDM of
75%, and the full LDM. The transmitted signal for partial LDM of 50% and
75% can be described in Eq.(3.2) and Eq.(3.3), respectively. Here we observed
that the secondary data stream performance is the same in spite of partial use
in LDM. The partial LDM slightly changes the ISDB-T BER performance. In
Fig.3.14, we observed a higher error rate in case of ISDB-T full LDM compared
to ISDB-T partial LDM. Because the modulation for both layers is only QPSK,
the improvement of ISDB-T partial LDM is only 1dB in reference to ISDB-T full
LDM.
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Figure 3.14: BER performance for full LDM vs. partial LDM using QPSK
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Figure 3.15: BER performance for full LDM vs. partial LDM using 16QAM

However for the case of 16QAM for both LDM layers as shown in Fig.3.15,
we observed that the error rate for the ISDB-T partial LDM of 50% and 75%
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has a respective improvement around 2dB and 1dB lower compared to full LDM
in the Eb/No region of 25dB. The reason why partial LDM has lesser error-rate
compared to full LDM because the term (/L - H,,b) in Eq. (3.5) is less because
of less non-zero entries of vector b. In the end, there will be less interference
between both LDM layers.

The bit-rate requirement for 4K UHDTYV using LDM is at least 12Mbps for
primary layer and 12.5Mbps for secondary layer based on ADT system [31]. Based
on table 3.4, the primary layer and secondary layer can use 16QAM or higher
order using full LDM. In Fig. 3.15, the full LDM for both layers using 16QAM
qualifies to transmit a 4K transmission. Other option is using a 16QAM for
primary layer, and 64QAM in the secondary layer. However, the transmission
capacity using 64QAM full LDM is around 21.33Mbps which is high enough in
comparison to a minimum requirement of 12.5Mbps. In that way, a 75% partial
LDM can be applied to reduce the transmission capacity to 16Mbps and lessen the
bit error rate in the primary layer. Figure 3.16 shows the other BER performance
of the primary layer set to 16QAM, together with various modulation type in the
secondary layer. All the parameters in Fig.3.16 is capable of 4K transmission. In
this figure, the Eb/No is set to 25dB. Here we can observe that we can gradually
reduce the error for the primary layer using partial LDM especially for higher
modulation type such as 64 QAM and 256 QAM. This suggest that partial LDM
is very applicable for higher modulation type.
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Figure 3.16: BER performance for primary layer using various modulation type
in secondary layer; Eb/No=25dB, 16QAM for primary layer

To summarize the simulation results in this section, the BER performance for
ISDB-T without STBC decoder is within acceptable level. However, the mod-
ulation type for secondary layer is only limited to low order type, e.g. QPSK,
16QAM. With the ISDB-T receiver with STBC decoder, it can lessen the error
rate which opens an opportunity for the secondary layer to implement higher or-
der modulation. Increasing the number of transmitters can also lessen the error
rate for both primary and secondary layer due to STBC diversity. In addition,
implementing a partial LDM can lessen further the error rate due to less inter-
ference between primary and secondary layer. The higher the modulation type
being used, the lower the interference between LDM layers uing the proposed
partial LDM.

3.7 Summary

This chapter proposed an efficient broadcast transmission system for the ISDB-T
system and next generation terrestrial D'T'TB system using the identical frequency

spectrum. For efficient frequency spectrum utilization, we implemented LDM to
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transmit the ISDB-T in the primary layer and a secondary data stream in the
secondary layer of LDM. To increase the diversity gain, the proposed system is
using space time block coding in a single frequency network.

The next generation DTTB system reuses the primary layer by combining
the ISDB-T data and the secondary data stream. With this idea, the ISDB-T
data will not be wasted because the ISDB-T is reused to construct the 4K TV
signal. In addition, we can lessen the interference between two LDM layers by
implementing partial LDM where only few transmitted signal uses LDM. Partial
LDM can be applied since the achievable capacity for the secondary layer exceeds
the required capacity of 12.5 Mbps. The proposed system should have at least
12Mbps in the primary layer and 12.5Mbps in the secondary layer to achieve a
4K UHDTYV transmission.

The proposed system is applicable for conventional ISDB-T receiver without
STBC decoder. However, the simulation of the conventional ISDB-T without
STBC decoder shows an acceptable error rate of 1072 to 1072 in the Eb/No=25dB
region. And also, the modulation type for the secondary layer is only limited to
lower modulation type (QPSK or 16QAM). This suggest an implementation of
STBC decoder for ISDB-T to increase the diversity. The simulation for LDM-
STBC with multiple transmitters shows that error rate for both layers can be
lessen compared to the system with only single transmitter.

In addition, the BER performance of primary layer was further improved by
introducing partial LDM. To fully qualify for 4K transmission, both layers should
be at least 16QQAM. Other option is to implement partial LDM in the secondary
layer using modulation type higher than 16QAM as long as the bit-rate for pri-
mary and secondary layer is 12Mbps, and 12.5Mbps, respectively.
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4 Time Domain Compressed
Sensing based Channel
Estimation for DTTB System

This chapter will discuss about the channel estimation (CE) used in ISDB-T
receiver and proposed next generation DTTB receiver. CE is usually performed
using pilots that are inserted in some OFDM subcarriers [37]. The pilots will serve
as a training method for CE. Using the received pilots, the receiver can estimate
the channel frequency response (CFR) based on particular criterion such as, Least
Square (LS) or Minimum Mean Square Error (MMSE) [38]. CE can be erroneous
due to the thermal noise in the receiver circuit.

In this research, time domain CE has been considered to exploit the sparse
feature of CIR [39]. Because of the fact that CIR is always zero beyond the guard
interval of OFDM symbol, time domain CE algorithms estimate only CIR within
the guard interval for complexity reduction. For the DTTB system, the CIR is
always sparse where there are only few paths having dominant power, thus, CS-
based CE can be applied for further accuracy improvement [40]. In time domain
CS-based CE [15,16,41-44], the received pilot signals are transformed first into
time domain for observation signal, and then an iterative recovery algorithm e.g.,
OMP [45,46], is performed to estimate the unknown CIR. The first part of this
chapter will discuss the overview of compressed sensing. And then, the channel
estimation for each receiver (next generation DTTB system and ISDB-T system)

will be discuss in details.
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Figure 4.1: Linear model of compressed sensing

4.1 Overview of Compressed Sensing

CS is a recovery technique of a sparse signals using only few samples [16, 47].
CS method became popular in the field of imaging, magnetic resonance imag-
ing (MRC), radar, data compression, and wireless communications where some
signals involved are considered as sparse in nature [42]. In the case of wireless
communication such as OFDM, CS can be applied for channel estimation with
better accuracy and less pilot requirement. The main goal of CS is to locate the
position of non-zeros in the unknown sparse vector.

The CS linear measurement model can be presented as

g = ®g, (4.1)

where g is the observation vector with size n, ® is the measurement matrix with
size n x m given that n < m, and g is the unknown sparse vector with 1 non-
zeros. Figure 4.1 shows the under-determined linear model of CS, where the
number of unknowns is higher than the number of equations. The CS will be
able to estimate the unknown g given the fact that g is always a sparse signal.

The recovery of the signal using CS will depends on sparsity of g, the mea-
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surement matrix ®, and the algorithm for CS. An important property of the
measurement matrix of CS is the Restricted Isometry Property (RIP) introduced
by Candes and Tao [48]. Based on this property, CS can successfully recover the
sparse signal g if there exist a constant (0 < v, < 1) that satisfy the inequality

(1 —w)lglz < l1®gll < (1 +vi)llgll2, (4.2)

where k is the order of RIP. Calculating the RIP of the measurement matrix is
extremely difficult problem [15]. However, several measurement matrices have a
higher probability of satisfying the RIP. An example is a measurement matrices
whose columns are orthogonal such as discrete Fourier transform which is usually
used for OFDM [49, 50].

The approach of obtaining the sparse solution of CS can be described in two
ways namely: basis pursuit and greedy pursuit. The basis pursuit required L,-
norm to locate all the non-zeros of a sparse vector, but requires high computa-
tional cost. On the other hand, greedy approach uses iterative method to locate
the position on non-zeros in the sparse vector and it has lower complexity with

simple implementation.

4.1.1 Orthogonal Matching Pursuit

This research considers a greedy pursuit to determine the sparse solution of CS.
An example of a greedy pursuit algorithms are matching pursuit (MP) and or-
thogonal matching pursuit (OMP). MP has lesser complexity but requires high
number of iteration [51]. The OMP is capable of reducing the number of itera-
tion of MP by implementing least-squares in every iteration to avoid choosing the
same non-zero location [45]. Most of the greedy algorithm chooses OMP because
of less execution time.

The objective of OMP is to solve the Eq.(4.1). Algorithm 1 shows the details of
OMP algorithm. Finding the location of non-zero element of sparse vector can be
done in \; = arg max, |r? | ¢;| where ¢y, is the k-th column of measurement matrix
®. At this point, an inner product between g and the columns of the measurement
matrix ® was performed. And then, a least square arg min,, |[Y,;w — g|| will be
performed to estimate the amplitude value of the non-zero element of sparse

vector. Next will performed the residual subtraction r; = g — Y,;w; to ensure
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Algorithm 1 Orthogonal Matching Pursuit (OMP)

Require: g > observed vector
Ensure: g > estimated sparse vector
r,< g
¢ = [¢0 ¢1 - ¢Ngi,1}
A ]
Y, + []
141
while 7 < n do
Ai = arg maxy [, |
A=A 1 U{N}
Yi=[Yi1,05]

w; = argmin,, ||Y;w — g||3

r;=8—Y;w;
1=14+1
end while

return g = w,
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that different location of non-zero element will be chosen on the next iteration.
The number of OMP iteration will depend on the sparsity 7.

For the OMP complexity analysis, the 1st part of the algorithm is the inner
product between the residual r and the measurement matrix ® represented as
A\ = argmax, |r7 ¢y which has a complexity of O((Ny;)?). And also, OMP has
a LS represented as w; = arg min,, ||'Y;w—g||3 that has a complexity of O(n>Ny;)
where 7 is the iteration. Summing up together, the total complexity of OMP is

O(nNgi(Ngi + 772))- (4.3)

wl

For the case of using OMP for CS, at least one of the following condition should
be satisfied to guarantee that OMP can correctly recover the estimated impulse
response [39]:

1
1. The @ in Eq.(4.2) should satisfy the RIP, with constant v,1; < ——= for

NG

order n+ 1,
2. The mutual coherence p of the measurement matrix ® should satisfy
1
P) < ——

where 7 is the maximum number of nonzero elements (sparsity level) of the

(4.4)

unknown CIR vector g.

In this research, we only consider the second condition in Eq.(4.4) about the
mutual conherence of the measurmeent matrix. The mutual coherence indicates
the correlation between the columns of the measurement matrix. The mutual

coherence of the measurement matrix ® with the size n by m is defined as,

p(®) =  max W—¢]H (4.5)

acigemizi ||gilla - || ¢l2”

where ¢; is the i-th column of the measurement matrix ®.

4.2 Channel Estimator for Next Generation
DTTB System

This section will discuss the channel estimation for next generation DTTB re-

ceiver using CS. This process is necessary to estimate the channel matrix H in
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Eq.(3.9) of section 3.3.2. Although other channel estimation methods are also
applicable in this system, CS was chosen because the channel is considered as
sparse. CS is a popular technique for estimating a sparse information using only
few measurements [16]. A sparse can be defined as a vector where most entries
are zero and only few are non-zero. The sparse information that we are going to
estimate is the CIR [18]. The CS equation can be defined as

g=®g+n, (4.6)

where g, ®, and g is the observed CIR vector, measurement matrix, and estimated
CIR vector, respectively. We can estimate the CIR in Eq.(4.6) using the algorithm
of CS called Orthogonal Matching Pursuit (OMP) [45].

Before estimating the channel, the receive pilot signals transmitted in Eq.(3.4)
in section 3.2 are necessary. In order to avoid pilot interference from different
antenna, the demodulator needs four different received signals in different time
instant shown in Eq.(2.15) in previous section 2.2.1 for each receiving antenna.
The observed CIR g; ; for each channel h; ; can be obtain using pilot extraction

defined as

g0 = P B(5) ™ 37 - yi9), 4
&0 = iF—1E<y(()t) R C yét+5)>7 (4.8)
s = LB 469 40 147, (19
o3 = iF‘lE( —yy Ty O yém)), (4.10)
10 = LB (Y -y 4y 59, ()
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1
811 = 4F-1E(y§” oyt oyt 4 y&t“”), (4.12)

1
1o = 4F1E(y§”2> oy oyt y?”)), (4.13)

1
g13=4F1E< — ygt”) + ygt+3) - ygt+6) + ygt+7)>’ (4.14)

where F and E are the N-size FF'T matrix and pilot arrangement matrix, respec-
tively. The vector y; is the OFDM received signal for all subcarriers of the i-th

antenna in vector form with size N. The FFT matrix can be described as

1 2rkn
F=— —j— 4.1
VN [exp < TTN )1 0<k<(N—1) (4.15)
0<n<(N-1)
while pilot arrangement matrix E is a diagonal matrix where the diagonal part
T
contains € = |eg e; --- eN_l} . Each entries of e is defined as,
1
— (1=0
ecm+i =4 SPm =0 : (4.16)
0 (0<i<(O)

where m € {0,...,(M — 1)} and C' = round(N/M). The SP,, is the m-th pilot
symbol out of M total of pilots placed in OFDM subcarriers.

For the case of measurement matrix ®, the measurement matrix is given by,

® = F 'QF, (4.17)
where Q = diag(q),q = [Clo THREE qN_l}T that indicates the position of the
pilots in the subcarriers. Each entries of q is defined as,

1 (i=0)
mti = . 4.18
dom {0 (0<i< () (4.18)

Finally, we can now estimate the CIR g of Eq.(4.6) using OMP algorithm. The
OMP is a greedy method that aims stagewise minimization of the approximation
error to the observed CIR [45].
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Figure 4.2: BER performance in 2 Rayleigh channel (base station Eb/No=25dB)

The algorithm 1 shows the details about the OMP. For the initialization of
OMP, the algorithm needs only the observed CIR g and the number of iteration
1. After obtaining the estimated CIR g, the estimated channel can now be acquire
by F~!g. For the next generation DTTB system, the total number of channels
to be estimated is 8 since there are 8 pairs of antennas from the transmitters to
receiver.

In [3], the BER performance of the OMP was compared to perfect channel
estimation (ideal) and linear interpolation. The performance was compared using
multiple transmitters illustrated in Fig.2.7 of previous section 2.2.1 where the
receiver receives different signal power for each transmitter. The received power
difference is defined in Eq.(2.18) in previous section 2.2.1. Figure 4.2 shows BER
performance of OMP compared to linear interpolation when the Eb/No=25dB.
Here we can see that the error-rate of OMP outperformed the conventional linear
interpolation. In addition, the performance of OMP is very close to ideal or
perfect channel estimation.

Another simulation result in [3] is shown in Fig.4.3 where Eb/No=15dB. Simi-

larly, the OMP outperforms the conventional linear interpolation even though the
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Figure 4.3: BER performance in 2 Rayleigh channel (base station Eb/No=15dB)

received signal power from different transmitters are low. And also, the error-rate
of OMP is very close to ideal or perfect channel estimation. This suggest that
channel estimation using CS is an ideal method compared to linear interpolation
because the channel for DTTB system is sparse.

In [52], a simulations in terms of different signal to noise ratio was performed
to compare the performance of OMP. Fig.4.4 shows the BER performance in 2
path Rayleigh channel. The OMP performance in time domain estimation is
very close to the perfect channel estimation. And also, the OMP outperforms the
linear interpolation by around 5 dB in Eb/No= 20dB.

Fig.4.5 shows the BER performance of OMP, linear interpolation and perfect
channel estimation in Typical Urban 6 (TU6) channel. The OMP in time domain
estimation BER performance is still close to the perfect channel estimation by
only around 2dB performance gap in SNR=25dB. On the other hand, the linear
interpolation cannot properly estimate the sparse channel that result to a higher
BER especially in higher SNR as shown in the figure.
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4.3 Channel Estimator for ISDB-T

The block diagram of the CS-based CE for ISDB-T is shown in Fig.4.6. Unlike
the channel estimation for next generation DT'TB system, channel estimation for
ISDB-T is less complex and only one channel is required for estimation. That is
because the number of receive antenna for ISDB-T is only one. After obtaining
the received signal v from Eq.(2.9) previous section 2.1.1, the observed channel

frequency response h can be obtained by
h = Ev, (4.19)
where E = diag(e) is a diagonal matrix. The vector e is defined as
€= [60 €1 - €K—1]T7 (4.20)
wherein each entry of e is defined as

1
— (=0
€Cm+i = § Pm ( ) , (4.21)
0 (0<i<()
where m € {0, ..., M — 1}. Here we extract the received pilots and compare with
the known pilots.
After receiving the pilot signal, the N-size observed impulse response vector g

can now be calculated as follows

g=F'Qh=[G. g, -~ gn]" (4.22)
In theory, the unknown frequency response hy of the pilots can be modeled by
using an unknown CIR g = [go, g1, - , gn_1]T using
h, = Q,Q"F(g +z), (4.23)
T
where z is the noise component and Q, = diag(qs),qs = [qo TR qK,l}

contains the pilot pattern. Each entry of q; is defined as

1 =0
QCm+i—{ 0 (O<i<0) . (424)
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Figure 4.6: Block diagram of CS-based CE for ISDB-T

where m € {0,..., M — 1}. The Eq.(4.22) and Eq.(4.23) are independent equa-
tions because the Eq.(4.22) is the observation part of CS equation. While Eq.(4.23)
is the unknown part of CS equation.

At this point, we can combine the unknown frequency response hg in Eq.(4.23)
to the observed frequency response h in Eq.(4.22) to obtain the CS equation
defined as

§=F'QQ.Q'F(g+2) (4.25)
We can define the measurement matrix ® as
& =F'QQ.Q'F (4.26)
which is a band matrix. Eq.(4.25) can now be simplified to
g = Pg + z, (4.27)
where
z, = Pz, (4.28)

is the converted noise component.
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The non-zero terms of g will be within the guard interval window because of
the assumption that the maximum delay spread of the channel is within the guard
interval. Therefore the observed impulse response g and the unknown impulse
response g can be reduced to a vector of size equal to a guard interval Ng. The

observed impulse response will now be

& =1[do. 1. Gn,i-1)” s (4.29)

and will then be used as an observation vector of CS. While the unknown CIR is

g =190, 91, s gn,—1]"- (4.30)

The Eq.(4.27) can now we solved using OMP in algorithm 1. The OMP is the
same algorithm used for CS in next generation DTTB system in the previous
section.

In [53], the BER performance of OMP in ISDB-T was compared with per-
fect channel estimation (ideal) and conventional linear interpolation as shown in
Fig.4.7. Here we can observed that the OMP outperforms the linear interpola-

tion. In addition, the OMP is very close to the performance of ideal or perfect
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channel estimation. The OMP outperforms the linear interpolation because the
channel is sparse where compressed sensing using OMP is the preferred channel

estimation method.

4.4 Summary

This chapter discusses the channel estimation method for next generation DTTB
system and ISDB-T. The channel estimation difference for next generation DTTB
system and ISDB-T is the required number channels to estimate. The ISDB-T
will only estimate one channel in every receive signal because ISDB-T has only
single receive antenna. On ther other hand, the next generation DTTB system
requires 8 channels every receive signal because next generation DTTB system
implements MIMO technique.

Both systems use the same type of channel which is a “sparse” channel where
Compressed Sensing was implemented in estimating the channel. Compressed
sensing is a reconstruction technique for a sparse information. The channel for
DTTB system was considered a sparse channel where it composes of multi-path
but few paths have higher signal power.

In order to lessen the complexity of compressed sensing, a time domain channel
estimation was performed because estimating the channel in time domain will only
reconstruct the channel impulse response. On the other hand, frequency domain
channel estimation requires the high complexity because of the higher number of
frequency subcarriers of OFDM that needs to estimate.

In addition, the Orthogonal Matching Pursuit was applied as an algorithm for
compressed sensing. The OMP is a greedy pursuit algorithm for CS which is very
simple to implement in terms of complexity requirement compared to other basis
pursuit algorithm for CS. BER performance shows that OMP outperforms the
conventional linear interpolation. And also, the OMP is very close to ideal or

perfect channel estimation based on the simulation results.
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5 Low-Complexity CS-based CE
with Virtual Oversampling for
ISDB-T

Using OMP as discussed in the previous chapter, a successful reconstruction of
the unknown CIR can be guaranteed if mutual coherence [17] of the measurement
matrix is less than or equal to 1/(2n — 1), where 7 is the number of nonzeros in
the unknown CIR vector. However, under existence of fractional delay wherein
the delay time of each path cannot be perfectly sampled by the symbol rate,
the number of nonzero elements of the CIR observation vector increases which
includes some fabricated paths, making the recovery algorithm less likely to con-
verge. The fabricated paths happen because the path energy will leak to all other
taps making the CIR no longer sparse [54].

Fractional delay exists in a system that uses time domain based channel esti-
mation. Fractional delay in ISDB-T is a sampling time error of the channel delay.
In an ISDB-T system, channel is a sparse wherein channel consists of multiple
paths but few paths have higher power. Due to the existence of fractional de-
lay, the CIR vector in time domain will include large number of fabricated paths
which make the CS-based algorithms difficult to detect the real paths of CIR
since the observation vector is no longer sparse. In order to remove the impact of
the fractional delay, recently, the researcher proposed the time-domain oversam-
pling in the previous papers [19] and [55]. However, an increase of transmission
bandwidth happens in oversampling [56-58| since oversampling is performed in
the transmitter side.

The goal of this chapter is to remove the impact of fractional delay in ISDB-T

system. In addition, the signal bandwidth should not increase unlike the over-
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sampling method. The contributions can be summarized as

1. A virtual oversampling using oversized Discrete Fourier Transform (DFT)
matrix in the OMP processing is proposed to alleviate the impact of frac-
tional delay. Using virtual oversampling, the number of nonzero elements
of the unknown CIR vector decreases resulting in an increase of probability
of successful reconstruction. The proposed virtual oversampling does not
increase system bandwidth because it is carried only in the OMP processing
at the receiver. A theoretical basis is provided on how the proposed virtual

oversampling can mitigate the impact of fractional delay.

2. A modified OMP was proposed to reduce the computational complexity of
OMP. The Modified Orthogonal Matching Pursuit (MOMP) can reduce the
computational cost using the assumption that the rate of change of path

delay is slower than the path gain in ISDB-T wireless channel. [59].

5.1 Fractional delay issue

This section will discuss the fractional delay issue. The issue will be explain in
different views such as frequency domain, time domain, and non-sampled-spaced
multipath delay.
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5.1.1 Issue in frequency domain

The channel frequency response was described in Eq.(2.10) of previous section
2.1.1 about ISDB-T system model. This equation was derived as

h(f) = /_O:o h(t) exp(—j27 ft)dt
L—1
:/OOZhl (t — ) exp(—j2m ft)dt
L—1 .
_ / hio(t — ) exp(—j2m ft)dt (5.1)
1=0 7/~
L1
— Zhlexp( j2rmf)
1=0
1

L—
n 2T
h = h —
(NTS) 2 leXp( INT, )
where 0 <n < (N — 1). Since n is an integer number, the condition of n = 7, /T
is not always fulfilled because the delay 7; is sometimes not a multiple of T} as

described to be 7, = nT,. Therefore, we define a fractional delay wherein the

7;/T's is not an integer number.

5.1.2 Issue in time domain

Considering the observed CIR g from Eq.(4.29) in section 4.3 about ISDB-T

channel estimation, the entries of g can be represented as

N ] N=lL=l 27T 2mnk
gk—ﬁz Zhlexp< l ),

n=0 [=0

where 0 < k < (g — 1). Now let us define a delay 7; of the i-th path to be

(5.2)

n =T + AT (5.3)

where (;, A7 is an integer number and fractional delay of the [-th path [ €
{0,...,L — 1} , respectively. The fractional delay is assumed to be within the
range of 0 < A7 < Ty. Substituting Eq.(5.3) into Eq.(5.2) we get

io= ey Shew (T e (2 G- R). (54)

nOlO
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Figure 5.1: Observed channel impulse response g of TU6 channel without frac-

tional delay using T = 0.10us
If the fractional delay A7, = 0, the Eq.(5.4) will be

= 1NZILZIhzeXp< —J2m(Q ))

n=0 [=0

:{ he 5 (G =k) .

0 ;(G#k),

Figure 5.1 shows observed CIR g in TU6 channel model without fractional
using Ty = 0.10us. Here we can see that the observed CIR g is sparse in the
case without fractional delay. The Ty = 0.10us does not have fractional delay
effect to the observed CIR because it is perfectly divisible with the delays of the
TUG6 channel. Without fractional delay, the observed CIR is sparse and can easily
measure the delay using compressed sensing.

For the case of existing fractional delay where A7; # 0. The CIR with (; = k
will be,

~ 1 N2t Lz_:l L < ,27rnATl)
= — exp| —
1EXP J NTS )

=0 1=0

(5.6)

3
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Figure 5.2: Observed channel impulse response g of TU6 channel in the presence

of fractional delay using T = 0.12us
and if (; # k, the CIR will be

G = JbNZ_:lLZ_lhleXpK—jT) (Q—k+ AT”)} (5.7)

n=0 [=0

ATZ

Here we can see that Eq.(5.7) is no longer zero because of the presence of

which is a fractional number. The fractional delay will create additional impulsés
that would result for the observed CIR to be non-sparse. This happens because
the path energy will leak to all other taps making the CIR to be non-sparse.

An effect of the fractional delay to the observed CIR g in TU6 channel model
using Ts = 0.12us is shown in Fig.5.2. The ideal TU6 channel model has 6 paths
as demonstrated in table 3.3. Table 3.3 shows the corresponding power and delay
of each path of the ideal TU6 channel. Figure 5.2 shows the normalized amplitude
of each impulses of CIR defined as |g|, versus the measured delay time. The 6
paths of TUG6 channel appear as a high normalized amplitude impulses in Fig.5.2.
Ideally, the CIR should only be 6 impulses. Due to the effect of fractional delay,

a small impulses were generated as shown in Fig.5.2. The small impulses are
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Figure 5.3: Based-band OFDM system [5]

defined in Eq.(5.7). The additional small impulses will result for the observed
CIR to be non-sparse and the number of path is no longer equal to L. In addition,

the 6 paths of TU6 cannot perfectly measure the correct delay due to non-sparsity
of the CIR.

5.1.3 Non-sampled-spaced multipath delay

In [5], the effect of fractional delay was described in terms of non-sampled-spaced
multipath delay. The channel impulse response is described to be a time-limited

pulse train defined as

g(t) = D hnd(t — 1,.T5) (5.8)

m=0
where h,, is the complex amplitude and 7,7 is the delay. The system model is

described in Fig.5.3 where the received signal v = [vg, vy, -+ ,vn_1]T is described

as

v =DFTy (IDFTN () * 2=+ z). (5.9)

Sl
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The transmitted signal u = [ug,u1, -+ ,uy_1]7 is transformed using N-point
inverse discrete-time Fourier transform (IDFTy) before convolution (x) with g.

Because of the fact that the CIR in Eq.(5.8) is time-limited, transforming it
in frequency domain will span the whole frequency domain. However, OFDM

receiver is frequency limited for certain bandwidth and it will sample the OFDM

signal in frequency domain [60]. In this case, the g = [go,91, - ,gn_1]T in
Eq.(5.9) will be
1 M T sin (7T7'm>
gk = —F= hmexp| — 71—k + N—17m> . 5.10
g VN mzz:o ( N( ( ) ) sin (%(Tm — k)) ( )

In [5], the 7, is restricted to be an integer number to avoid the fractional delay
issue as shown in Fig.5.2 which is not always true in practical situation. But in
this chapter, we consider a non-integer of 7,, as defined to be fractional delay.
Here we can see that the CIR is no longer time limited because of sinc function.
In addition, since the sampling is perform in frequency domain, the impulse
response will be shifted and added up resulting to a fractional delay effect as
shown in Fig.5.2 if 7,,, is not an integer number. This phenomenon is known as
path energy leakage of all other channel taps in non-sampled-spaced multipath

delay.

5.2 CS-based CE with Virtual Oversampling

To mitigate impact of fractional delay, a proposed virtual oversampled unknown
CIR vector gx = [9x,0,9x.1," " ,gX7XN_1]T was introduced in this section. One
should note that the word “virtual" stems from the fact that the proposed over-
sampling is virtually implemented only within the measurement matrix in CS
and does not increase system bandwidth of ISDB-T during transmission.

The parameter X is introduced to represent how many times the unknown
vector is virtually oversampled. Let us define the X times oversized DFT and

reorder matrices as,

P 1 27kn
= exp | —
* VXN P\ XN 0<k<(XN-1)

0<n<(XN-1)

(5.11)
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and

Ok /2)x(1/2) Ik /2
Qx = |OxN-r)x(K/2) OxXN-K)x(K/2) | - (5.12)
k2 0k /2)x(K/2)

The unknown frequency response hx of Eq.(4.23) with virtual oversample can
be now calculated using the unknown CIR gx = [gx.0,9x.1, "+ ,9x.xn—1)" with

vector size of X N using

hy = Q,Q%Fx(gx +zx), (5.13)

The unknown frequency response hx with virtual oversampling is then subtitute
to the observed frequency response h in Eq.(4.22) to obtain the CS equation
defined as

g =F'QQ.QxFx(gx + zx). (5.14)

Finally we can define the measurement matrix ®x with virtual oversampling
as

Py =F'QQ.Q\Fx, (5.15)

which is a band matrix with a size of N by XN. Equation (5.14) can now be
simplified to

g = Pxgx +zxi, (5.16)
where
Zx|] = (I)Zx, (517)

is the converted noise component.

With the proposed virtual oversampling, we can now detect accurately the
actual channel delay and eliminate the effect of fractional delay. Each entries of
the estimated CIR gy will be defined as
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1 XYLl 2mn\ (G — kA
=— h —J 5.18
gX”“N,;)lE%leXp[(]N)(X +TS> (5.18)
where (0 < k < XN, — 1). Here we observed that we increased the size of
the estimated CIR gx to XN, using virtual oversampling which is part of the

measurement matrix being used.
G—k
X

) in Eq.(5.18) is now an integer number that will result for gx ; to be equal

In the case of the presence of fractional delay where A7, # 0, the term ( +

AT[

T
to zero in the case of (; # k. And the estimated CIR with virtual oversample gy

will be simplify to

1 XYtLd 2mnAT
— — 1
sa=y 2 3 mexp( 57y (5.19)
for (; = k, and
9xX Kk = 0 (520)

for ; # k. With the presence of fractional delay, here we can observe that the
estimated CIR gx is already a sparse again where the number of nonzeros of gx
was reduced to L.

To verify whether a given measurement matrix with virtual oversampling guar-
antees the recovery of CIR, at least one of the condition in section 4.1.1 should
satisfy. This research will only consider the second condition stated in Eq.(4.4).
The virtual oversampling is performed to reduce the number of nonzero elements
n of the unknown CIR vector to L so that the OMP is more likely to converge
according to the condition for successful reconstruction given in Eq.(4.4).

For the worst case scenario, let us consider the mutual coherence to be pu(®x) =

1 Let us also consider a parameters based on ISDB-T One-Seg given in
table 5.1 and a virtual oversampling factor X = 4. Computing the mutual
coherence using Eq.(4.5) will result to u(®4) = 0.0174, which leads to a value
n =~ 29. A n~ 29 means the proposed measurement matrix can estimate up to
29 number of channel paths. A limitation of 29 paths is enough since the channel
model of ISDB-T is only composed of 6 paths such as TU6 and hilly terrain

model.
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Figure 5.4: Channel impulse response for different time instances

5.2.1 Modified Orthogonal Matching Pursuit

In [59], it discussed that the rate of change of the delay of [-path is slower
compared to the amplitude response h; where [ € {0, ..., L — 1}. Figure 5.4 shows
the CIR for time ¢t = 1,2,3,4 in two Rayleigh channel. Here we can observe
that the impulse position does not change because the delay paths of the channel
is constant for some time instances. Only the impulse gain or the path gain is
changing over time instances. We can exploit this assumption in order to reduce
the complexity in CIR estimation.

Doing this, a Modified Orthogonal Matching Pursuit (MOMP) will be the
proposed algorithm for CS. The algorithm is composed of two parts namely the
Orthogonal Matching Pursuit (OMP) [45], and the Least Square (LS). The CIR
estimation has two parts wherein the first part will use the OMP to estimate the

both gain and delay path of the first symbol arrival. And then for the second
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Figure 5.5: System flow chart of MOMP

part, since the delay path is slowly changing compared to the amplitude response,
the rest of the symbol will only estimate the gain using LS with the supports of
the computed OMP at first part.

The flow chart of the MOMP is shown in Fig.5.5. The OMP will be used first
for the 1st symbol arrival to estimate the delay and gain of the multipath channel.
The delay information is available in the search boundary selector Y, which will
then be used for the next symbol arrival. For the succeeding symbol arrival, the
LS will be used to estimate only the gain of the channel using the Y, of OMP.
With MOMP, it is expected that the complexity will be reduced in estimating
the CIR.

OMP based Gain and Delay Estimator

The Algorithm 1 in section 4.1.1 shows the detailed steps of the OMP algo-

rithm [45] for obtaining the search boundary selector Y, and solving the impulse
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response gx of the Eq.(5.16). Orthogonal Matching Pursuit (OMP) is a greedy
algorithm that aims stagewise minimization of the approximation error to the
observed signal [45]. The OMP is an iterative algorithm where the number of
iteration used is equal to 7, the number of nonzero elements of gx. OMP will be
used only for the first symbol arrival to estimate both the delay and gain paths
of the channel.

Due to virtual oversampling, the columns of the measurement matrix repre-
sented by ¢, were increased and will result to a high resolution testing. The
OMP can effectively detect the channel delay by finding the maximum inner
product );. In the OMP algorithm, the \; = arg max,, [r ,¢;| detects accurately
the channel delay and eliminates the smaller impulses generated by fractional

delay as discussed in section 5.1.

LS Based Gain Estimator

According to [59], the delay of the channel is changing slower compared to the
gain. This assumption is also shown in Fig.5.4. In this case, estimating the delay
is not necessary because the delay estimation has completed at the first part using
OMP. Therefore, only gain is required to estimate for the next symbol arrival.
The LS will be used as a gain estimator of each path after OMP.

The LS [59] will be used to estimate the path gains of the channel. The

estimated impulse response gy € C*Msi will be estimated using
gx = (YY) "'Y!sg. (5.21)

Using the support of the measurement matrix Y, in OMP in Algorithm 1, we
can reduce the complexity of LS because the column size of the matrix Y, is only
equal to 1. The support of the OMP Y, will be the search boundary selector
since it searches the columns of the measurement matrix that will be used in LS
estimator. With this improvement, the iteration will be reduced into a single

iteration instead of using multiple iteration.

Complexity Analysis

So far, the computational cost of MOMP was reduced as follows.
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1. Since we reduced the size of the observed impulse response g to a size equal
to a guard interval N, as mentioned in section 4.3, we also need to reduce
the size of the unknown CIR gy and measurement matrix ®x for consis-
tency. This size reduction is based on the assumption that the maximum
delay spread of the channel is within the size of the guard interval N,. The

reduced virtually oversampled impulse response vector now becomes

T
gX:{gX,O gxi1 - gX7XNgi_1} ; (5.22)

and the corresponding measurement matrix becomes

Px = [Din] o<ic(Nyi-1) (5.23)

0<n<(XNgyi—1)

The new size of the measurement matrix ®x is now Ny by XNy where
Ny is the size of the guard interval and X is the oversample factor that
determines how many times the signal was oversampled. Note that the n-
th column vector of ®x corresponds to the finger-print of the band limited
impulse response of the fractional delayed path. This size reduction of
the measurement matrix and the observation vector of CS is advantageous

because it will result to a reduction in computational complexity.

2. According to section 5.2 that discusses about CS, the measurement matrix
of the proposed system was a band matrix wherein almost all of the entries
of the matrix are zeros. This will reduce the computational cost in OMP in
algorithm 1 since OMP uses inner products of the columns of the measure-
ment matrix. Using band measurement matrix will reduce the number of
products since most of the entries of the column vector of the measurement

matrix are zeros.

3. The algorithm that was used for compressed sensing is the MOMP which
was discussed in section 5.2.1. MOMP is a low computational cost algorithm
that uses only single iteration using LS with the support of OMP in the 1st
symbol calculation. MOMP was proposed as an algorithm for CS because
of the assumption that the delay path changes slowly compared to the gain
of each path.
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Figure 5.6: OMP vs. MOMP in terms of FLOP count

With the enumerated ways of reduction using the MOMP above, we can
now analyze the complexity order of the proposed algorithm. The first part
of MOMP is the estimation of delay and gain using OMP which has a complexity
of O(nNy(X N, +n?)) as discussed in Eq.(4.3) of section 4.1.1. Here we change
the Ny to XN, because of the increased size of measurement matrix due to vir-
tual oversampling. For the 2nd part of the channel estimation using LS [59], the
complexity is O(nNy;). The total complexity of the MOMP is equivalent to

O(NNyi(X Nyi +1° + 1)). (5.24)

In order to fully understand the computational complexity, an example will
be given where the n = 6, N,; = 128 and X = 2 for 12 symbol arrival. Here we
compare with the system wherein a conventional OMP will be used for all symbol
arrival. For the case of OMP, the number of floating-point operations per second
(FLOPS) using Eq.(4.3) will be 12 x (6 x 128 x (2 x 128 + 6?)) = 2,691, 072.

For the case of MOMP, the FLOPS counts using Eq.(4.3) will be use only
once such as 6 x 128 x (2 x 128 4 6%)) = 224,256, while the remaining symbols
will use the O(nN,;) which is 11 x 6 x 128 = 8,448. Then the overall FLOPS
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count for MOMP will be 224256 + 8448 = 232,704. Comparing both method,
the percentage complexity savings of MOMP in reference to full OMP will be
91.35%.

Figure 5.6 shows the FLOPS count of MOMP and OMP for different oversam-
pling factor X. For the MOMP in this simulation, the channel estimation uses
OMP for the 1st symbol while the other 11 symbols are using LS. The conven-
tional OMP will be use for all 12 symbol arrival. Here we can see in the figure
that the FLOPS count of MOMP is lesser compared to the conventional OMP
because MOMP only uses OMP for first symbol arrival while most ot the symbol
uses LS.

5.3 Simulation Results

The proposed method was evaluated in terms of normalized mean square error
(NMSE) and BER performance. A C++ programming with IT-++ library for
communication systems was used to obtain the simulation results [35]. For sim-
plicity reason, we consider ISDB-T One-Seg as a simulation parameters. Table 5.1
shows the simulation parameters wherein the ISDB-T One-Seg configuration was
considered. The number of MOMP iteration 7 for both hilly terrain and TUG is
6 since both channels have 6 paths. The sampling interval 7 = 0.008 s was cho-
sen to realize fractional delay for all channel models used in the simulation. The
tables 3.3 and 5.2 show the delay profile of the channel model that were used in
simulation. Based on the delay profile given, the value of T is not divisible with

the delays of the channels which assure that fractional delay will occur.

5.3.1 NMSE performance

The normalized mean square error (NMSE) is a measure of estimated channel
frequency response in comparison with the perfect channel frequency response.
The NMSE is defined as,

Shco by, — By il?

o [

NMSE = (5.25)
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Table 5.1: Simulation parameters

System Model

ISDB-T One-Seg

channel model
modulation type
FFT size

active subcarriers
data subcarrier
pilot subcarrier
sampling interval
pilot type

noise type
MOMP iteration

TUG, hilly terrain

QPSK
N =512
K =432

K — M = 396
M =36

Ts = 0.08us

scattered type

AWGN
n =6 — TUG6, n =6 — hilly terrain

OFDM symbols per frame 12

frames

guard interval

10000
+— TU6
% — hilly terrain

Table 5.2: hilly terrain delay profile

delay (us) power (dB)

0 0
0.1 -1.5
0.3 -4.5
0.5 -7.5
15.0 -8
17.2 -17.7
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Figure 5.7: NMSE performance in TU6 channel

where h’ = QTh is the actual channel frequency response and hy = QL Fxgx
is the estimated channel frequency response. Figure 5.7 shows the NMSE of the
estimated channel in typical urban channel. While Fig.5.8 shows the NMSE of
the estimated channel in hilly terrain environment.

The NMSE performance of full OMP and MOMP for both Fig.5.7 and Fig.5.8
shows almost equal quality. The MOMP achieves the same accuracy with the full
OMP for estimating the delay and gain of the channel even though MOMP has
less complexity compared to OMP. The MOMP exploits the slow change of the
delay path to reduce the channel estimation complexity.

For the urban channel shown in Fig.5.7, a high NMSE of about 0.2 from
Eb/No=10 dB to Eb/No=25 dB in a system without virtual oversampling (X =
1). The fact that NMSE is not improved in non-oversample (X = 1) even when
Eb/No is increased implies that the channel estimation error is dominated by the
impact of fractional delay as mentioned in section 5.1. A virtual oversampling
(X = 4) in the receiver side was performed to mitigate the impact of fractional de-
lay which results to a better NMSE performance. Virtual oversampling (X = 4)

indicates a successful construction of the CIR by mitigating the effect of frac-
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Figure 5.8: NMSE performance in hilly terrain

tional delay, which results in a significant improvement in NMSE as Eb/No is
increasing.

For the hilly terrain shown in Fig.5.8, the NMSE performance shows almost
the same results compared to urban terrain in Fig.5.7. The guard interval in
hilly terrain was increased to % because the delay spread of hilly terrain is wider
compared to a TU6 channel. As expected, the Fig.5.8 shows that the NMSE
without virtual oversampling (X = 1) has high error because of the presence
of fractional delay. While the NMSE of virtual oversampling (X = 4) improves
because it was able to detect the fractional delay.

In addition, a comparison between the proposed method and the theoretical
lower bound of CS called oracle estimator [61,62] was provided. The oracle
estimator is composed of submatrix of the measurement matrix ® x. The columns
of submatrix Y,, of the oracle estimator are composed of correct test vectors that
determine the correct time delay of the channel. The theoretical bound of the

oracle estimator is defined as

horacle - Qg}FX(YgYn’>_1Y,I7{Ig (526)
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where Y,/ is the submatrix of the measurement matrix ®x, and " are the indices
that determine the correct test vectors of ®x. As shown in Fig.5.7 and Fig.5.8,
the MOMP and theoretical bound converge each other in higher Eb/No region
both for hilly terrain and TU6 channel.

For comparison between the proposed MOMP to the theoretical bound in TUG6
channel as shown in Fig.5.7, the proposed MOMP is close to the theoretical bound
especially in the higher Eb/No of 15dB to 25dB. The gap between the proposed
MOMP and theoretical bound is only less than 2dB in lower Eb/No region in
TUG6 channel.

For the hilly terrain as shown in Fig.5.8, the proposed MOMP method is only
less than 2dB difference compared to the theoretical bound in higher Eb/No
region. The NMSE gap between the proposed MOMP and theoretical bound is
higher in hilly terrain channel compared to TU6 channel because hilly terrain has
higher delay spread of channel paths than TU6 channel. Higher delay spread of
the channel would result to higher probability of not getting the correct delay

time of the channel.

5.3.2 BER performance

The BER performance is detailed measurement method compared to NMSE per-
formance because BER performance measures the error rate of the transmitted
data while NMSE performance is only the error of channel estimation. The chan-
nel that was used during the simulation is the TU6 channel which has low delay
spread, and the hilly terrain which has high delay spread. In addition, the mod-
ulation type that was used is QPSK with different virtual oversampling factor
X =1,2 and 4.

For the TU6 channel shown in Fig.5.9, the non-virtual oversampling (X = 1)
has higher error because of the presence of fractional delay. Increasing the value
of virtual oversampling into X = 2 and X = 4 improves the BER performance. In
addition, there is no critical degradation in proposed MOMP-based CE compared
to conventional OMP where both methods are using oversampling (X = 4). The
MOMP has less complexity without sacrificing the BER performance.

The simulation results have the same expectation in the case of hilly terrain

environment in Fig.5.10. The simulation parameters is the same with the TUG6
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channel except that the guard interval was increased. The BER performance in
hilly terrain shows that the virtual oversampling (X = 2, X = 4) has less error

compared to non-virtual oversampling (X = 1).

5.4 Summary

This chapter discusses a fractional delay issue that exist in time domain based
channel estimation. The fractional delay will leak the energy path to the other
taps of CIR resulting for the CIR to be non-sparse. Because the CIR is no longer
sparse, the measurement of CIR impulse position using CS is no longer accurate.

In order to mitigate the impact of fractional delay, a virtual oversampling at the
receiver was proposed to guarantee successful reconstruction of the unknown CIR.
The proposed system can avoid the increase of bandwidth during transmission
since virtual oversampling carries out at the receiver side only.

During estimation of CIR, the OMP is applied to estimate the position and
gain of each impulse of CIR. However, it was found out that the time delay
of each path changes slowly compared to the gain of each path. Because of
this assumption, a modified OMP was proposed to reduce the computational
complexity in estimating the CIR without sacrificing the BER performance. The
MOMP is composed of two parts. The first part will estimate both delay and
gain of first symbol arrival using OMP, while the second part will only estimate
the gain of succeeding symbol arrivals using least square.

The NMSE and BER performance for different channel models verified that
a system with virtual oversampling has better performance compared to a sys-
tem without virtual oversampling. This suggest that virtual orversampling can
mitigate the impact of fractional delay. In addition, the computational cost was
also reduced using the proposed MOMP compared to the conventional OMP. The
BER performance of MOMP is comparable to OMP even though the MOMP has
less complexity compared to OMP.
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6 Conclusion

Overtime, the DTTB system is always evolving and improving. On the other
hand, the demand for higher transmission capacity is increasing to support the
evolution of DTTB system. Several possible methods and techniques were studied
to improve the transmission capacity and efficiency in the field of wireless com-
munication. An example is the application of LDM and compressed sensing. In
this dissertation, the researcher considered an implementation of LDM for migra-
tion of next generation DTTB system. The LDM offers additional transmission
capacity because multiple information can be transmitted at the same time using
the same frequency spectrum resources. The researcher also consider an imple-
mentation compressed sensing for channel estimation because compressed sensing
only requires less pilots and the bit error rate is within acceptable rate.

The first contribution in Chapter 3 is about increasing the transmission capac-
ity to be used for migration of next generation DTTB system. In this chapter,
we implement Layered Division Multiplexing to transmit additional data together
with ISDB-T. The researcher proposes to reuse the ISDB-T data and use the addi-
tional data to scale up into 4K resolution for next generation DTTB system. The
whole system implements space time block coding in a single frequency network
to increase the diversity gain. Since the LDM transmission capacity exceeds the
minimum requirement to establish a 4K TV transmission, the researcher proposes
a partial LDM to lessen the interference between primary and secondary layer.
With partial LDM, the BER performance will be less error compared to conven-
tional full LDM. With the application of STBC-SFN, the BER performance will
be lesser as the number of antenna increases.

In order to have better transmission reliability, channel estimation is necessary
for DTTB system. Using CS for channel estimation can improve the transmission

reliability with high transmission efficiency because CS only requires less pilots
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for channel estimation. However, CS requires high complexity because of huge
number of OFDM subcarriers of DTTB to be estimated. In addition, the CS
requires L, norm to obtain the sparse solution. In Chapter 4, the dissertation
presented that time domain CE can reduce the complexity of CS because it only
requires the estimation of channel impulse response instead of channel frequency
response for all OFDM subcarriers. Instead of using L, norm, this dissertation
uses greedy algorithm such as Orthogonal Matching Pursuit because it has less
complexity compared to L, norm.

The second contribution of this dissertation is presented in Chapter 5. It is said
that time domain CE can reduce the complexity of CS, however, fractional delay
issue arises due to non-synchronization between the transmitter and receiver. In
Chapter 5, the researcher discusses the impact of fractional delay where the CIR
is no longer sparse and the CS can no longer estimate the CIR properly. One
of the solution to lessen the impact of fractional delay is to implement oversam-
pling. However, oversampling can increase the transmission bandwidth and the
ISDB-T bandwidth is limited to only 6MHz. In this chapter, the research pro-
poses a virtual oversampling to avoid increase of bandwidth and to lessen the
impact of fractional delay. In addition, the researcher modified the Orthogonal
Matching Pursuit for further complexity reduction. The NMSE and BER perfor-
mance shows that the virtual oversampling has less error compared to a system
without oversampling. This suggest that the virtual oversampling can mitigate
the impact of fractional delay. Another conclusion we can get is the NMSE and
BER performance of Modified Orthogonal Matching pursuit is comparable to Or-
thogonal Matching Pursuit even though the researcher reduce the complexity of

OMP.
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