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Preface
Since radio waves are a limited, scarce, and public resource, they are shared and
used for various purposes, such as communications and broadcasting. In recent
years, since Internet traffic has increased explosively with the development of infor-
mation and communication technology (ICT), in particular, the demand for wireless
communication using radio waves is increasing. Conventionally, mobile terminals
and base stations have often been connected through active user actions. How-
ever, wireless communication in various forms is increasing, such as connections
with Internet of Things (IoT) devices, machine-to-machine (M2M) communication,
vehicle-to-everything (V2X) communication, etc. Therefore, the design of wireless
communication systems tailored to the application is needed.

In particular, R&D is actively underway in private communication systems that
users can develop suitable for the application or install based on the desired standards
ideal for the application. This thesis proposes the R&D of two private communica-
tion systems based on usage and frequency allocation conditions and evaluates their
performance.

The first private communication system is the wireless regional area network
(WRAN), a wide-area private communication system that uses the very-high-frequency
(VHF) band. The VHF band is a lower frequency band than the UHF band, which
is used for public (cellular) communications or field pick-up unit (FPU) systems
described below. Wireless communications that use low-frequency bands have char-
acteristics of relatively low power attenuation, making it easy to secure a wide coverage
area. In addition, it is relatively less susceptible to the effects of Doppler shift, making
it easier to ensure movement resistance. On the other hand, the power of delayed waves
with long delay times is also not attenuated and affects the desired wave. Therefore,
transmission performance tends to degrade due to frequency-selective fading caused
by multipath waves.

Taking these characteristics into consideration, R&D of wide-area private com-
munication systems is ongoing. It is assumed that it will be used in various conditions,
such as in mountainous areas, where it is difficult to install a base station, and when it
is difficult to install a base station during a disaster. In fact, it is being introduced in
some government offices. However, performance evaluations under system-specific
conditions, such as the strong influence of frequency-selective fading, have not been
sufficiently conducted. Furthermore, for a single base station and mobile station pair,
the maximum transmission distance that can be stably transmitted is about 10 km.
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There is a multi-hop transmission technology that repeats relaying using relay stations
to realize a wider area system; however, the throughput and coverage area of this sys-
tem have not been sufficiently evaluated. This thesis proposed several receiver designs
for this system and conducted a comparative evaluation through computer simulations
in an environment with strong frequency-selective fading, which is unique to the VHF
band. The thesis also evaluated its performance using a prototype equipped with the
proposed method through laboratory experiments to simulate the same environment.
Furthermore, the thesis evaluated the increasing transmission distance and decreas-
ing transmission rate during multihop by combining the experimental results with
theoretical values about the system.

The second private communication system is the next-generation FPU system
that uses a wide-band of 17.18 MHz. Next-generation FPUs use high-frequency
of 1.2 GHz/2.3 GHz and wide band. Since it uses a wide-band, it is expected to
realize ultra-high capacity wireless communication. On the other hand, since it uses
a high-frequency band, it is strongly affected by Doppler shift, and the propagation
environment changes drastically in mobile transmission. Additionally, because it has
a wide bandwidth, it is also affected by frequency selectivity within the band.

With its ultra-high capacity, next-generation FPUs are being R&D as a mobile
transmission system for high-definition video for ultra-high-definition (UHD) broad-
casts of marathons, road races, and other events. In particular, to increase capacity,
singular value decomposition (SVD)-multiple-input multiple-output (MIMO) is used,
which uses four antennas each for the base station and mobile station and spatially
multiplexes the data for transmission. Furthermore, adaptive transmission control
(ATC) is also used, which achieves both stable and high-speed transmission by chang-
ing transmission parameters according to the ever-changing propagation environment.
In SVD-MIMO, transmitting (Tx) and receiving (Rx) weight matrices are used for
transmission. These weight matrices have degradation that cannot be avoided due
to system design. However, conventional ATC was based on the channel quality
when transmitting with an ideal weight matrix, resulting in significant performance
degradation. This thesis proposed a method to estimate degraded channel quality and
perform ATC based on the estimated one and evaluated it using computer simulation.

Furthermore, the thesis proposed a method to compensate for degraded Tx weight
matrices using machine learning (ML). Similarly, the thesis proposed simplified chan-
nel metrics to evaluate the compensation performance of ML and a method for creating
training data. The validity of selecting optimal parameters using simplified metrics
was evaluated by computer simulation. Furthermore, this thesis showed a computer
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simulation evaluation using the parameters selected to be optimal.
This thesis described the prospects for platforms toward the use of various appli-

cations based on each private communication system’s proposed methods and study
results. First, this thesis described a cyber-physical system (CPS) platform that uses
WRAN and other communication systems and applies them to various areas. In agri-
culture or disaster prevention, since the communication area is vast or there is often
no need to connect to the Internet, WRAN, a wide-area private communication sys-
tem, can be at the core system. Similarly, this thesis described a program production
platform using next-generation FPUs and other communication systems. In the field
of television (TV) program production, efforts of remote program production using
Internet protocol (IP) lines or program production using the public cloud or the Inter-
net lines have begun. Conventional FPUs are insufficient for wirelessly transmitting
large amounts of video. Therefore, the program production platform is expected to be
realized by combining the next-generation FPU with other communication systems.

The chapters of this thesis are listed as follows. Chapter 1 described the cir-
cumstances surrounding the research content for each private communication system
covered in this thesis. Chapter 2 described the use cases and specifications of each
private communication. Chapter 3 proposed methods for single-hop and multi-hop
transmission for WRAN and evaluated the performance. Chapter 4 proposed improve-
ment methods of ATC for the next-generation FPU and evaluated the performance.
Chapter 5 similarly proposed a compensation method using ML for Tx weight matri-
ces and evaluated the performance [5]. Chapter 6 discussed the prospects for wireless
communication design toward the realization of platforms that can be used in various
applications based on the study results in the previous chapters. Finally, Chapter 7
concluded this thesis.
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Chapter 1
Introduction

1.1 Background
Since radio waves are a limited, scarce, and public resource, they are shared and
used for various purposes, such as communications and broadcasting. In recent years,
since Internet traffic has increased explosively with the development of ICT, in partic-
ular, the demand for wireless communication using radio waves is increasing [1, 2].
Conventionally, mobile terminals and BSs have often been connected through active
user actions. However, wireless communication in various forms is increasing, such
as connections with IoT devices, M2M communication, V2X communication, etc.
Therefore, the design of wireless communication systems tailored to the application
is needed.

Wireless communication is divided into two types: public communication, where
operators prepare communication equipment to which user terminals can connect, and
private communication, where users prepare communication equipment.

Public communications are being standardized worldwide by the 3GPP and other
organizations. Therefore, public communications have the advantage that devices that
comply with the same standard can be used worldwide just by signing a contract,
without having to go through complex procedures such as obtaining a license. On the
other hand, users can only use services the operators provide, and making connections
with equipment other than the assumed equipment is not easy. Also, because it
is shared, it has the characteristic of being a best-effort type service, except for a
guaranteed bandwidth contract. Furthermore, when a disaster occurs, users can only
wait for the provider to recover.

On the other hand, in private communication systems, users can develop a system
suitable for the application or install one based on the desired standards suitable for the
application. While there are degrees of freedom in system installation, the installers
must select, evaluate, install, and operate the system at their own risk. Since it is
possible to perform recovery at one’s own risk during a disaster, rapid recovery of the
system is possible. Furthermore, radio waves have characteristics depending on the
assigned frequency band, and the use of various frequency bands is currently being

The part of this chapter is partially quoted from references [3, 4, 5, 6].
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Chapter 1

considered for wireless communications, from the VHF band below 300 MHz to the
millimeter wave above 30 GHz. Therefore, it is necessary to decide the bandwidth
according to the usage, or the usage according to the bandwidth. Because it is easy to
meet this requirement, free research and system design for private communications is
possible.

For these reasons, R&D of various private communication systems is underway.
R&D is progressing on the WRAN system, which is a wide-area private communica-
tion system using the VHF band and is intended for use in various services, such as IoT
and V2X. Similarly, R&D is progressing on the large-capacity next-generation mobile
relay FPU system, which is a wide-band private communication system intended for
use in the production of road race broadcasts for TV programs such as marathons and
relay races in Japan. It is desirable to achieve wireless transmission as high throughput
and wide coverage area as possible by using the same band and transmission power in
all wireless communications, including private communications on both sides.

1.2 Overview of This Thesis
This thesis proposes and evaluates methods to achieve wireless transmission as high
speed and wide-area as possible for private communications, based on the background
from the previous section. Figure 1.1 shows the overview of this thesis. The follow-
ing parts of this chapter discuss the circumstances surrounding the research content
for each private communication system covered in this thesis. Chapter 2 describes
the use cases and specifications of each private communication. In particular, a
common system model for wide-band private communication systems used in Chap-
ter 4 and Chapter 5 is described. Chapter 3 proposes methods for single-hop and
multi-hop transmission for wide-area private communication systems and evaluates
the performance through computer simulations and experiments. Finally, the perfor-
mance evaluation results and theoretical values are combined to evaluate the limits of
transmission speed and possible transmission distance for various specifications [3].
Chapter 4 proposes improvement methods of ATC for wide-band private commu-
nication systems and evaluates the performance [4]. Chapter 5 similarly proposes
a compensation method using machine learning for quantization degradation of Tx
weight matrices for wide-band private communication systems and evaluates the per-
formance [5]. Chapter 6 discusses the prospects for wireless communication design
toward the realization of platforms that can be used in various applications based on
the study results in the previous chapters. Finally, Chapter 7 concludes this thesis.
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Evaluation Types
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Chapter 6: Prospects for Platforms of various applications
Chapter 7: Conclusion

Computer simulation

Figure 1.1: Overview of this thesis.

1.3 Private Communication Systems
This section describes the background surrounding wide-area and wide-band private
communication systems and related works for them.

1.3.1 Wide-area Private Communication System in VHF band for
IoT and V2X

The implementation of CPS platforms has significantly improved the IoT and V2X-
based applications in recent years [7]. CPSs transmit sensor, metering, and monitoring
information from physical space to cyberspace. This information is processed in the
cyberspace through machine learning, and the results are then fed back into the physical
space to form value. A wide-area communication system is required to collect data
from a wide area to configure a CPS platform for the IoT and V2X applications.
The communication distance must be more than 10 km to implement the platform
in various applications, such as ITSs with V2X, positioning, marine sensing, and
ship-to-ship communication. Furthermore, a high mobility environment requires a
transmission rate of at least several Mbps since the information to be collected includes
text and numerical data along with moving images.

These requirements can be satisfied by implementing the WRAN. WRAN is
primarily employed for regional area communication over several tens of kilometers
between wireless devices. It is mainly used in the VHF or UHF bands, such as
the 200–400 MHz band, to secure a larger communication area per BS. One of the
standardized WRAN systems is the IEEE 802.22 [8]. It was standardized in 2011;
an initial prototype was developed [9] and demonstrated in the field [10]. However,
IEEE 802.22 uses OFDMA with a bandwidth of 6 MHz per channel, which is highly
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Chapter 1

resistant to the frequency-selective fading that occurs in wide-area communications.
This system is primarily intended for fixed communications and does not support
mobile communications. Further research and development must be performed for
commercialization in highly mobile environments [11] before it can be applied in
ITSs.

IEEE 802.16 is a standard for broadband wireless communication systems based
on OFDMA in higher UHF and SHF bands (recommended for application at 2.5, 3.5,
and 5.8 GHz [12] in 2009). It was launched as WiMAX [13]. Extensive research has
been conducted in this field, and various studies have been conducted on the channel
estimation methods [14, 15, 16]. It has a maximum carrier frequency of 5.8 GHz
and a maximum speed of 100 km/h; the Doppler frequency is 537 Hz, and the CP is
set at approximately 10.0 𝜇s [13]. Consequently, the system exhibits high resistance
to movement speed (i.e., time fluctuation of the propagation channel) but not to the
long-delayed waves (i.e., frequency selectivity).

ARIB STD-T103 was standardized for the WRAN system by the ARIB of Japan
in 2011 to meet the formerly mentioned requirements [17, 18, 19]. In 2013, this
standard was standardized as IEEE 802.16n (hereafter referred to as ARIB T103/IEEE
802.16n) [20]. This is a broadband mobile communication system that uses OFDMA
in the VHF band for public usage. Wireless communication systems using the VHF
band are characterized by less power attenuation over the same distance as compared
to the UHF and higher bands. Therefore, a WRAN in the VHF band is expected to
be used over a wide area of several tens of kilometers. Additionally, tolerance to the
multipath fading that occurs in wide communication areas can be expected owing to
the usage of OFDMA. In terms of the size of FFTs per channel, the number of ARIB
T103/IEEE 802.16n (FFT size is 1024) is greater than or equal to that of IEEE 802.16-
2009 because ARIB T103/IEEE 802.16n was developed based on IEEE 802.16-2019.
Therefore, since the subcarrier spacing of ARIB T103/IEEE 802.16n is less than or
equal to that of IEEE 802.16-2009, ARIB T103/IEEE 802.16n exhibits the same or
higher resistance to frequency-selective fading as that exhibited by IEEE 802.16-2009.
Furthermore, ARIB T103/IEEE 802.16n is specialized for the VHF band. Therefore,
it is expected to have a longer transmission distance than IEEE 802.16-2009, which
primarily uses frequencies above the UHF band. ARIB T103/IEEE 802.16n also
requires a smaller FFT size than IEEE 802.22 (with an FFT size of 2048), making
it relatively easy to build devices. Moreover, ARIB T103/IEEE 802.16n supports
mobile communication with a transmission rate of several Mbps [17, 18, 20], which is
not supported by IEEE 802.22, does not require a core network like IEEE 802.22, and
is easier to install than 4G and 5G networks. Therefore, ARIB T103/IEEE 802.16n is
expected to be an effective communication system for V2X to meet the requirement
of super-large-coverage over 10 km and higher transmission rate over several Mbps.
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1.3.1.1 Related Work

Some wireless communication systems are currently available for V2X applications,
as shown in Table 1.1 [17, 21, 22, 23, 24, 25].

4G and 5G, which are public communication systems standardized by the 3GPP,
can be considered for V2X communication systems. 4G and 5G primarily use the UHF
band and SHF band, respectively, which facilitates a transmission distance of several
kilometers per BS. However, each BS requires a connection to the core network.
Additionally, the use of public communication systems presents various problems,
such as the huge subscriber fees owing to the requirement of up-to-date information
from all the roads for nationwide use of V2X, in the cases such as automated driving.
Therefore, a private wireless communication system, such as a WLAN with wide-area
communication and without connection to a core network, is suitable for collecting
information with a small number of BSs. Moreover, wireless communication must be
standardized by the international standards development organizations.

IEEE 802.11p is a standard based on OFDM for WLAN-based DSRCs for vehicular
communication; it is designed to support safety applications via V2X in 2010 [25].
Multihop communication is required to achieve long-range multicasting for full-range
vehicular networks owing to the limited communication coverage of the IEEE 802.11p
system [26]. However, its operating frequency is the 5 GHz band, which requires
multiple hops to support an area of several tens of kilometers.

Several LPWA communication systems for IoT devices have been analyzed in
the sub-1 GHz band [21]. Additionally, private communications using licensed or
unlicensed bands and 3GPP cellular-based public communications have also been
analyzed. However, the bandwidth, associated transmission speed, mobility tolerance,
and area range are restricted owing to the low power and wide area. In summary, no
existing standardized system can ensure a communication distance of 10 km or more
between BS and terminals; collect information from sensors, meters, and monitors,
including moving images; and control them with transmission speeds above several
Mbps in mobile environments, such as ITS and IoT.

There has been research about ARIB T103/IEEE 802.16n. In addition, they have
been introduced as a public BB by the Ministry of Land, Infrastructure, Transport
and Tourism and local governments [27, 28]. However, all the modulation schemes
developed in previous studies [29], including uplink and downlink, with and without
diversity, for ARIB T103/IEEE 802.16n were not comprehensively analyzed using
computer simulations and experimental evaluations. Additionally, the transmission
distance achieved using the ARIB T103/IEEE 802.16n has not been analyzed. This
analysis of the transmission distance must also include an expansion of the transmission
distance, assuming the relay between the RSs.
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1.3.2 Wide-band Private Communication System for Live Video
Transmission

Currently, TV broadcasting in UHD [30] has started in some countries worldwide,
and Japan, satellite broadcasting in both 4K resolution and 8K resolution has begun.
8K UHD is also called SHV in Japan. The main focus of the current TV programs
is the recorded programs and the relay broadcasting of sports programs using wired
lines. Furthermore, the start of UHD terrestrial broadcasting is being considered, and
R&D of it is actively being carried out [31]. Although 4K relay using multiple cellular
lines has been implemented [32], there are issues such as high delays and difficulty in
stable transmission.

R&D on next-generation FPUs for mobile relay is underway to transmit higher-
capacity video material such as at 4K/8K resolutions in mobile environments. FPUs
are wireless communication equipment used by broadcasters to transmit video and
audio program materials in Japan [33, 34, 35]. They are also used in other coun-
tries [36] under various names, such as wireless links, and research is also being
conducted [37, 38]. Some FPUs are used for various purposes in the production of
relay programs [39, 40, 41]. In particular, FPUs for mobile relay programs are used
for real-time broadcasts of road racing programs such as marathons and long-distance
relay races [39]. However, those FPUs used at current program production sites
are restricted in terms of the transmission of higher quality video material because
they were developed assuming video material equivalent to 2K-resolution transmis-
sion [42]. Therefore, R&D on next-generation FPUs for mobile relay is underway
to transmit higher-capacity video material such as at 4K/8K resolutions in mobile
environments [4, 43, 44, 45, 46, 49].

Furthermore, since video materials are videos used as raw materials for program
production, encoding processing for broadcasting is further performed after they are
transmitted and edited. Therefore, a higher quality video than the final broadcast one
is required. Furthermore, in Japanese UHD satellite broadcasting, 8K broadcasting
is broadcast at a transmission speed of 100 Mbps based on the ISDB-S3 standard.
Additionally, even when using H.266/VVC [50], the latest video encoding technology
standardized by the JVET, 8K video transmission requires a maximum transmission
capacity of 180 Mbps depending on the situation was confirmed in subjective ex-
periments [51]. Note that in video transmission, the required transmission capacity
changes depending on the type of video. For these reasons, it is necessary to have as
large a transmission capacity as possible, several tens to 100 Mbps or more for UHD
video material transmission.

The channel environment for real-time broadcasts of road racing programs is a mo-
bile environment because video material is transmitted while moving. In the mobile
environment, the propagation channel changes over time. However, since conven-
tional FPUs were designed for simplex communication, changing the transmission
parameters dynamically is impossible. Therefore, these channel parameters, such as
MCSs, were fixed to parameters with a high noise tolerance for stable transmission,
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even over poor propagation channels. For this reason, even if most racing courses had
a good propagation channel, the system design was fixed at low throughput, so the
throughput could not be increased.

Next-generation FPUs under development combine three technologies to achieve
“stable transmission” with low throughput over poor propagation channels and “high-
speed transmission” with high throughput over good propagation channels. Elemental
technologies include SVD-MIMO, which improves the transmission capacity by spa-
tial multiplexing, two-way communication by TDD, and ATC by changing parameters
in accordance with channel conditions. SVD-MIMO uses Tx and Rx weight matrices
calculated by SVD and transmits over multiple equivalent independent channels called
eigenmodes or streams [4, 43, 46, 47, 48, 52, 53, 54, 55, 56, 57]. This thesis calls these
channels streams. In particular, an optimal transmission for the channel capacity can
be expected when SVD-MIMO is combined with ATC algorithms [4, 43] that control
the power allocation {𝑝𝑖} and modulation schemes for each stream 𝑖 and coding rate 𝑅
for all streams.

Next-generation mobile relay FPUs have standardized as ARIB STD-B75 [46]. In
previous R&D involving this standard, studies assuming ideal SVD-MIMO transmis-
sion were conducted. However, in actual transmission, there are degradations of the
weight matrix that cannot be avoided due to system design. Various parameters were
not optimized for transmission with this degraded weight matrix. In particular, ATC
assuming a degraded weight matrix and compensation for quantization degradation
using machine learning have not been studied.

1.3.2.1 Related Work

Next-generation FPUs for mobile-relay broadcast programs have been actively re-
searched, developed, and standardized [43, 46, 55]. In particular, a method using
modulation schemes with a high modulation order and turbo codes achieved a max-
imum transmission rate of 180 Mbps and a frequency utilization efficiency of 10
bit/s/Hz in an experimental mobile environment [55].

Several improvements to the SVD-MIMO transmission method with incomplete
Tx weight matrices have been proposed. In reference [54], an ATC method based
on the BER without decoding was proposed. However, it does not compensate for
the degradation of the Tx weight matrices. The compensation methods proposed
in [56] used channel prediction at the Tx, and channel estimation at the Rx was
proposed. However, these methods focus on compensating for the degradation caused
by time-varying channels.

Estimating a scalar value from a vector is a regression problem. SVR, logis-
tic regression, ridge regression, regression methods using NNs, etc., are used for
solving regression problems [58]. Reference [59] applied regression into wireless
communications. However, the method used therein targeted only channel estimation.
Numerous other methods, such as decoding error correction code, channel estimation
methods, and detecting MIMO signals, have been proposed as applications of ML to

8



wireless communication [60, 61]. Although NNs that operate equivalently to SVD
have been researched [62], there is no research on using ML to compensate for the
degradation of the Tx weight matrices for SVD-MIMO transmissions or generating a
large amount of training data based on statistical distributions. There is no research
on simplified channel metrics for evaluating the degradation in performance of the Tx
weight matrices.
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Chapter 2
Use Cases and Specifications

2.1 Wide-area Private Communication System:
WRAN

2.1.1 Use Case of WRAN
Figure 2.1 presents an example of the CPS platform using a WRAN and other wireless
communication systems. When not using WRAN, the public wireless communica-
tion systems, and local-area private communication systems collect various types of
information. For example, a public mobile communication system standardized by
the 3GPP such as 5G is used for public communication. A Wi-SUN standardized
by IEEE 802.15.4g [63] or a WLAN by IEEE 802.11 is used for local-area private
communication. However, the communication service area is only a public operator’s
service area, which expands through local communication. In addition, using these
services incurs subscriber fees. These issues increase the difficulty of installing exist-
ing systems. On the contrary, the WRAN system conforming to ARIB STD-T103 can
cover a wide range of 10 km or more with a transmission rate of several Mbps. Thus,
this thesis envisions three use cases for WRAN: 1) IoT communications, 2) mobile
communications, and 3) V2X communications.

1) IoT communications
Various types of information, such as sensor data, are collected from the wide
area with a distance of 10 km or more supported by the WRAN systems. The
thesis assumes that the communication is performed directly using the sensor
data with WRAN and the data is collected in the local area using another com-
munication system (such as Wi-SUN or WLAN) and transmitted with WRAN
via a MGW. In V2X, communication is categorized as V2I. It is expected to
be used in various fields, such as a collection of information from both the
environment and road monitoring sensors [21].

The part of this chapter is partially quoted from references [3, 4, 5, 6].
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Wide-area private communication (WRAN)

BS RS

RS

UE

MGWMGW

MGW

RS(3) V2V

(2) Mobile 

(1) IoT UE
Sensor Sensor

Sensor

UE

Sensor

Local -area private
communication

Local -area private
communication
(Wi-SUN/etc.)

The InternetAnalysis servers

Optical fiber Optical fiber
BS

UE

UE

MGW

Public communication
(5G/LTE/etc. )

(3) IoT

(1) IoT

(2) Mobile 

(2) Mobile 

Figure 2.1: Example of public and private wireless communication systems on the
CPS platform. [3] Fig. 1

2) Mobile communications
For mobile communications, the thesis assumes that communication is per-
formed with moving UE, similar to general public cellular communication and
communication with vehicles, such as cars. In the vehicle, various control infor-
mation required for automatic driving and other actions, is collected locally via
Wi-SUN or WLAN, etc., and this information is widely collected via WRAN.
Conversely, WRAN can be used to remotely achieve the control required for
automated driving. V2X communication is categorized as V2N.

3) V2X communications
When a vehicle is outside the WRAN communication area, the communication
area is extended using multi-hop communication via V2V communication [64]
based on the WRAN. Moreover, the communication area can be expanded as an
IAB link by installing a WRAN BS, which functions as an RS in a vehicle. For
example, it can function as a temporary BS in the event of a disaster. This RS
can be connected to terminals using WRAN and can also transmit information
collected by Wi-SUN and WLAN using the MGW function of RS.
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2.1.2 Specifications of ARIB STD-T103 and IEEE 802.16n
The ARIB STD-T103 [18] was standardized for WRAN systems by the ARIB in Japan
in 2011. The ARIB STD-T103 is a broadband mobile communication system which
employs OFDMA in the VHF band for public usage. Wireless communication systems
using the VHF band are characterized by less power attenuation for the same distance
as the UHF and higher bands. Consequently, a WRAN in the VHF band is expected
to be used over a wide area, such as several tens of kilometers. Table 2.1 lists the
specifications of ARIB STD-T103. The ARIB STD-T103 operates with a bandwidth
of 5 MHz per channel and has two modes: Mode 1 and Mode 2. Mode 1 has two FFT
size options: 512 and 1024-point FFTs. The modulation schemes, duplex methods,
multiple access schemes, maximum Tx power, and MAC layer protocol of Mode 1
are based on IEEE 802.16-2009 [15]. In IEEE 802.16-2009, 1024-point FFTs are not
supported for the operation of a 5 MHz bandwidth. However, 1024 FFTs can be used
even in operation with a 5 MHz bandwidth to compensate for signal variations due to
severe frequency-selective fading in the VHF band.

The differences between the 512 and 1024-point FFT systems are in terms of
the following: FFT size, frame length, OFDM symbol length, and CP length. This
thesis focused only on the 1024-point FFT-applied Mode 1 owing to its widespread
usage in Japan [29]. As the 1024-point FFT-applied systems achieve a CP of over
20 𝜇s, they can support delayed paths of greater than 20 𝜇s. In addition to the above
differences, Mode 1 has unique pilot patterns between the DL and UL to compensate
for signal variations that are caused by fading and the slot allocation ratio for the DL
and UL in a TDD frame [18]. Mode 1, with a 512-point FFT, could support only
35:21 and 26:21, respectively. However, with a 1024-point FFT, Mode 1 supported a
different ratio of 9:38. Mode 2 supported ratios of 37:10, 23:24, and 9:38. Therefore,
Mode 1 with the 1024-point FFT, and Mode 2 can provide a higher ratio of UL
and are effective in various cases, such as monitoring, metering, and surveillance.
Figure 2.2 shows the TDD frame structure of the DL and UL used in Mode 1 with
a 1024-point FFT. The pilot patterns of ARIB STD-T103 are roughly divided into
the cluster and tile types [17, 18]. In the tile type, pilot subcarriers are placed at the
four corners of each resource unit, whereas in the cluster type, they are not placed
at the four corners. Cluster and tile types differ in transmission speed owing to the
number of pilot subcarriers, resistance to frequency selectivity, and resistance to time
fluctuations. Table 2.2 lists the average numbers of null, pilot, and data subcarriers
for each OFDM symbol. The ARIB STD-T103 in 2011 and IEEE 802.16-2009 were
standardized to IEEE 802.16n in 2013 [20].
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Figure 2.2: TDD frame configuration.

Table 2.2: Average number of subcarriers. [3] Table 3

Mode 1 Mode 2
DL UL DL UL

Null subcarriers 184
Pilot subcarriers 120 280 210 120
Data subcarriers 720 560 630 720

2.1.3 Specifications of Transmitter
Figure 2.3 depicts the transmitter block diagram of the ARIB T103/IEEE 802.16n
system and the process of each block is presented in [17]. The transmitter performs
channel coding, modulation, frequency interleave using PUSC, IFFT, and OFDM
processes, including CP. The frequency interleave and CP increased the resistance to
long delay paths. Mode 1 uses pilot allocations standardized in IEEE 802.16-2009, as
shown in Fig 2.4. DL uses cluster-type channel allocation combined with a high data
symbol ratio, leading to the difficulty of estimation. Conversely, UL uses a tile-type
channel allocation set with a low data symbol ratio, which makes channel estimation
relatively easy.

Channel coding
and modulation

PUSC mapping IFFT CP insersion
1/0 I/Q I/Q I/Q I/QTx

binary data
Tx signal

Figure 2.3: Structure of transmitter. [3] Fig. 2

1when 64QAM and coding rate of 1/2 are used.
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Pilot subcarrier

Data subcarrier

DL (Cluster type) UL (Tile type)

SymbolSymbol

S
u
b
ca

rr
ie

r

S
u
b
ca

rr
ie

r

205.7 μs205.7 μs

5
.4

7
 k

H
z

5
.4

7
 k

H
z

Figure 2.4: Pilot patterns. [3] Fig. 3

2.2 Wide-band Private Communication System: Next-
generation FPU

2.2.1 Use Case of Next-generation FPU
Figure 2.5 presents an example of real-time production for road-racing programs
using next-generation FPU. In actual video transmission, a 4K/8K video encoder is
connected to the MS side, and a decoder is connected to the BS side. In particular,
using a variable encoder [65], it is possible to transmit video materials with the highest-
quality video according to the transmission capacity. Additionally, this method realizes
two-way video transmission using TDD. Taking advantage of this feature, it can also
be used for wireless IP remote production, where cameras on moving vehicles are
remotely controlled from the switching center [66].
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Figure 2.5: Example of real-time production for road racing program using next-
generation FPU. ©2023 ITE, [6] Fig. 1

2.2.2 Specifications of ARIB STD-B75
The ARIB STD-B75 [46] was standardized for next-generation FPU systems by the
ARIB in Japan in 2021. As mentioned above, the standard specifies two-way com-
munication using TDD. Furthermore, different transmission methods are specified for
DL and UL depending on the application. In addition to high line reliability, since
UL requires high-capacity transmission speed, a transmission method that combines
4× 4 SVD-MIMO, OFDM, and ATC is specified. While DL requires similar line
reliability, it is expected to be used at a relatively low transmission speed. Therefore,2 × 4 space-time trellis coded-MIMO, the transmission method used in conventional
FPU [42], is specified. This thesis omits the transmission method of DL. Table 2.3
shows the UL specifications of STD-B75. Here, 𝑁mod is the sum of the modulation
orders 𝑛mod of each stream 𝑖.
2.2.3 Overview of the System Model
This section gives an overview of next-generation FPU system model under devel-
opment [46]. For next-generation FPUs for mobile relays, a method of switching
between high speed and stability depending on the environment is being researched.
In particular, since TDD enables two-way communication, the aim of these systems is
to adaptively control parameters depending on changes in the propagation environment
due to movement. The flow of the control is shown below.

Figure 2.6 shows a functional block diagram of the next-generation FPUs for
mobile relays. On the BS side, the RF/OFDM process, channel estimation, signal
detection, demodulation, and decoding are performed on the signal received from the
MS, and parameters (deteriorated weight matrix 𝑽′, {𝑛mod𝑖 }, 𝑅, and {𝑝𝑖}) for the next
frame are created and transmitted to the MS. On the MS side, coding, modulation,
multiplication of Tx weight matrices, and the OFDM/RF process are performed using
the received parameters. Figure 2.7 shows the TDD frame structure of the DL and UL
used in this thesis. First, the channel matrix 𝑯 is estimated on the basis of the pilot
symbol included in the received signal for UL transmission from the MS at the BS.
After that, control information such as the Tx weight matrices 𝑽, power allocation{𝑝𝑖}, and MCSs for UL transmission of the next TDD frame is created by SVD and
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Table 2.3: Specifications of ARIB STD-B75 (UL). ©2023 IEICE, [5] Table 1

Parameter
Frequency band 1.2 GHz (1.24–1.30), 2.3GHz (2.33−2.37)
Spatial multiplexing 4 × 4 SVD-MIMO
FFT size 1024 2048
Subcarrier spacing (kHz) 19.97 9.99
Mode Half Full Half Full
Occupied Bandwidth (MHz) 8.47 17.18 8.47 17.18
Total number of subcarriers 424 860 848 1720
Number of data subcarriers 408 816 844 1688
Sum of modulation orders (𝑁mod) 10, 12, 14, 16, 18, 20, 22, and 24
Modulation schemes
(Modulation order)

BPSK (1),QPSK (2), 8QAM(3),..., and 4096QAM(12)
Inner code Turbo codes (Code rate: 𝑅 = 0.33–0.92 )
Outer Code Reed-Solomon codes (204,188, 𝑡 = 8)
GI length (𝜇s) 6.26 9.39 12.5 12.5 18.8 25.0
Sym. length (𝜇s) 56.3 59.5 62.6 113 119 125

ATC algorithms (in Chapter 4). Finally, these parameters are transmitted to the MS
via a DL.

OFDM is used for the FPUs. Four modes are standardized for the TDD frame
structure [46], and the thesis uses a 1K-Full mode having the structure shown in
Fig. 2.7. There are 816 data subcarriers and 28 data symbols in a UL subframe of one
TDD frame, so there are 22,848 (= 816 × 28) symbols for data transmission in total.
SVD is performed on the representative (of a precoding block consisting of about
eight subcarriers) 108 subcarriers of the final data symbol of the UL subframe. The
created Tx weight matrices are used for all UL symbols per each precoding block in
the TDD frame. ATC is performed after averaging the channel quality of all symbols
and subcarriers in the UL subframe. After that, the same control information is used
for all symbols and subcarriers in the UL subframe of the next TDD frame [46].

2.2.4 SVD-MIMO Transmission for UL
SVD-MIMO transmission used for UL transmission can be used with ATC to allocate
optimal power to each stream, allowing for high communication channel capacity [52].
To implement optimal ATC, it is necessary to estimate transmission channel quality
during control accurately. This thesis describes the undesired signals, such as noise
power and interference power of “ideal SVD-MIMO transmission” where the Tx and
Rx weight matrices are ideal and “actual SVD-MIMO transmission” where the Tx
and Rx weights are imperfect in line with the actual transmission.
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Figure 2.7: Example of TDD frame configuration. ©2023 IEICE, [5] Fig. 1

First, 𝑯 ∈ ℂ4×4 is decomposed by SVD:

𝑯 = 𝑼𝜮𝑽H, (2.1)

where 𝑼,𝑽 ∈ ℂ4×4 are unitary matrices, 𝜮 ∈ ℝ4×4 is a diagonal matrix whose
elements are the singular values {𝜉𝑖} of 𝑯, and the superscript H means Hermitian
transpose. 𝑖 = 0, 1, 2, 3 is the stream index.

2.2.4.1 Procedure of Ideal SVD-MIMO Transmission

Figure 2.8 shows the procedure of ideal SVD-MIMO transmission. In the ideal SVD-
MIMO transmission, 𝑽, 𝑼H, and 𝜮−1 are the Tx weight matrix, Rx weight (signal
detection) matrix, and equalization matrix, respectively [52]. When being multiplied𝑽 and 𝑼H, the weighted received signal 𝒚0 ∈ ℂ4 is

𝒚0 = 𝑼H [𝑯(𝑽𝑻𝒙) + 𝒏] = 𝜮𝑻𝒙 +𝑼H𝒏, (2.2)

where 𝒙 ∈ ℂ4 is the transmit signal, 𝑻 ∈ ℝ4×4 is a diagonal matrix whose elements
are the amplitude components of power distribution {√𝑝𝑖}, and 𝒏 ∈ ℂ4 is an AWGN
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Figure 2.8: Procedure of ideal SVD-MIMO transmission. ©2023 IEICE, [4] Fig. 3

vector. Note that the Tx signal power is constrained to
∑𝑖 𝑝𝑖 = 1 because the total of

the four streams needs to be constant.
The final output, equalized signal 𝒚, is multiplied by the equalization matrix 𝜮−1

and the power distribution inverse matrix 𝑻−1 with respect to 𝒚0:
𝒚 = 𝑻−1𝜮−1𝜮𝑻𝒙 + 𝑻−1𝜮−1𝑼H𝒏 = 𝒙 + 𝑻−1𝜮−1𝒏′. (2.3)

At this time, since the rotated noise vector 𝒏′ is 𝒏′ = 𝑼H𝒏 and𝑼H is a unitary matrix,
the rotated noise vector becomes a noise vector with the same distribution as 𝒏. Also,
each element 𝑦𝑖 of 𝒚 is 𝑦𝑖 = 𝑥𝑖 + 𝑛′𝑖∕ (𝜉𝑖√𝑝𝑖) . (2.4)

In other words, 1∕ (𝜉𝑖√𝑝𝑖) times more emphasized noise is added to the desired signal𝑥𝑖 as an undesired signal and received [52]. Also, for the sake of the next section, 𝑼H
and 𝜮−1 are combined and defined into the signal detection matrix 𝑾 = 𝜮−1𝑼H.

2.2.4.2 Procedure of Actual SVD-MIMO Transmission

However, in actual SVD-MIMO transmissions, it is hard to use ideal weight matrices
for various reasons described later [53, 54]. This section describes the actual SVD-
MIMO transmission using the degraded Tx weight matrix 𝑽′ and the signal detection
matrix 𝑾′ changed from the ideal matrix 𝑾. Figure 2.9 shows the procedure of the
actual SVD-MIMO transmission. The equalized signal 𝒚′ ∈ ℂ4 is

𝒚′ = 𝑻−1𝑾′ [𝑯(𝑽′𝑻𝒙) + 𝒏]= 𝒙 + 𝑻−1𝑾′𝒏 + 𝑻−1𝜟𝑻𝒙, (2.5)
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where 𝜟 is interference component matrix. It is the difference between 𝑾′𝑯𝑽′ and
the identity matrix 𝑰 ∈ ℂ4×4:

𝜟 =𝑾′𝑯𝑽′ − 𝑰. (2.6)

Same as ideal SVD-MIMO transmission, undesired signals are added to the desired
signal 𝑥𝑖 and received. The undesired components in the received signal are the
emphasized noise component 𝑻−1𝑾′𝒏 and the interference component 𝑻−1𝜟𝑻𝒙.

2.2.5 Degradation Factors in the Tx Weight Matrices
The system model conforms to the standard [46], wherein various factors degrade the
Tx weight matrices. The degradation factors are described below.

2.2.5.1 Degradation Due to Quantization

As shown in Fig. 2.7, the Tx weight matrices are created at the BS and then transmitted
to the MS via the DL. The Tx weight matrices𝑽 are generated with the number of bits
depending on the hardware’s computing power. Because the evaluation in this study
used 64-bit floating-point arithmetic, the Tx weight matrices were also generated in
this format. The Tx weight matrices are specified in the standard to transmit the
minimum required one OFDM symbol per TDD frame. However, considering the
transmission of the real and imaginary parts of the Tx weight matrices 𝑽, the number
of matrix elements, and the total number of subcarriers (860), 1.76 Mbits (64-bit×
2 × (4 × 4) × 860) must be transmitted. It is impossible to transmit all the Tx
weight matrices because about 9 Kbits can be transmitted for the DL subframe in the
configuration of Fig. 2.7. On the other hand, increasing the number of DL symbols
causes a decrease in the UL transmission rate. For these reasons, the standard [46]
specifies three-bit quantization for each element, which causes a quantization error
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Three-bitV V´

Figure 2.10: Quantization for each parameter of the Tx weight matrices. ©2023
IEICE, [5] Fig. 3

relative to the ideal value. Figure 2.10 shows an example of the degradation in each
element of the real part caused by three-bit quantization. In Ideal 𝑽, each parameter
varies continuously between−1.0 and 1.0. On the other hand, in the three-bit quantized𝑽 ′ , each parameter is limited to 23 = 8 patterns.

2.2.5.2 Other Degradation Factors

The Tx weight matrices are also degraded by a) channel estimation errors and by b)
the use of precoding blocks.

a) Degradation due to channel estimation error
This sort of degradation occurs because the estimated channel matrices �̃� for creating
the Tx weight matrices are different from the ideal ones. In particular, delays due
to feedback and the use of pilot symbols make a difference. Differences due to
delays always occur when estimating channel matrices in time-varying channels.
Furthermore, because the Tx weight matrices in this system are fed back to the MS
via DL subframe as one of the transmission parameters of Fig. 2.7, especially long
(sub) frames cause a large difference.

b) Degradation due to the use of precoding blocks
This sort of degradation occurs when precoding blocks are used to reduce the amount
of feedback data in the Tx weight matrix, similar to degradation due to quantization in
Section 2.2.5.1. Eight subcarriers are put together as a precoding block, for which one
representative Tx weight matrix is used [46]. As a result, the transmission is reduced
to about 9 Kbits, and it is possible to transmit the Tx weight matrix to the MS in the
frame structure shown in Fig. 2.7. However, the Tx weight matrices are no longer
ideal.
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2.2.6 Change in Signal Detection Matrix
Other factors change the signal detection matrix in addition to a) degradation due to
channel estimation error that was also a degradation factor of the Tx weight matrix
described in Section 2.2.5.2. The signal detection matrix in the system model changes
from𝑾 because the matrix obtained by the signal detection method is used instead of
the Rx weight matrix 𝑼H and the equalization weight matrix 𝜮−1 generated by SVD.

As signal detection methods, in addition to ZF 𝑾𝑍𝐹 = (𝑯𝑽)−1 which is the
same matrix as 𝑾 = 𝜮−1𝑼H under ideal conditions, MMSE, maximum likelihood,
successive interference cancellation, etc. are proposed [67, 72]. ARIB STD-B75
exemplifies signal detection using an MMSE matrix due to its ability to suppress
noise enhancement and ease of processing, so this thesis also uses the matrix (𝑾′ =𝑾MMSE). 𝑾MMSE is defined using degraded Tx weight matrix 𝑽′ and estimated
channel matrix �̃� as

𝑾MMSE = [(�̃�𝑽′)H �̃�𝑽′ + 4𝑆𝑁𝑅Av. 𝑰] (�̃�𝑽′)H , (2.7)

where 𝑆𝑁𝑅Av. is the average SNR at the Rx antenna [46]. As a result, the signal
detection matrix changes significantly compared to 𝑾, especially at low SNR.
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Chapter 3
Wide-area Communication Systems:
WRAN

3.1 Introduction
This chapter proposes a channel estimation method for ARIB T103/IEEE 802.16n
downlink in a highly mobile environment to reduce the memory required for recep-
tion [17]. The BER performance was evaluated using QPSK, 16QAM, and 64QAM-
OFDM and MRC diversity via computer simulations. Moreover, a prototype of ARIB
T103/IEEE 802.16n was developed, and the transmission performance of the downlink
was evaluated in a radio propagation environment in the VHF band [29] Moreover, the
thesis comprehensively evaluates the transmission performance of both downlink and
uplink in a VHF-band radio propagation environment through computer simulations
and experimental evaluation using our WRAN prototype. The thesis employed both
conventional and our proposed channel estimation methods. Subsequently, the trans-
mission distance achieved using the ARIB T103/IEEE 802.16n was calculated based
on the evaluation results. The main contributions of this chapter are summarized as
follows:

• The transmission performance of ARIB T103/IEEE 802.16n with all the modu-
lation schemes, uplink and downlink, and with and without diversity was com-
prehensively evaluated through computer simulations and experimental analysis
of the transmission characteristics of the VHF band. The results of the com-
puter simulation were validated based on the experimental results obtained from
our WRAN prototype. Subsequently, the SNR and input power at the receiver
required to achieve the BER of 10−6 were determined.

• The transmission distance between the RSs of ARIB T103/IEEE 802.16n with
and without the multihop relay was evaluated by using the required input power
obtained from the experimental evaluation.

This chapter is based on “Super-large-coverage standardized wireless communication system and
its implementation in VHF Band for IoT and V2X” [3], by the same author, which appeared in the
IEEE Open Journal of Vehicular Technology, under a Creative Commons Attribution 4.0 License
(https://creativecommons.org/licenses/by/4.0/).
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Section 3.2 proposes the receiver of ARIB T103/IEEE 802.16n Mode 1. Sec-
tion 3.3 presents channel estimation and equalization schemes for DL and UL in
ARIB T103/IEEE 802.16n Mode 1. Moreover, the enhanced scheme is proposed for
DL. Sections 3.4 and 3.5 present the computer simulation results and experimental
laboratory results of ARIB T103/IEEE 802.16n Mode 1. Section 3.6 describes the
expected transmission distance based on the results. Lastly, Section 3.7 summarizes
the conclusions drawn from this chapter.

3.2 Proposed Receiver
Figure 3.1 shows the proposed receiver block diagram of an ARIB T103/IEEE 802.16n
system [17]. First, each CP is removed before obtaining the received subcarriers
through FFT processing. If the CP length is sufficient for removing the effect of the
delay paths, there is no ISI or ICI in the obtained subcarriers. Subsequently, the
receiver performs channel estimation, equalization, demapping using PUSC, demod-
ulation, and channel decoding. Figure 3.2 depicts the receiver block diagram of the
MRC diversity [68]. It was assumed that the MRC diversity could be applied to two
receiving antennas. By employing the received signal (𝑟1) and estimated effective
channel (ℎ̃1) of branch 1, and the received signal (𝑟1) and estimated effective channel
(ℎ̃2) of branch 2, the MRC-processed and equalized signal, 𝑟′, can be obtained as
follows:

𝑟′ = ℎ̃∗1𝑟1 + ℎ̃∗2𝑟2||||ℎ̃1||||2 + ||||ℎ̃2||||2 , (3.1)

where * denotes complex conjugate.

Channel
estimation

FFT
1/0I/QI/QI/Q I/Q

CP
removal

Equalization

h̃
PUSC

demapping

I/Q Demodulation and
channel decoding

Decoded
dataRx signal

Figure 3.1: Structure of proposed receiver.

26



Channel
estimation

FFT

1/0

I/Q

Channel
estimation

I/Q

I/Q

I/Q

I/Q

I/Q

I/Q

I/Q

I/QI/Q

FFT

CP
removal

CP
removal

Phase
equalization

Phase
equalization

Maximum ratio
combining

Amplitude
equalization

h /|h |1̃ 1̃

h /|h |2̃ 2̃

|h |˜1

|h |˜2

PUSC
demapping

I/Q Demodulation and
channel decoding

Decoded
data

Rx signal
(branch 1)

Rx signal
(branch 2)
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3.3 Channel Estimation and Equalization
This section presents the basic channel estimation and equalization schemes for DL
and UL in ARIB T103/IEEE 802.16n Mode 1. Moreover, the enhanced scheme is
proposed for DL. The received subcarriers are expressed as follows:

𝑟𝑖,𝑗 = ℎ𝑖,𝑗𝑠𝑖,𝑗 + 𝑛𝑖,𝑗, (3.2)

where 𝑠𝑖,𝑗 ∈ ℂ, 𝑟𝑖,𝑗 ∈ ℂ, ℎ𝑖,𝑗 ∈ ℂ, and 𝑛𝑖,𝑗 ∈ ℂ represent the transmitted signal,
received signal, effective channel, and noise signal of the 𝑗-th subcarrier in the 𝑖-
th OFDM symbol, respectively. The effective channels, ℎ̂𝑝,𝑞𝑝 , can be obtained by
employing the transmitted and received signals of the pilot subcarriers, as follows:

ℎ̂𝑝,𝑞𝑝 = 𝑟𝑝,𝑞𝑝𝑠𝑝,𝑞𝑝 = ℎ𝑝,𝑞𝑝 + 𝑛𝑝,𝑞𝑝𝑠𝑝,𝑞𝑝 , (3.3)

where 𝑞𝑝 represents the pilot subcarrier index in the 𝑝-th OFDM symbol. The
transmitted signals are known from both the transmitter and receiver. The effective
channel, ℎ̃𝑖,𝑗, of the data subcarriers is estimated by using the obtained effective
channels of the pilot subcarriers, ℎ̂𝑝,𝑞𝑝 . To equalize the effective channel and obtain
the transmitted signals 𝑠𝑖,𝑗, the received signals, 𝑟𝑖,𝑗, were divided by the estimated
effective channel, ℎ̃𝑖,𝑗. The following sections present the schemes used to estimate
the channels of data symbols from the estimated channels of pilot symbols per pilot
allocation.

3.3.1 Channel Estimation Schemes for DL (Cluster type)
The three pilot subcarriers were not arranged at the corner of the cluster type in DL,
as shown in Fig. 2.4. Therefore, the effective channels of the data subcarriers that
were not allocated between the pilot subcarriers were estimated using the incomplete
scheme using pilots of the adjacent clusters in the conventional scheme [14, 15], as
shown in Fig. 3.3 (a). However, storing information other than the subcarriers of the
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user cluster is necessary to use the pilot subcarriers of the adjacent clusters, thereby
squeezing the hardware memory. Therefore, a complete scheme for the DL cluster
structure was proposed, as shown in Fig. 3.3 (b) [17]. The conventional and proposed
schemes were applied in the time and frequency-domain estimation stages.

Let the effective channel in each cluster be defined as ℎ̃𝑥,𝑧𝑠,𝑡 = ℎ̂𝑖,𝑗, where 𝑠 = 𝑖mod2
and 𝑡 = 𝑗 mod 14 are the symbol and subcarrier indices, respectively, and 𝑥 = ⌊𝑖∕2⌋
and 𝑧 = ⌊𝑗∕14⌋ are the cluster symbol and subcarrier indices.

First, this section describes the time-domain estimation stage. In the conventional
scheme, the effective channels of two adjacent symbols in one cluster are estimated by
interpolating those of both the pilots of the cluster and the adjacent cluster, as follows:

ℎ̃𝑥,𝑧1,𝑡 = 12{ℎ̃𝑥,𝑧0,𝑡 + ℎ̃𝑥+1,𝑧0,𝑡 } (𝑡 = 0, 12),ℎ̃𝑥,𝑧0,𝑡 = 12{ℎ̃𝑥,𝑧1,𝑡 + ℎ̃𝑥−1,𝑧1,𝑡 } (𝑡 = 4, 8). (3.4)

However, the thesis assumed these effective channels were identical in the proposed
scheme. The adjacent effective channels of the pilots in the time domain were esti-
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mated by copying the estimated effective channels of the pilots as follows:

ℎ̃𝑥,𝑧1,𝑡 = ℎ̃𝑥,𝑧0,𝑡 (𝑡 = 0, 12),ℎ̃𝑥,𝑧0,𝑡 = ℎ̃𝑥,𝑧1,𝑡 (𝑡 = 4, 8). (3.5)

Next, the thesis describes the frequency-domain estimation stage. In both the schemes,
all the effective channels of the data subcarriers, except the 13th subcarrier, were
estimated by interpolating between the pilots of their cluster, as follows:

ℎ̃𝑥,𝑧𝑠,𝑡 = 14 {𝑡modℎ̃𝑥,𝑧𝑠,4(⌊𝑡∕4⌋+1) + (4 − 𝑡mod)ℎ̃𝑥,𝑧𝑠,4⌊𝑡∕4⌋} (𝑡 = 13), (3.6)

where 𝑡mod = 𝑡 mod 4.
In the proposed scheme, the effective channel of the 13th subcarrier is estimated

by extrapolating from the estimated effective channels of the 8th and 12th subcarriers,
as follows:

ℎ̃𝑥,𝑧𝑠,13 = 14{5ℎ̃𝑥,𝑧𝑠,12 − ℎ̃𝑥,𝑧𝑠,8 }. (3.7)

However, in the conventional scheme, the effective channel of the 13th subcarrier
was estimated by interpolating the estimated effective channels of the 12th subcarrier
of the cluster and the 1st subcarrier of the adjacent cluster as follows:

ℎ̃𝑥,𝑧𝑠,13 = 12{ℎ̃𝑥,𝑧+1𝑠,0 − ℎ̃𝑥,𝑧𝑠,12}. (3.8)

3.3.2 Channel Estimation Scheme for UL (Tile type)
There are few channel estimation considerations for the tile type because the pilot
subcarriers are arranged at the four corners and bracket all the data subcarriers. An
estimation scheme equivalent to the complete scheme was proposed in IEEE 802.16-
2009 [16].

As all the pilot subcarriers are allocated to the corners, the effective channels of
the data subcarriers can be estimated by interpolating those of the pilot subcarriers,
as shown in Fig. 3.4. Therefore, the incomplete scheme is not useful for the tile type,
regardless of DL/UL. The number of symbols per tile is defined as 𝑘. The effective
channel in each tile is defined as ℎ̃𝑥,𝑧𝑠,𝑡 = ℎ̂𝑖,𝑗, where 𝑠 = 𝑖 mod 𝑘 and 𝑡 = 𝑗 mod 4
are the symbol and subcarrier indices in each tile, respectively, and 𝑥 = ⌊𝑖∕𝑘⌋ and𝑧 = ⌊𝑗∕4⌋ are the tile symbol and subcarrier indices. All the effective channels of the
data subcarriers were estimated by interpolating between those of the pilot subcarriers
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Figure 3.4: Channel estimation schemes for UL (Tile type). [3] Fig. 6

in the frequency and time domains as follows:

ℎ̃𝑥,𝑧𝑠,𝑡 = 13(𝑘 − 1){(𝑘 − 𝑠 − 1)(3 − 𝑡)ℎ̃𝑥,𝑧0,0 + 𝑠𝑡ℎ̃𝑥,𝑧2,3+𝑠(3 − 𝑡)ℎ̃𝑥,𝑧2,0 + (𝑘 − 𝑠 − 1)𝑡ℎ̃𝑥,𝑧0,3 }. (3.9)

3.4 Performance Analysis by Computer Simulation
The transmission performance of Mode 1 in the ARIB T103/IEEE 802.16n was
evaluated through computer simulation in terms of 𝐸b∕𝑁0 to BER. The proposed
and conventional channel estimation schemes were compared and evaluated. The
computer simulation codes were developed from scratch using MATLAB [69], and no
communication-specific toolbox was used. Table 3.1 lists the simulation parameters.
The AWGN environment, typical GSM urban model, and IEEE 802.22 Profile A
model were used for the evaluation. Tables 3.2 and 3.3 list the models. The IEEE
802.22 Profile A model is a multipath fading channel model with a long delay path
for a service distance of 10 km, standardized by the IEEE 802.22 working group. The
required BER was set to 10−6 on ARIB STD-T103 [18].

3.4.1 Performance Analysis in AWGN Environment
Figure 3.5 depicts the BER performance of Mode 1 in an AWGN environment for
each modulation scheme. The DL and UL exhibited nearly identical performances.
Table 3.4 lists the 𝐸b∕𝑁0 and SNR of each modulation scheme that achieved the
required BER = 10−6. The difference in the 𝐸b∕𝑁0 is up to 6 dB. The performance
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Table 3.1: Configurations of evaluation parameters. [3] Table 4

Computer simulation Experimental evaluation
Standard ARIB STD-T103 (Mode 1)

AWGN Environment
Channel model GSM Typical Urban model

IEEE 802.22 Profile A model
Encoding Convolutional turbo codes (coding rate: 1/2)
and decoding and Max-Log MAP algorithm
Moving speed 80 km/h (𝑓D𝑇s = 3 × 10−3)
DL:UL ratio 9:38
Max Tx power N/A 37 dBm (BS), 30 dBm (MS)
Frequency 192.5 MHz–197.5 MHz

Table 3.2: GSM Typical Urban model. [3] Table 5

Path number 1 2 3 4 5 6
Delay time [𝜇s] −0.2 0 0.3 1.4 2.1 4.8
Relative power [dB] −3.0 0 −2.0 −6.0 −8.0 −10

Table 3.3: IEEE 802.22 Profile A model. [3] Table 6

Path number 1 2 3 4 5 6
Delay time [𝜇s] 0 3.0 8.0 11 13 21
Relative power [dB] 0 −7.0 −15 −22 −24 −19

difference for each mode was caused by the difference between the number of data
subcarriers and boost of the pilot subcarriers.

3.4.2 Comparison of Channel Estimation Schemes in Multipath
Fading Environment

Figure 3.6 depicts the BER performance of the receiver using two channel estimation
schemes for DL and a channel estimation scheme for UL when compared to the ideal
case with 64QAM in a typical GSM urban model. The BER degradation of the
proposed scheme is up to 3.0 dB when compared to the ideal case in terms of 𝐸b∕𝑁0
at BER= 10−6. Consequently, the channel estimation error slightly degrades the BER
performance of a typical GSM urban model. In addition, the complete DL scheme
exhibited almost no deterioration when compared to the conventional scheme.

Figure 3.7 shows the BER performance of the receiver using the channel estimation
schemes in the IEEE 802.22 Profile A model. An error floor was observed both the
DL estimation schemes. The proposed scheme showed a slightly higher error floor
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E0b/E N [dB] 0b/N [dB]

Figure 3.5: Performance evaluation in AWGN environment. [3] Fig. 7

Table 3.4: Required 𝐸b∕𝑁0 and SNR [dB] to achieve the required BER = 10−6 in
computer simulation. [3] Table 7

AWGN TU Profile A Profile A w/ div.
DL UL DL UL DL UL DL UL

QPSK 5.0/3.3 5.5/2.7 18/16 18/15 26/27 22/20 14/12 14/11
16QAM 7.5/8.8 8.0/8.2 20/21 21/21 N/A 26/26 17/19 16/16
64QAM 12/15 11.5/14 22/25 24/26 N/A N/A 28/31 20/22

than the conventional scheme and was adopted as the most straightforward scheme in
the following discussion. Similarly, UL showed an error floor. This is because a wider
pilot subcarrier interval induces a more significant channel estimation error owing to
the severe frequency selectivity of fading caused by a long delay.
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Figure 3.6: Performance evaluation of channel estimation schemes with 64 QAM in
Typical Urban model. [3] Fig. 8

E0b/E N [dB] 0b/N [dB]

Figure 3.7: Performance evaluation of channel estimation schemes with 64 QAM in
802.22 Profile A model. [3] Fig. 9
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3.4.3 Comparison of Modulation Schemes in Multipath Fading
Environment

Figure 3.8 depicts the BER performance of Mode 1 in a typical GSM urban model for
each modulation scheme based on the proposed channel estimation scheme. Similar
characteristics are observed in DL and UL owing to the relatively high channel esti-
mation accuracy. Table 3.4 also lists the 𝐸b∕𝑁0 and SNR of each modulation scheme
that achieved the required BER = 10−6 in multipath fading environment. Similar to
the AWGN environment, the difference for each modulation scheme of the 𝐸b∕𝑁0 that
achieves the required BER = 10−6 is up to 6 dB.

E0b/E N [dB] 0b/N [dB]

Figure 3.8: Performance evaluation in Typical Urban model. [3] Fig. 10

Figure 3.9 depicts the BER performance of the IEEE 802.22 Profile A model
obtained through computer simulation for each modulation scheme. An error floor
occurs under all conditions in 64QAM, as explained earlier. In DL, an error floor also
occurs in 16QAM, and the performance in QPSK is significantly degraded when com-
pared to UL. Therefore, the UL affords several advantages in a VHF-band transmission
environment when using a single antenna. Additionally, 16QAM and 64QAM trans-
missions are difficult in the VHF transmission environments with long delay paths.

3.4.4 Comparison of MRC Diversity in Multipath Fading Envi-
ronment

Figure 3.10 depicts the BER performance using the MRC diversity in the IEEE 802.22
Profile A model. The tendency of the error floor appears slightly in 64QAM with
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DL (cluster type); however, high-quality transmission can be achieved with the tile
types. These tendencies demonstrate that high-speed transmission can be achieved
using the two branches of MRC diversity. Table 3.3 also lists the 𝐸b∕𝑁0 and SNR of
each modulation scheme that achieved the required BER = 10−6.
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E0b/E N [dB] 0b/N [dB]

Figure 3.9: Performance evaluation in 802.22 Profile A model. [3] Fig. 11

E0b/E N [dB] 0b/N [dB]

Figure 3.10: Performance evaluation in 802.22 Profile A model with MRC diversity.
[3] Fig. 12
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3.5 Experimental Performance Analysis by Prototype
The transmission performances of the transceivers using Mode 1 were evaluated
through laboratory experiments using prototypes in terms of the input power to the
BER. The experimental evaluation used parameters shown in Tables 2.2 and 3.1 and
Fig. 3.11 shows our developed prototype and the experimental evaluation setup [29].
In the developed prototype, the proposed channel estimation method for downlink is
implemented. The AWGN environment, typical GSM urban model, and IEEE 802.22
Profile A model were used for the evaluation.

BS VATT Fading
emulator

ATT 20 dB ATT 20 dB MS

Figure 3.11: Developed prototype and experimental evaluation setup [29]. [3] Fig. 13

3.5.1 Performance Analysis in AWGN Environment
This section presents the evaluation of the prototype in the AWGN environment.
Figure 3.12 depicts a diagram of the experimental evaluation of the prototype. The
DL and UL were evaluated using different diagrams. The device was equipped with
the 1st antenna for transmission and reception and the 2nd antenna for reception.

Figure 3.13 displays the BER performance in the AWGN environment obtained in
the experimental evaluation for each modulation scheme. Both the receiving antennas
were evaluated. The BER of the 1st antenna was degraded by 1.5–2.0 dB in terms of
SNR at BER = 10−6 compared to the 2nd antenna because the signal power required
to reach the processing unit is different due to power attenuation by the circulation
processing of 1st antenna, even if the power input to the antenna is identical. Only
the 2nd antenna was used for the subsequent evaluation with a single antenna. The
BER characteristics exhibited an almost identical slope for both the experiments and
computer simulations.

37



Chapter 3

(a) DL

BS

1st ant.

2nd ant.

ATT
20 dB

ATT
20 dB

1st ant.

2nd ant.

VATT

MS

BS

1st ant.

2nd ant.

ATT
20 dB

ATT
20 dB

ATT
20 dB

1st ant.

2nd ant.

MS

VATT1

VATT2

Isolator

IsolatorCirculator

(b) UL (for the 1st antenna)

BS

1st ant.

2nd ant.

ATT
20 dB

ATT
20 dB

ATT
20 dB

ATT
20 dB

1st ant.

2nd ant.

MS

(c) UL (for the 2nd antenna)

VATT1

VATT2

Figure 3.12: Experimental evaluation in AWGN environment. [3] Fig. 14

Table 3.5 lists the input power required to achieve the required BER = 10−6. In
the AWGN environment, the performance of DL and UL was nearly identical. The
difference for each MCS in the input power that achieves the required BER = 10−6 is
approximately 5–6 dB and is almost identical to that of a computer simulation. These
results demonstrate the validity of the computer simulation in this environment.

3.5.2 Comparison of Modulation Schemes in Multipath Fading
Environment

This section presents an evaluation of the performance of the prototype in a multipath
fading environment through laboratory experiments by using a fading emulator (JRC,
NJZ-1600D). Figure 3.14 presents a diagram of the experimental evaluation performed
using the prototype and fading emulator. The prototype used in this experiment was
installed using the complete proposed scheme for channel estimation.

Figure 3.15 depicts the BER performance in a typical GSM urban model obtained
through experimental evaluation for each modulation scheme. Table 3.5 also lists
the input power required to achieve the required BER = 10−6 in the multipath fading
environment. The difference between each MCS of the input power, which achieves
the required BER = 10−6, is almost identical to that of a computer simulation. These
results demonstrate the validity of the computer simulation in this environment. Sim-
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Figure 3.13: Experimental evaluation in AWGN environment. [3] Fig. 15

Table 3.5: Required input power [dBm] to achieve the required BER = 10−6 by
experimental evaluation. [3] Table 8

AWGN TU Profile A Profile A w/ div.
DL UL DL UL DL UL DL UL

QPSK −97 −97 −87 −87 N/A −74 −87 −86
16QAM −92 −91 −81 −83 N/A N/A −83 −81
64QAM −87 −86 −74 −77 N/A N/A N/A −74

ilarly, Fig. 3.16 depicts the BER performance of the IEEE 802.22 Profile A model
through an experimental evaluation for each modulation scheme. The tendency of
the error floor is observed slightly in all the modulation schemes with DL (cluster
type) and in 16QAM and 64QAM with UL (tile type). Table 3.5 also lists the input
power required to achieve the required BER of each modulation scheme’s required
BER = 10−6 in the multipath fading environment. In the experimental evaluation,
the performance was slightly degraded when compared to the computer simulation.
However, a similar tendency is observed when DL (cluster type) performs better than
UL (tile type). These results verify the validity of the computer simulation in this
environment.
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Figure 3.14: Experimental evaluation in multipath fading environment. [3] Fig. 16

3.5.3 Comparison of MRC Diversity in Multipath Fading Envi-
ronment

This section evaluates the performance of the prototype in multipath fading environ-
ments based on laboratory experiments using MRC diversity. Figure 3.17 presents a
diagram of the experimental evaluation performed using MRC diversity. Figure 3.18
depicts the BER performance using MRC diversity in the IEEE 802.22 Profile A model
through an experimental evaluation. The error floor disappeared in most modulation
schemes and appeared slightly in 64QAM with DL (cluster-type). Based on these
tendencies, it was confirmed that high-speed transmission can be achieved using two
branches of MRC diversity. Table 3.5 also lists the input power required to achieve
the required BER = 10−6 for each modulation scheme in this evaluation.
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Figure 3.15: Experimental evaluation in Typical Urban model. [3] Fig. 17

Figure 3.16: Experimental evaluation in 802.22 Profile A model. [3] Fig. 18
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Figure 3.17: Experimental evaluation with MRC diversity in multipath fading envi-
ronment. [3] Fig. 19

Figure 3.18: Experimental evaluation in 802.22 Profile A model with MRC diversity.
[3] Fig. 20
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3.6 Transmission Capability
This section evaluated the transmission capacity by evaluating throughput based on
the experimental results presented in Section 3.5. The section evaluated both the
single- and multihop transmissions.

3.6.1 Definition of Throughput
First, the throughput (𝑇) of a single-hop transmission is defined as follows:

𝑇 = 𝑇max(1 − 𝑃𝐸𝑅), (3.10)

where 𝑇max represents the maximum throughput as show in Table 2.1 and 𝑃𝐸𝑅 is
defined as 𝑃𝐸𝑅 = 1 − (1 − 𝐵𝐸𝑅)11200. The size of the maximum transmission unit
that is used for WiMAX is 11,200 [13]. Based on this equation, the input power versus𝑇 is evaluated using the evaluation results in Section 3.5. Similarly, this clause defines
the throughput of multi-hop transmission. Ideal regenerative repeaters were assumed,
and the input power versus 𝑇 was evaluated. It is assumed that the relay is repeated
with the required input power, as shown in Table 3.5, where there is no degradation
in the throughput and transmission can be achieved between terminals using 𝑇max.
When transmitted by 𝑛-hop one to one relay as shown in Fig. 3.19, the transmission
speed 𝑇𝑛 is expressed as follows [70]:

𝑇𝑛 = 𝑇max𝑛∑𝑛𝑘=1 𝑘 = 2𝑇max𝑛 + 1 , (3.11)

where the time slot configuration during multi-hop is as shown in Fig. 3.20.

3.6.2 Evaluation of Throughput
This section evaluated the transmission distance versus throughput with the assumption
of an actual operation. In this evaluation, the single-hop or multihop communication
between RSs illustrated in Fig. 2.1 is considered as a use case. The RS antenna height,𝐻RS, is set to 3.0 m because the antenna is to be installed on the roof of a car. Table 3.1
lists the transmission powers, and the DL:UL ratio was assumed to be 9:38. This is
because the control and sensor information from the car is transmitted to the cloud.
In the evaluation, the Extended Hata model [71] is used as a path model. The path
loss, 𝐿𝑑, at a transmission distance (𝑑) of more than 0.1 km and less than 20 km is
expressed as follows:
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Figure 3.19: Structure of multi-hop relay model.
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Figure 3.20: Time slots of multi-hop relay model.

𝐿𝑑 = {𝐿urban𝑑 (for TU model)𝐿suburban𝑑 (for Prof . A model) , (3.12)

𝐿urban𝑑 = 69.6 − 2𝑎(𝐻RS) + 26.2 log(200) − 13.82 log (max{30,𝐻RS})+ [44.9 − 6.55 log (max{30,𝐻RS})] log(𝑑),𝑎(𝐻RS) = (1.1 log(200) − 0.7)min{10,𝐻RS} − (1.45 log(200) − 0.8)+max {0, 20 log (𝐻RS10 )} ,
𝐿suburban𝑑 = 𝐿urban𝑑 − 2 {log [min{max{150, 200}, 2000}28 ]}2 − 40.94.

The path loss for the urban and suburban environments is used in the GSM Typical
Urban model and IEEE 802.22 Profile A model, respectively. The input power at the
receiver (𝑃inputR ) in dBm is expressed as follows:

𝑃inputR = 𝑃T + 𝐺T + 𝐺R − 𝐿𝑑, (3.13)

where 𝑃T, 𝐺T, and 𝐺R represent the transmit power, transmitter antenna gain, and
receiver antenna gain, respectively, and both 𝐺T and 𝐺R are 10 dB. The single-hop
throughput is calculated by applying Eqs. (3.10) and (3.13) and based on Figs. 3.15
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and 3.18. Similarly, the multihop throughput is calculated by applying Eqs. (3.11)
and (3.13) and based on Table3.5.

Figure 3.21 shows the transmission distance versus throughput in a typical GSM
urban model. This result indicates that single-hop transmission was achieved up
to approximately 9.0 km, even when QPSK was used. Conversely, when using
multihop transmission, although the transmission speed is approximately 1/2 to 1/6
(almost 1.0 Mbps for UL and 0.1 Mbps for DL), the maximum transmission distance
is approximately 50 km. Because UL transmission has a throughput of 1.0 Mbps,
10,000 sensors with a throughput of 100 bps can be accommodated. More sensors
can also be accommodated by bundling multiple channels or by repeatedly using the
same channel. It is also expected to be used in V2X based on the application. A large
UL ratio primarily is set for collection purposes. Conversely, it is possible to change
the DL:UL ratio based on the use cases.

Figure 3.22 shows the transmission distance versus throughput with MRC diversity
reception in the IEEE 802.22 profile A model. Under these conditions, the multihop
relay is not evaluated because an error floor occurs in the DL-64QAM, and the input
power required to achieve the required BER does not exist. In addition, the same
tendency as the typical GSM urban model without MRC diversity was obtained for
the transmission distance. The BS is expected to have higher antennas, particularly in
a suburban environment.
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Figure 3.21: Transmission distance between RSs to throughput in Typical Urban
model (DL:UL=9:38). [3] Fig. 21
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with MRC diversity (DL:UL=9:38). [3] Fig. 22
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3.7 Conclusion
This chapter comprehensively evaluated the transmission performance using the pro-
posed methods in a VHF-band radio propagation environment through computer
simulation and experimental evaluation by using the prototype. The experimental
evaluation results confirmed the validity of computer simulations in this environment.
Single-hop transmission reaches up to approximately 10 km while maintaining trans-
mission speeds of several Mbps on the UL, when QPSK is used. Conversely, by using
multihop transmission, although the transmission speed is approximately 1/2 to 1/6
(almost 1.0 Mbps for UL and 0.1 Mbps for DL), the maximum transmission distance
is approximately 50 km. These results indicate that the ARIB T103/IEEE 802.16n is
expected to be a WRAN communication system for IoT and V2X-based applications.
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Chapter 4
Adaptive Transmission Control for
SVD-MIMO

4.1 Introduction
As mentioned in Chapter 2, a method using SVD-MIMO and ATC is being considered
for next-generation FPUs. By using ATC assuming SVD-MIMO transmission, the aim
is to control the optimal transmission method from the perspective of communication
channel capacity. The MER is used as an index to express the channel quality in
the conventional ATC method for the next-generation FPUs. MER is defined as the
average value of the transmitted signal power divided by the error power between the
transmitted signal and the received one. The standard is the “monitored MER,” which
is calculated from the transmitted and received signals of each stream and directly
represents the channel quality. It is the same as the SINR for each stream. It is
desirable to perform ATC using this monitored MER as the channel quality of each
stream, but it is impossible to obtain this value before transmission. Therefore, a
“calculated MER” estimated from the received SNR and estimated channel matrix of
the previous frame is used for ATC.

In previous studies, calculated MER, which takes noise enhancement into account
and is determined from singular values that are the output of SVD, has been used.
From now on, this thesis calls it “conventional-calculated MER.” The conventional-
calculated MER matches the monitored MER of the ideal SVD-MIMO using ideal
Tx and Rx weight matrices with high accuracy. As described in Section 2.2.4.2, the
system model conforms to the standard [46], wherein various factors degrade the Tx
weight matrices. In addition, an incomplete weight matrix that deviates from the ideal
Rx weight matrix is used. These deviations change the amount of noise enhancement
and also generate interference components. Therefore, in the actual transmission,
the conventional-calculated MER deviates significantly from the monitored MER.
Additionally, the use of the MER with ABPA, which is an ATC algorithm that does

This chapter is based on “Methods of adaptive transmission control for SVD-MIMO using in-
complete weight matrices” [4], by the same author, which appeared in the IEICE Transactions on
Communications (Japanese Edition), Copyright©2023 IEICE.
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not take interference into account, degraded transmission performance. On the other
hand, there is no proposal or consideration about ATC using error correction codes
or modulation schemes with high modulation order (such as 4096QAM) for the
actual SVD-MIMO transmission, which uses incomplete weight matrices in a mobile
environment.

This chapter proposes two methods. First, this chapter proposes a new calcu-
lated MER (the thesis call it “proposed-calculated MER”). The MER is an index
that expresses the channel quality, which includes the amount of the changed noise
enhancement and interference components when transmitting with incomplete weight
matrices. This chapter also proposes a new ABPA algorithm as an ATC algorithm
that takes changed noise enhancement and interference components into account.
By conducting computer simulations of SVD-MIMO transmission using these pro-
posed methods, this chapter will confirm the effectiveness of the proposed ATC in
improving transmission performance. The sections of this chapter are listed as fol-
lows. Section 4.2 defines the monitored MER, conventional-calculated MER, and
proposed-calculated MER using mathematical formulas as indexes of channel quality
for ATC. Section 4.3 describes the ATC algorithm using calculated MER, which is
ABPA and the equal power allocation-based method for comparative method. Sec-
tion 4.4 evaluates the estimation performance of each calculated MER of Section 4.2
by computer simulation. Section 4.5 evaluates the required SNR for each method
and each condition using computer simulation to evaluate ATC performance. Finally,
Section 4.6 concludes this chapter.

4.2 Methods of Estimating Channel Quality
In actual SVD-MIMO transmission, such as system models described in Section 2.2.3,
ATC is performed based on the estimated channel quality of each stream. Especially
in the system model, channel quality is represented by MER, which is the ratio of the
desired signal to the undesired signal in the received signal.

4.2.1 Monitored MER
The “monitored MER” 𝑀𝐸𝑅monit. calculated by known-transmitted and -received
signals is defined by

𝑀𝐸𝑅monit. = Σ𝑠 (|𝑡𝑠|2) ∕Σ𝑠 (|𝑟𝑠 − 𝑡𝑠|2) , (4.1)

where 𝑡𝑠 and 𝑟𝑠 ∈ ℂ represent the transmitted and received signals at sample index 𝑠,
respectively. The monitored MER expresses the channel quality and is synonymous
with the SINR of the entire sample. However, measuring monitored MER before
transmission and using it for ATC is impossible. Therefore, the use of the “calculated
MER,” which estimates the monitored MER from the estimated channel matrix 𝑯
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and 𝑆𝑁𝑅Av., has been studied [43]. On the other hand, an equivalent MER can be
calculated from the received SNR and channel matrix 𝑯. It is called the “calculated
MER” [43]. Correctly expressing the monitored MER by the calculated MER is
synonymous with accurately estimating the channel quality.

4.2.2 Conventional-calculated MER
The definition of conventional-calculated MER considered only the noise enhance-
ment in 2.2.4.1: 𝑀𝐸𝑅Conv.𝑖 = 𝑆𝑁𝑅Av.𝜉2𝑖 𝑝𝑖. (4.2)

4.2.3 Proposed-calculated MER
This section proposes the proposed-calculated MER that considers the variation of
the emphasized noise and interference components. First, the noise enhancement
component 𝑻−1𝑾′𝒏 in Eq. (2.5) is

𝑻−1𝑾′𝒏 = 𝑻−1 (Σ𝑘𝑤0,𝑘𝑛𝑘,⋯ ,Σ𝑘𝑤3,𝑘𝑛𝑘)T= 𝑻−1 (√Σ𝑘|𝑤0,𝑘|2,⋯ ,√Σ𝑘|𝑤3,𝑘|2)T 𝒏′′, (4.3)

where 𝑤𝑖,𝑘 is the element at the 𝑖-th row and 𝑘-th column of 𝑾′, 𝑘 = 0, 1, 2, 3 is the
stream index, 𝒏′′ is the noise vector, and the subscript T means the transpose. The sum
of Gaussian distributions 𝑛𝑘 is a Gaussian distribution. Since

√Σ𝑘|𝑤𝑖,𝑘|2 is the amount
of amplitude variation from 𝑛𝑘 of Σ𝑘𝑤𝑖,𝑘𝑛𝑘, 𝒏′′ = {𝑛′′𝑖 } has the same distribution
as 𝒏. Similarly, by calculating Eq. (4.3), the noise component of each stream is𝑛′′𝑖 √Σ𝑘|𝑤𝑖,𝑘|2∕√𝑝𝑖. From a comparison with the noise enhancement component in
the ideal SVD-MIMO transmission (defined in Eq. (2.4)), this thesis defined the
equivalent singular value 𝜉′𝑖 as

𝜉′𝑖 = 1∕√Σ𝑘|𝑤𝑖,𝑘|2. (4.4)

This value is treated in the same way as the singular value 𝜉𝑖 in Section 4.2.2.
Similarly, the interference component 𝑻−1𝜟𝑻𝒙 in Eq. (2.5) is

𝑻−1𝜟𝑻𝒙 (4.5)= [(Σ𝑘𝛿0,𝑘√𝑝𝑘𝑥𝑘) ∕√𝑝0,⋯ , (Σ𝑘𝛿3,𝑘√𝑝𝑘𝑥𝑘) ∕√𝑝3]T ,
where 𝛿𝑖,𝑘 is the element at the 𝑖-th row and 𝑘-th column of 𝜟. Each transmitted signal𝑥𝑖 is normalized to have an average power of one. Therefore, the proposed-calculated
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MER from the expected value of the undesired power is

𝑀𝐸𝑅prop.𝑖 = [(𝑆𝑁𝑅Av.𝜉′2𝑖 𝑝𝑖)−1 + (Σ𝑘𝛿2𝑖,𝑘𝑝𝑘) ∕𝑝𝑖]−1 . (4.6)

4.2.3.1 Correction Term of Interference Component𝑾′ in Eqs. (4.4) and (4.5) was calculated only from the estimated channel. However,
the difference between𝑾 and𝑾′ is also due to the error between the estimated channel
matrix and the actual channel matrix. Therefore, the difference to be considered
was insufficient. This thesis proposes a method to estimate channel quality using a
corrected channel matrix, which is the estimated channel matrix �̃� plus a correction
term. The channel estimation error includes elements caused by AWGN and elements
unrelated to AWGN caused by subcarrier placement or control delay. The MMSE
weight matrix 𝑾Cor.MMSE for channel quality estimation considering both elements is

𝑯Cor. = �̃� + 𝑫𝑆𝑁𝑅 + 𝑑 ⋅ 𝟏𝑾Cor.MMSE (4.7)

= [(𝑯Cor.𝑽′)H𝑯Cor.𝑽′ + 4𝑆𝑁𝑅Av. I]
−1 (𝑯Cor.𝑽′)H ,

where𝑫𝑆𝑁𝑅 is AWGN with the same distribution as the received noise, 𝑑 is a constant
parameter that does not depend on AWGN, and 𝟏 is a matrix with all elements one
(∈ ℝ4×4). This 𝑾Cor.MMSE is used as 𝑾′ instead of 𝑾MMSE which is used in Eqs. (4.4)
and (4.5) (𝑾′ =𝑾Cor.MMSE).
4.3 Adaptive Transmission Control Algorithm
As an ATC algorithm in SVD-MIMO, the water-filling algorithm and equal power
allocation are power distribution methods that maximize the total channel capacity
based on noisy-channel coding theorem [52]. When the power distribution 𝑝𝑖 is fixed,
the channel capacity 𝐶𝑖 per unit bandwidth of each stream 𝑖 is calculated using each
stream MER 𝑀𝐸𝑅𝑖

𝐶𝑖 = log2(1 +𝑀𝐸𝑅𝑖) ≒ log2(𝑀𝐸𝑅𝑖). (4.8)

Here, as showned in Section 4.2, in the ideal environment 𝑀𝐸𝑅Conv.𝑖 = 𝑆𝑁𝑅Av.𝜉2𝑖 𝑝𝑖.
Also, when𝑀𝐸𝑅𝑖 is sufficiently high compared to one, the approximation of Eq. (4.8)
holds. Power allocation that maximizes the total channel capacity

∑𝑖 𝐶𝑖 without
approximation is the water-filling algorithm, and power allocation when approximation
is a precondition is the equal power allocation [73]. In the SNR region used for actual
transmission, since 𝑀𝐸𝑅𝑖 is sufficiently high, the difference in channel capacity
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between when using the water-filling algorithm and using the equal power distribution
in SVD-MIMO is tiny. Therefore, this thesis uses equal power distribution as a
comparison method for simplicity.

On the other hand, even with power distribution optimized for channel capacity,
optimizing the modulation method according to the difference in channel capacity
under certain𝑁mod conditions is another problem. BER-based methods for optimizing
modulation schemes that do not use error correction codes are being considered under
conditions of using power allocation based on the water-filling algorithm or equal
power allocation [53, 54]. However, the paper [53] does not consider interference,
and 𝑁mod is less than 10. On the other hand, the paper [54] does not use modulation
schemes with a high modulation order. Furthermore, since the method in that paper
determines the modulation scheme independently for each stream, 𝑁mod also changes
significantly.

For the system model, an ABPA algorithm that optimizes the power allocation
and modulation scheme for each stream under a fixed 𝑁mod condition has been pro-
posed [43]. This chapter compares and evaluates ABPA and an allocation method
based on channel capacity using equal power distribution under various environments,
including environments that consider interference. Since the same ATC is needed to be
applied to all subcarriers in the TDD frame due to implementation, each of 𝑀𝐸𝑅conv.𝑖
and 𝑀𝐸𝑅prop.𝑖 is averaged at first. After that, the following ATC algorithm using the
averaged MERs will be performed.

4.3.1 Equal Power Distribution and Modulation Scheme Determi-
nation

In equal power distribution, the power distribution 𝑝𝑖 becomes 𝑝𝑖 = 1∕𝑙 when the
number of used streams is 𝑙. This section shows how to select the number of streams 𝑙
and determine the modulation schemes {𝑛mod𝑖 } according to the fixed𝑁mod. Figure 4.1
shows the process of it. First, equal power distribution requires a process to select the
number of streams to be used that maximizes the approximate channel capacity. The
number of used streams 𝑙max is calculated by

𝑙max = max𝑙={1,2,3,4} {𝐶sum.𝑙 } ,
{𝐶sum.𝑙 } = 𝑙−1∑

𝑖=0
[log2 (𝑀𝐸𝑅𝑙𝑖)] , (4.9)

where𝑀𝐸𝑅𝑙𝑖 is the MER of 𝑖-th stream when equal power distribution𝑝𝑖 = 1∕𝑙 is used.
The conventional method uses Eq. (4.2), and the proposed method uses Eq. (4.6).

Since the total channel capacity
{𝐶sum.𝑙 }

does not match 𝑁mod, it is necessary to
determine the allocation of each capacity according to the difference in optimized
channel capacity between the streams. The allocated capacity 𝑛mod,0𝑖 of each stream
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Figure 4.1: Process of equal power allocation and determination of modulation meth-
ods. ©2023 IEICE, [4] Fig. A⋅1
that gives an equal margin to the channel capacity is

𝑛mod,0𝑖 = log2 (𝑀𝐸𝑅𝑙max𝑖 ) + (𝑁mod − 𝐶sum.𝑙 ) ∕𝑙max. (4.10)

However, 𝑛mod,0𝑖 can not be an integer value. Therefore, under certain𝑁mod conditions,
integer approximation is performed so that each modulation order becomes an integer.
First, 𝑛mod𝑖 is calculated by rounding down to the decimal point:

𝑛mod𝑖 = ⌊𝑛mod,0𝑖 ⌋ . (4.11)

Then, 𝑖add was added one at a time to the surplus stream until the total allocated
capacity 𝑛mod𝑖 matches the total modulation order 𝑁mod (𝑁mod = ∑𝑛mod𝑖 )

:

𝑖add = argmax𝑖 (𝑛mod,0𝑖 − 𝑛mod𝑖 )
𝑛mod𝑖add = 𝑛mod𝑖add + 1. (4.12)

Since such approximation processing is essential, the allocated capacity will not be
optimal for the channel capacity. However, these calculations can be expected to be a
semi-optimal allocation method to channel capacity.

When the SNR is sufficiently high and𝐶sum.𝑙 is well higher than𝑁mod, the allocated
capacity of the stream with the minimum allocated capacity may be less than zero.
In this method, the stream whose allocated capacity is less than 0 is discarded, and
the number of streams is reduced by one (𝑙max = 𝑙max − 1). Then, the process of
Eqs. (4.10)-(4.12) is performed again. This 𝑛mod𝑖add is each modulation order for output.
This is the output of this method together with the power allocation 𝑝𝑖 = 1∕𝑙max. This
method determines the optimal power allocation and the modulation scheme based on
it under ideal conditions where channel capacity is directly linked to channel quality.
On the other hand, since the water-filling algorithm and equal power distribution do
not take interference into account, there is a problem that the power distribution is
not optimal under conditions where there is interference [73, 74]. In addition, as
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far as the author knows, in SVD-MIMO, the method that determines the modulation
orders according to the water-filling algorithm and equal power distribution and takes
interference into account under certain 𝑁mod conditions in a mobile environment has
not been considered.

4.3.2 Adaptive Bit and Power Allocation (ABPA)
ABPA is an algorithm that matches and maximizes the “MER margin” between
streams. Note that the MER margin is the value obtained by dividing the MER
of each stream by the “reference MER” depending on the modulation method [43].
When setting an appropriate standard MER according to the channel capacity, this
method maximizes the channel capacity of each stream while keeping the difference
between the channel capacity of each stream and the channel capacity according to
each standard MER (reference capacity) equal.

4.3.2.1 Conventional ABPA

Figure 4.2 shows the flow of the conventional ABPA algorithm based on the conventional-
calculated MER of Section 4.2.2, which does not take interference into account. First,
the provisional MER margin 𝑀𝑎𝑟𝑔𝑖𝑛0𝑗,𝑖 under the condition without power allocation
is

𝑀𝐸𝑅conv.,0𝑖 = 𝑆𝑁𝑅Av.𝜉2𝑖𝑀𝑎𝑟𝑔𝑖𝑛0𝑗,𝑖 = 𝑀𝐸𝑅conv.,0𝑖 ∕𝑀𝐸𝑅thre.𝑗,𝑖 , (4.13)

where 𝑗 is the modulation scheme allocation index and 𝑀𝐸𝑅thre.𝑗,𝑖 is the reference
MER of the 𝑖-th stream. In this method, the value obtained from the required SNR
value that achieves 10−4, which is the required BER for pseudo-error-free RS decoding
in an AWGN environment [43], is used as the reference MER. For example, when the
modulation method of each stream of 𝑗 = 0 is {64QAM, 64QAM, 16QAM, 16QAM},
each reference MER is set to {𝑀𝐸𝑅 𝑚𝑎𝑡ℎ𝑟𝑚𝑡ℎ𝑟𝑒.0,𝑖 } = {24.3 dB, 24.3 dB, 18.3 dB, 18.3 dB}.
Also, the modulation order under that condition is {𝑛mod𝑗,𝑖 } = {6, 6, 4, 4}. In this method,
determining 𝑗 is equivalent to deciding the modulation scheme for each stream.

For each modulation method, the power allocation 𝑝cal.𝑗,𝑖 of each stream is deter-
mined based on the provisional MER margin of the allocation 𝑗.

𝑝cal.𝑗,𝑖 = [𝑀𝑎𝑟𝑔𝑖𝑛0𝑗,𝑖 ⋅∑𝑖 (𝑀𝑎𝑟𝑔𝑖𝑛0𝑗,𝑖)−1]−1 (4.14)

Using 𝑀𝐸𝑅conv.𝑖 which is obtained by substituting 𝑝cal.𝑗,𝑖 into 𝑝𝑖 of Eq. (4.2), the MER
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Figure 4.2: Process of conventional ABPA algorithms. ©2023 IEICE, [4] Fig. 5

margin of each stream 𝑀𝑎𝑟𝑔𝑖𝑛cal.𝑗 is

𝑀𝑎𝑟𝑔𝑖𝑛cal.𝑗 = 𝑀𝐸𝑅conv.𝑖 ∕𝑀𝐸𝑅thre.𝑗,𝑖 . (4.15)

At this time, 𝑀𝑎𝑟𝑔𝑖𝑛cal.𝑗 matches regardless of the stream index 𝑖 due to the effect of
power allocation. By making this MER margin the same, the difference between the
channel capacity obtained from the average MER of each stream and the reference
capacity is made the same. The modulation scheme allocation index 𝑗max that obtains
the maximum MER margin is

𝑗max = argmax𝑗 {𝑀𝑎𝑟𝑔𝑖𝑛cal.𝑗 } . (4.16)

𝑗max and {𝑝𝑖} = {𝑝cal.𝑗max,𝑖} will be output of the conventional ABPA. In addition, in an
example of the simulation conditions evaluated with Section 4.4.1,

{𝑝cal.𝑗max,𝑖} deviates
by 3 dB at most compared to the result of equal power distribution that is optimized
for channel capacity in ideal SVD, under the same number of stream usage conditions.
This value is sufficiently small compared to the maximum MER difference between
streams, which is 40 dB. In other words, although conventional ABPA optimizes not
only power allocation but also the modulation method, the power distribution is semi-
optimal to the channel capacity under conditions that do not consider interference.
Furthermore, by making the MER margin the same, the difference between the channel
capacity of each stream and the reference capacity is made the same. Therefore, from
the perspective of channel capacity, the modulation scheme was determined so that
the same level of transmission performance can be expected between streams.
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4.3.2.2 Proposed ABPA

This section proposes an ABPA algorithm based on the proposed-calculated MER of
Section 4.2.3. Figure 4.3 shows the flow of it, which takes interference into account.
First, the provisional power allocation 𝑝cal.𝑗,𝑖 is calculated using Eqs. (4.13) and (4.14).
In this calculation, the equivalent singular value 𝜉′𝑖 of Eq. (4.4) is used instead of
the singular value 𝜉𝑖. After that, 𝑝cal.𝑗,𝑖 is used as 𝑝in𝑗,𝑖 and the provisional MER margin𝑀𝑎𝑟𝑔𝑖𝑛0𝑗,𝑖 is updated as follows:

𝑀𝐸𝑅Prop.,0𝑗,𝑖 = [(𝑆𝑁𝑅Av.𝜉′2𝑖 𝑝in𝑗,𝑖)−1 + (Σ𝑘𝛿2𝑖,𝑘𝑝in𝑗,𝑘) ∕𝑝in𝑗,𝑖]𝑀𝑎𝑟𝑔𝑖𝑛0𝑗,𝑖 = 𝑀𝐸𝑅Prop.,0𝑗,𝑖 ∕ (𝑀𝐸𝑅thre.𝑗,𝑖 𝑝in𝑗,𝑖) . (4.17)

Equation (4.14) gives the power allocation 𝑝cal𝑗,𝑖 that optimizes the MER margin𝑀𝐸𝑅Prop.,0𝑗,𝑖 when using 𝑝in𝑗,𝑖 as the power allocation. However, changing 𝑝in𝑗,𝑖 changes
the interference power, and the MER changes in turn; that is, the appropriate 𝑝cal.𝑗,𝑖
changes. The optimal power allocation considering interference can be obtained by
repeatedly substituting 𝑝cal𝑗,𝑖 into 𝑝in𝑗,𝑖 and solving Eqs. (4.17) and (4.14). Figure 4.4
shows an example of how 𝑝cal.𝑗,𝑖 changes with repetition at 𝑗, which takes the maximum
MER margin for each number of streams under the computer simulation conditions
of Section 4.4.2. Note that the allocated amount in EP distribution is shown as a line
segment without a marker. Regardless of the number of streams used, 𝑝cal𝑗,𝑖 converges
sufficiently in less than three iterations. Because sufficient convergence is required
not only in this example, four iterations were used in this study with a margin. In
addition, in the proposed ABPA, there is a significant deviation from EP even under
the same stream number usage conditions, especially at a maximum of just under
20 dB in 4-stream transmission. Under the conditions of Section 4.4.2, the maximum
MER difference between streams is about 30 dB, so this power distribution difference
is considered to have a strong impact on performance. Therefore, if the proposed
ABPA achieves semi-optimal power distribution for the channel capacity under these
conditions like the conventional ABPA, the EP optimized in the ideal environment de-
viates greatly from optimal power distribution in the degraded environment. The final
output of the MER margin 𝑀𝑎𝑟𝑔𝑖𝑛cal𝑗,𝑖 using the post-convergence power allocation is
calculated as

𝑀𝐸𝑅prop.𝑗,𝑖 = [(𝑆𝑁𝑅Av.𝜉′2𝑖 𝑝cal.𝑗,𝑖 )−1 + (Σ𝑘𝛿2𝑖,𝑘𝑝cal.𝑗,𝑘 ) ∕𝑝cal.𝑗,𝑖 ]𝑀𝑎𝑟𝑔𝑖𝑛cal.𝑗,𝑖 = 𝑀𝐸𝑅Prop.,0𝑗,𝑖 ∕𝑀𝐸𝑅thre.𝑗,𝑖 . (4.18)

When 𝑝cal.𝑗,𝑖 converges perfectly,𝑀𝑎𝑟𝑔𝑖𝑛cal.𝑗,𝑖 is expected to be the same value regardless
of 𝑖. In the case of insufficient convergence, the modulation scheme allocation index
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𝑗max is determined on the basis of the stream having the lowest MER margin.

𝑗max = argmax𝑗 {min𝑖 𝑀𝑎𝑟𝑔𝑖𝑛cal.𝑗,𝑖 } (4.19)

𝑗max, and {𝑝𝑖} = {𝑝cal.𝑗max,𝑖} are the outputs of the P-ATC.

4.3.3 Correction Methods Based on Transmission Performance
Both the equal power allocation and ABPA algorithms are methods that use average-
calculated MER to optimize power allocation and modulation scheme determinations
based on the noisy-channel coding theorem. On the other hand, in reality, it is not
possible to obtain transmission performance that perfectly follows the channel ca-
pacity calculated by the average-calculated MER. Due to the difference in diversity
order between streams and the ratio of interference components, significant perfor-
mance differences occur even if the same channel capacity of the averaged MER is
obtained. Because the ideal diversity order for SVD-MIMO in an i.i.d. environment is{16, 9, 4, 1} for each stream [48], performance degradation is expected, especially for
the third stream. This thesis considers two methods to quickly reflect this performance
difference in ATC: a maximum 3-stream transmission method and a MER correction
method.

1) Maximum three-stream transmission method
In this method, the maximum number of streams used is limited to three for all
processing. Because transmission using four streams is no longer possible regardless
of the conditions, scalability of ATC decreases.

2) MER correction method
ATC is performed by biasing the MER of a specific stream using the BER performance
difference based on the diversity order of each stream. Performance can be expected
to improve by setting an appropriate bias value based on transmission quality.
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Figure 4.3: Process of proposed ABPA algorithms. ©2023 IEICE, [4] Fig. 6

: 0  stream

: 1  stream

: 2  stream

: 3  stream

: EP

st

nd

rd

th: 2 streams

: 3 streams

: 4 streams

0.50

0.33

0.25

p j,
ic
a
l.

j,
i

P
o

w
e
r 

d
is

tr
ib

u
ti

o
n p j,

ic
a
l.

j,
i

[d
B

]
P

o
w

e
r 

d
is

tr
ib

u
ti

o
n

Figure 4.4: Example of power distribution convergence for proposed ABPA. ©2023
IEICE, [4] Fig. 7

59



Chapter 4

4.4 Performance Evaluation of Channel Quality Esti-
mation

This section evaluates the performance of the estimation method for channel quality
of Section 4.2 by computer simulation. The channel model was an 11-path one
obtained from outdoor experiments [55]. The Doppler frequency 𝑓D was set to 43 Hz;
the simulation assumed a mobile relay in the 2.3 GHz band and a mobile speed of
20 km/h. The Kronecker model [75] was used for the channel matrices 𝑯:

𝑯 = √𝜫 r𝑮√𝜫 t, (4.20)

where 𝜫 t and 𝜫 r are the correlation matrices of transmission and reception. 𝑮 is
a 4 × 4 i.i.d. fading channel matrix created by the Jakes model [76] having a time
variation and frequency selectivity. Note that the procedure assumes that the antennas
are arranged at equal intervals, and the element of the 𝑖-th row and 𝑗-th column of the
correlation matrix is defined using the nearest correlation value, as 𝜌𝑖,𝑗 = 𝜌|𝑖−𝑗|20 [77].

The section evaluates the performance of the estimation method by comparing the
average MER of each stream using each index described in Section 4.4 against the
average received SNR (SNR-MER evaluation). In the section, for simplicity, 32QAM
with 𝑛mod𝑖 = 5 is used for the modulation scheme for all streams, and the equal power
distribution (∀𝑖 ∶ 𝑝𝑖 = 0.25) is used. The section uses the medium correlation, which
is the standard condition used for evaluation in ARIB STD-B75: nearest neighbor Tx
correlation value 𝜌t = 0.7, same Rx correlation value 𝜌r = 0.3.
4.4.1 Ideal SVD-MIMO transmission
First, this section performs an SNR-MER evaluation of SVD-MIMO transmission
under conditions where the Tx weight matrix 𝑽 is not subject to degradation, such
as estimation errors shown in Section 2.2.5. The signal detection matrix is also ideal
(𝑾 = 𝜮−1𝑼H). Furthermore, in this evaluation, the Tx and Rx weights were ideally
created using the channel matrix used in the simulation rather than the estimated
channel matrix based on pilot symbols.

Figure 4.5 shows the results of a comparative evaluation of the conventional-
calculated MER (Conv.) obtained from the Eq. (4.2) and the monitored MER (Monit.).
The section confirmed that by using the conventional converted MER, the monitored
MER can be estimated correctly with an error within 1 dB under ideal conditions.
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Figure 4.5: SNR-MER characteristics of the ideal environment. ©2023 IEICE,
[4] Fig. 8

4.4.2 Actual SVD-MIMO transmission
Next, the section performs an SNR-MER evaluation of the actual SVD-MIMO trans-
mission under conditions where the Tx weight matrix𝑽 is degraded by various factors
described in Section 2.2.5 and signal detection matrix is changed by factors described
in Section 2.2.6.

Figure 4.6 shows the results of comparative evaluation of the proposed-calculated
MER (Prop. w/o correc.) without the correction term obtained from Eq. (4.6), Conv.,
and Monit.. Conv. deviates from Monit. by at most 20 dB or more. On the other hand,
Prop. w/o correc. estimates Monit. with high accuracy and an error of 5 dB or less,
except for low SNR below 0 dB or high SNR above 40 dB.

Here, Monit. converges to a constant value at low SNR below 0 dB (𝑆𝑁𝑅Av. → 0)
and at high SNR above 50 dB (𝑆𝑁𝑅Av. → +∞). This is because the signal detection
matrix 𝑾MMSE converges to values that are not affected by SNR, and the equalized
signal also converges to ones that are not affected by SNR. 𝑾MMSE are calculated as
using Eq. (2.7),

lim𝑆𝑁𝑅Av.→0𝑾MMSE = 𝑶lim𝑆𝑁𝑅Av.→+∞𝑾MMSE = (�̃�𝑽′)−1 =𝑾ZF, (4.21)

where 𝑶 ∈ ℝ4×4 is the zero matrix and 𝑾ZF is the signal detection matrix when using
the ZF method [67]. From Eqs. (4.21) and (2.5), the received signal converges to
zero for all streams at low SNR. Therefore, from Eq. (4.1), Monit. converges to one
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Figure 4.6: SNR-MER characteristics of the actual environment (without correction
terms). ©2023 IEICE, [4] Fig. 9

(0 dB). From Eq. (2.5), the noise component in the received signal decreases, and
the undesired signal becomes an interference component 𝑻−1𝜟𝑻𝒙 only. Therefore,
Monit. converges to a constant.

Figure 4.7 shows the results of the comparative evaluation of the proposed MER
obtained from Eq. (4.6) which adds the correction term described in the Eq. (4.7)
(Prop.), in addition to Monit. and Prop. w/o correc.. In this evaluation, the constant
correction term 𝑑 was set to 0.006 (≈ 0.0062⋯) based on the estimation error. To
consider the influence of channel estimation errors, 𝑑 is an approximate value from the
average absolute difference (|𝑯−�̃�|) between the ideal channel matrix in the computer
simulation 𝑯 and the estimated channel matrix �̃� in a noise-free environment. Prop.
estimates Monit. with high accuracy for low SNR below 0 dB and high SNR above
40 dB. In particular, at an SNR of 0–50 dB, which is the practical operating range,
Monit. is estimated with high accuracy and an error of less than 2 dB. Therefore, in
the evaluation of Section 4.5, Prop. is used as the proposed method.
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4.5 Performance Evaluation of ATC algorithm
This section evaluates the ATC performance by comparing the BER against the
average received SNR (SNR-BER evaluation). The required BER for pseudo-error-
free operation was set to 1.0×10−4 [46], and the required SNR to achieve that BER was
used for the evaluation. The basic evaluation conditions such as the channel model
are the same as the evaluation conditions in Section 4.4. For the nearest neighbor
correlation value of the transmitting and receiving antennas, in addition to the medium
correlation (Med.: 𝜌𝑡∕𝜌𝑟 = 0.7∕0.3) used in Section 4.4, i.i.d. (𝜌𝑡 = 𝜌𝑟 = 0) and
high correlation (High: 𝜌𝑡 = 𝜌𝑟 = 0.7) are used. For reference, the section also
partially evaluates the performance without error correction decoding of turbo codes
(w/o dec.).

4.5.1 Comparison of Methods
This section compares the performance difference between the conventional method
(Conv.) and the proposed method (Prop.) for EP distribution (EP) and ABPA. The
conditions for performance comparison are 𝑁mod = 20, 𝑅 = 0.92 and w/o dec., and
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Figure 4.8: SNR-BER performances of the ideal environment. ©2023 IEICE,
[4] Fig. 11

correlation is evaluated using i.i.d. and medium correlation (Med.).

4.5.1.1 Ideal SVD-MIMO Transmission

Similar to Section 4.4, this section performs SNR-BER evaluation using conventional-
calculated MER for EP and conventional ABPA in ideal SVD-MIMO transmission to
evaluate the original transmission performance of SVD-MIMO.

First, Fig. 4.8 shows the comparative SNR-BER evaluation results of ABPA or EP
under each correlation condition and coding rate. There is almost no difference in the
required SNR between the two methods, regardless of the conditions.

Next, the section evaluates the performance of each stream to compare the differ-
ences in performance between streams. Figure 4.9 shows the comparative evaluation
results of each average MER margin performance obtained from the monitored MER
against the average received SNR of each stream (SNR-MER margin). The MER
margins are almost the same for both methods and both correlation conditions. From
this, the section confirmed that the purpose of ATC can be achieved in an ideal en-
vironment. The purpose is to make the MER margin the same between streams, as
described in section 4.3.2 that is, to equally control the difference between channel
capacity and reference capacity between streams.

Next, Fig. 4.10 shows the comparative evaluation results of the BER without
decoding against each average MER margin (MER margin-BER). Based on the results
in Fig. 4.9, the MER margin-BER between streams was expected to be equivalent
regarding channel capacity; however, in Fig. 4.10, the performance is not equal. The

64



Med.

Average SNR [dB]Average SNR [dB]

: 0  stream
: 1  stream
: 2  stream
: 3  stream

th

st

nd

rd

: ABPA
: EP

ρt ρr

M
E

R
 m

ar
g
in

[d
B

]

Figure 4.9: SNR-MER margin performances for each stream of the ideal environment.
©2023 IEICE, [4] Fig. 12

reason for this is the diversity order difference between streams in SVD-MIMO, which
was mentioned in Section 4.3.3. In particular, in i.i.d., the third stream has a BER
slope without any diversity gain. On the other hand, in the medium correlation,
the diversity order difference between streams decreases, and the BER performance
difference becomes relatively small. Also, due to the influence of diversity order,
the slope becomes slower for all streams below 𝐵𝐸𝑅 = 10−4. Furthermore, the third
stream degrades compared to the other streams, similar to i.i.d. As shown in Fig. 4.5,
the third stream has a low MER, and the modulation order of the used modulation
scheme is small. Furthermore, because the singular value difference between streams
is significant in the medium correlation, the third stream is not used with the ABPA
algorithm and is rarely used with EP. Since there is also an effect of the error correction
code, the difference between streams, including the third stream, and the slowing of
the slope of the BER curve have a limited effect on the overall performance. For these
reasons, ABPA and EP have similar performance in Fig. 4.8. However, by considering
these performance differences, it is expected that a more optimal ATC will be realized.
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Figure 4.10: MER margin-BER performances for each stream without turbo decoding
of the ideal environment. ©2023 IEICE, [4] Fig. 13

4.5.1.2 Actual SVD-MIMO Transmission

Similar to Section 4.4.2, this section evaluates the performance in SVD-MIMO, which
degraded in the system model. Figure 4.11 shows the comparative evaluation results
of each combination of EP and ABPA, and Prop. and Conv.. First, in i.i.d., when error
correction decoding is used, the EP using the proposed-calculated MER degrades
by 4 dB at the required SNR compared to the EP using the conventional-calculated
MER. Note that in ABPA there is no difference between Prop. and Conv.. Similarly,
in the medium correlation, while EP+Prop. deteriorates compared to EP+Conv., the
proposed ABPA (ABPA+ Prop.) that uses proposed-calculated MER improves the
required SNR by about 3 dB compared to conventional ABPA (ABPA+Conv.) that uses
conventional-calculated MER. To investigate the cause of this, the section evaluates
the performance of each stream.

Figure 4.12 shows the SNR-MER margin with EP or ABPA. For both ABPA and
EP, Conv. does not match regardless of correlation; however, Prop. does match. From
this, Prop. fulfills the purpose of equally controlling the difference between channel
capacity and reference capacity between streams, even in degraded environments,
regardless of ABPA or EP.

Figure 4.13 shows the MER margin of each stream-BER without decoding with
EP or ABPA. In ABPA, the MER margin for the third stream to achieve the same
BER is about 5 dB worse than the other three streams, regardless of correlation.
This is mainly due to the difference in diversity order, as in the ideal environment.
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Figure 4.11: SNR-BER performances of the actual environment. ©2023 IEICE,
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Furthermore, various factors, such as interference components specific to the degraded
environment, are acting in a complex manner. In addition, with Prop. in medium
correlation, a tendency close to a floor error appears in the zeroth stream. In addition
to the tendency that the third stream is inferior by about 5 dB with EP, as shown by
the double arrow in the graph, the floor error of the zeroth stream is about one power
higher than the first and second streams only with Prop..
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In Figs. 4.12 and 4.13, the zeroth stream of Prop. has the same tendency in EP
and ABPA; there was a significant performance difference in Fig. 4.11. To further
investigate the cause of this, Fig. 4.14 shows the average received SNR-BER without
decoding and of each stream in Prop. with EP or ABPA. In i.i.d., EP degraded
compared to ABPA in the second stream with a received SNR of 35 dB or less and
in the 0th stream with a received SNR of 35 dB or more. In a medium correlation
environment, it degraded in the second stream with a received SNR of 40 dB or
less and the 0th stream with a received SNR of 30 dB or more. This performance
difference is thought to be influencing the performance difference between Prop. in
Fig. 4.11. This degradation is caused by the fact that EP does not consider interference
in power allocation, thus, the influence of interference power on the zeroth and second
streams is significant. In addition, due to the influence of quantization, the equivalent
singular values and MER differences between streams decrease, and the conditions for
transmitting with four streams in Prop. increase compared to Conv.. This is thought to
be why the zeroth stream particularly degrades with Prop.. One possible method is to
use power distribution that is optimal for the channel capacity while taking interference
into account; however, in that case, it is also necessary to separately determine the
modulation scheme. For these reasons, below, the thesis uses ABPA+Prop., which
semi-optimizes power allocation as well as determining the modulation scheme.

On the other hand, it is also possible that the poor performance of the third
stream leads to the degradation of the overall performance. Therefore, this section
compares and evaluates correction methods based on the transmission performance
described in Section 4.3.3. As mentioned earlier, the third stream is about 5 dB
worse in MER margin-BER than the other three streams. For each condition of
ABPA+Prop. and Conv., the section compares and evaluates 𝑅 = 0.92, without
correction (W/o correc.)/maximum three-stream transmission (Max 3 str.)/MER 5 dB
correction transmission that estimates the MER margin of the third stream to be 5 dB
lower (5 dB biased).

Figure 4.15 shows the evaluation results. In i.i.d., the improvement due to cor-
rection is slight; however, in medium correlation, Prop. has an improvement effect of
about 0.5 dB for both Max 3 str. and 5 dB biased. The reason why there is no difference
between the two correction methods is that only a maximum of three streams are used,
even with 5 dB biased. Due to its high scalability, the thesis will use 5 dB biased as a
correction method based on transmission performance in following evaluations.
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tion methods, 𝑅 = 0.92). ©2023 IEICE, [4] Fig. 18
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4.5.2 Overall Performance Evaluation
As an overall performance evaluation of the system model, this section evaluates SNR-
BER for each correlation condition, each 𝑁mod, and each coding rate. ABPA is used
as the ATC algorithm, as mentioned earlier, and the evaluation targets are three types:
the proposed method with 5 dB bias (Biased), the proposed method without correction
(Prop.), and the conventional method (Conv.). Table 4.1 shows the required SNR and
the lowest value under each condition is shown in bold. The values of Biased and
Prop. compared with Conv. are written in parentheses. In addition, the transmission
rate per 𝑁mod and 𝑅 (Rate in Mbps) is shown assuming the TDD frame configuration
shown in Fig. 4.16.

First, this section compares and evaluates the performance in the i.i.d. environment
using Table 4.1. Compared to Conv., Prop. slightly improves the required SNR
by about 0.5–1.0 dB, except for some conditions. The reason why the amount of
improvement is slight is thought to be that in i.i.d., the influence of 𝑽 degradation
is small in the first place. Biased is the same or slightly better than Conv., at 1.0 dB
or less, but compared to Prop., the performance improvement is almost negligible.
Moreover, it is partially degraded at high 𝑁mod. In other words, in i.i.d., Prop. is
generally the best method among the considered ones. This also confirms that even
if there is a performance difference due to diversity order, there are some conditions
where transmitting with four streams without correction is better than transmitting
with three streams.

Next, the section compares and evaluates the performance at medium correlation
using Table 4.1 and Fig. 4.16. Prop. improves performance by about 0.5–3.0 dB
compared to Conv. except for some conditions. In particular, it improves by more than
2.0 dB at 𝑅 = 0.92 with 𝑁mod = 20, 24. This is thought to be because the required
SNR is high, and the influence of degradation due to correlation is significant, thus, the
improvement effect is also significant. In particular, as shown in Fig. 4.15, compared
to other conditions, the decrease of BER decreases against the SNR increase, and it
approaches the floor error. Similar to Prop., Biased has a lower required SNR under
almost all conditions than Conv., and lower by about 0–1.0 dB than Prop.. In other
words, for medium correlation, all conditions using Biased show partial improvement,
however, no degradation, compared to conditions using Prop.. This is because the
difference in singular values is more significant in a correlated environment than in
i.i.d.; thus, the benefits of transmitting four streams are relatively small, and the benefits
of transmitting three streams outweigh the benefits, leading to improved performance.
In the middle correlation environment, Biased is generally the best method among the
considered ones.

Finally, the section compares and evaluates the performance at high correlation
using Table 4.1. Prop. improves performance by about 0.5–5.5 dB compared to
Conv. except for some conditions. In particular, it improves higher at a high coding
rate. Biased improved under all conditions compared to Conv., and improved 0–
1.5 dB compared to Prop. . From this, it is clear that high correlation has the same
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overall tendency as medium correlation; however, the improvement effect from Prop.
to Biased is limited. However, also in the high correlation environment, Biased is
generally the best method among the considered ones.

From these results, the section confirmed that the proposed method (Prop./ Biased)
works well regardless of correlation in the actual SVD-MIMO transmission, which
uses degraded Tx/Rx weight matrices. In addition, by using a method that avoids using
streams with poor specific MER margin-BER performance by giving a MER margin
bias (Biased), further improvement was obtained compared to Prop. in medium and
high correlation. On the other hand, since no improvement has been obtained in i.i.d.,
there is room for improvement by considering diversity order and interference rather
than uniformly applying a 5 dB bias. Also, as shown in Table 4.1, the required SNR of
Prop. for the transmission rate increases as the rate increases under most conditions.
On the other hand, when comparing 𝑁mod = 10, 𝑅 = 0.71 and 𝑁mod = 20, 𝑅 = 0.33,
the transmission rate is 62.3 Mbps and 57.9 Mbps, respectively. The required SNR is
17.5 dB and 17.0 dB for i.i.d., 17.5 dB and 18.0 dB for medium correlation, 22.5 dB
and 23.0 dB for high correlation, thus 𝑁mod = 10, 𝑅 = 0.71 is better. In other
words, under these conditions, the total modulation order is relatively low, and the
high coding rate yields the same or higher required SNR even at a high transmission
rate. Although this is a comparison of specific conditions and cannot be considered
a thorough study, it is expected that performance will be better if the total number of
modulation orders is relatively lower and the coding rate is set higher under the same
conditions.

4.6 Conclusion
In SVD-MIMO transmission that uses incomplete Tx and Rx weight matrices that have
undergone various changes due to actual implementations, the thesis proposed a new
transmission channel quality index that estimates the amount of noise enhancement
and interference that has changed from ideal conditions and proposed the associated
ATC methods. One proposed method estimates the actual transmission channel quality
with high accuracy and an error of 2 dB or less within a practical SNR range. The
other method improves the required SNR to achieve a required BER by up to 6 dB
using a channel model assuming actual operation, high correlation, and high coding
rate. These were confirmed by computer simulation.
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Figure 4.16: Comparison of SNR-BER performances (middle correlation). ©2023
IEICE, [4] Fig. 19
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Chapter 5
ML-based Compensation Methods for
SVD-MIMO

5.1 Introduction
This chapter proposes ML-based compensation methods using SVR for compensating
the Tx weight matrices that are degraded from the ideal one. The compensation target
is limited to the degradation that occurs when quantization is used to avoid bandwidth
pressure with feedback of the Tx weight matrices. The training data were prepared
by pairing ideal Tx weight matrices and deteriorated Tx weight matrices generated
from many channel matrices created based on statistical distributions. This chapter
also proposes simplified channel metrics to evaluate the attenuation in channel gain
caused by the degraded matrices. The optimal parameters for the training data and
learning kernels are determined using the simplified channel metrics. Moreover,
the validity of using the simplified channel metrics for the determination and the
compensation performance are evaluated. Finally, the overall performance of the
compensation methods for the Tx weight matrices and the previously proposed ATC
(P-ATC) algorithm [4] (Chapter 4) using the compensated matrices are evaluated.

The contributions of this chapter are as follows.

• Simplified channel metrics to evaluate compensation for degradation due to
quantization (Section 5.2)

• ML-based compensation methods for the Tx weight matrices (Section 5.3)

• A method for creating training data based on statistical distributions in mobile
communication environments (Section 5.3.1)

• A comparison of compensation methods using simplified channel metrics (Sec-
tion 5.4)

This chapter is based on “Machine learning-based compensation methods of weight matrices for
SVD-MIMO” [5], by the same author, which appeared in the IEICE Transactions on Communications,
Copyright©2023 IEICE.
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• A computer simulation showing that the proposed ML-based methods are ef-
fective for quantization compensation and the simplified channel metrics are
effective for selecting the optinum parameters (Sections 5.5.1 and 5.6.1)

• A computer simulation showing that the transmission using a combination of
compensation and P-ATC methods has the highest performance in comparative
methods (Sections 5.5.2 and 5.6.2)

5.2 Channel Metrics
As mentioned in Chapter 4, this thesis considered two types of MER for use in ATC.
The MER of the ideal SVD-MIMO was calculated using the singular values 𝜉𝑖, and
the MER of actual SVD-MIMO was calculated using the equivalent singular values𝜉′𝑖 , as follows

𝑀𝐸𝑅Conv.𝑖 = 𝑆𝑁𝑅Av.𝜉2𝑖 𝑝𝑖, (5.1)

𝑀𝐸𝑅Prop.𝑖 = [(𝑆𝑁𝑅Av.𝜉′2𝑖 𝑝𝑖)−1 + (Σ𝑘𝛿2𝑖,𝑘𝑝𝑘)/𝑝𝑖]−1 . (5.2)

As mentioned in Section 4.2, the conventional-calculated MER includes only the
noise enhancement term (𝑆𝑁𝑅Av.𝜉2𝑖 𝑝𝑖). On the other hand, the proposed-calculated
MER includes the noise enhancement term (𝑆𝑁𝑅Av.𝜉′2𝑖 𝑝𝑖) and interference term(Σ𝑘𝛿2𝑖,𝑘𝑝𝑘)∕𝑝𝑖. The proposed-calculated MER is mainly affected by the noise en-
hancement and to a lesser extent by the channel estimation error and interference due
to the weight matrix at reception. The effect of the ATC on the noise-enhancement
term is the multiplications of power allocation term 𝑝∗, where ∗ represents 𝑖 or 𝑘.
On the other hand, ATC has a more complex effect on the interference term than it
does on the noise enhancement term, because the interference term includes multi-
plications, summations, and divisions with 𝑝∗. As it stands, it is hard to evaluate the
proposed-calculated MER because the interference term is so complexly related to
the ATC through 𝑝∗. That is, calculating the ATC results needs 𝑝∗, but obtaining 𝑝∗
requires the ATC to be calculated first.

5.2.1 Proposed Simplified Channel Metrics
This chapter proposes 𝑚𝑒𝑡.Ideal = Σ𝑖𝜉2𝑖 and 𝑚𝑒𝑡.Quant. = Σ𝑖𝜉′2𝑖 as metrics to evaluate
the noise enhancement terms of Eqs. (5.1) and (5.2). 𝑚𝑒𝑡.Ideal, which is the metric
of the ideal SVD-MIMO, is the sum of the squares of the singular values 𝜉2𝑖 . It is
known that𝑚𝑒𝑡.Ideal always equals 16 (= 4×4) for 4×4 SVD-MIMO regardless of the
correlation conditions [78]. 𝑚𝑒𝑡.Ideal is equivalent to the total channel gain over the
transmission power of each stream when the transmission powers of each stream are
equal in the ideal SVD-MIMO transmission. Similarly, 𝑚𝑒𝑡.Quant. is taken to be the
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total channel gain when the transmission powers of each stream are equal in the actual
SVD-MIMO transmissions. Therefore, it is possible to evaluate the attenuation of the
channel gain by comparing 𝑚𝑒𝑡.Quant. with 𝑚𝑒𝑡.Ideal = 16. Because these metrics are
calculated from the amount of noise by using the weight matrix at reception (here, the
signal detection matrix 𝑾), those metrics can be used for all MIMO transmissions
using the Rx weight matrices.

Figure 5.1 plots 𝑚𝑒𝑡.Ideal and 𝑚𝑒𝑡.Quant. versus the number of quantization bits for
the case of quantization degradation only. A plot of MIMO with ZF reception [72],
“𝑚𝑒𝑡.Quant. w/o precoding”, is shown for comparison. The nearest correlation values(𝜌t, 𝜌r) between the transmitting and receiving antennas are for four conditions, i.e.,
independent and identically distributed (i.i.d.: 0, 0), low correlation (Low cor.: 0.3,
0.3), medium correlation (Med. cor.: 0.7, 0.3) described in [46], and high correlation
(High cor.: 0.7, 0.7). The method of creating the ML datasets is described in Sec-
tion 5.3.1. The ML datasets created with these four types of correlation value are used
as evaluation data.

The results confirm that the SVD-MIMO transmissions have advantages over
MIMO transmissions without precoding, even when the Tx weight matrix is de-
graded. The advantage is regardless of the correlation or number of quantization
bits. On the other hand, their quantization degradation is significant compared with
the ideal SVD-MIMO transmission, increasing as the correlation increases. Espe-
cially in the case of the three-bit quantization used in the system model, the metrics
decrease to 68 % (16⇒10.9) for i.i.d., 35 % (16⇒5.61) for medium correlation, and
17 % (16⇒2.72) for high correlation. In ML, it is desirable to use different data and
metrics when selecting models/methods and when evaluating performance. There-
fore, the optimal ML parameters would be determined by how well they compensated
the degradation due to quantization by the simplified channel metrics in Section 5.4.
On the other hand, a comprehensive transmission performance would be that of the
SNR vs. BER in Section 5.5.

5.3 Compensation Methods for the Tx Weight Matri-
ces using Machine Learning

This section describes the method for creating the training data, the training method,
and the ML method for compensating the Tx weight matrices.

The Tx weight matrix 𝑽 ∈ ℂ4×4 has 32 elements, including real and imaginary
parts. Since the Tx weight matrix is created from a single channel matrix, its elements
are closely related. The Tx weight matrix 𝑽 ′ , in which each element is quantized to
three-bit, has 296 element patterns in total. The use of all elements should be able to
compensate for the Tx weight matrices with higher precision than three-bit. However,
attempting compensation by matching 296 patterns is extremely difficult. Instead, the
compensation can be treated as a regression problem in which the input is the Tx
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Figure 5.1: Simplified channel metric evaluation of degradation due to quantization.
©2023 IEICE, [5] Fig. 4

weight matrices 𝑽 ′ and the output is each element of 𝑽. Moreover, this chapter
proposes to use ML, wherein the compensation is performed using computer-trained
models during transmission. Considering the hardware implementation, this thesis
chose to use SVR [79], which has a simplified test procedure and a high level of
performance when there is a sufficient amount of training data.

5.3.1 Creation of Machine-learning Datasets
In ML, if the training data are biased to a specific condition, the performance will be
strongly degraded under other conditions [80]. For this reason, creating a wide variety
of conceivable channel environments is important. This section created statistical data
for static fading channels without considering frequency selectivity or time-varying
channels in order to compensate for the degradation due only to quantization. It is
easy to create a large amount of data statistically as there is no need to acquire data
in the field or by conducting a Monte Carlo simulation. On the other hand, data for
dynamic fading channels would have to be created to compensate for the degradation
described in Section 2.2.5.2.

Figure 5.2 shows the procedure for creating the training and validation datasets.
First, the channel matrices 𝑮 ∈ ℂ4×4 based on the Rayleigh fading of i.i.d. channels
were created. Since ideal Rayleigh fading affects the signal when both the real and
imaginary parts of channels have an i.i.d. Gaussian distribution [76], 𝑮was calculated
using 𝑿,𝒀 ∈ ℝ4×4: 𝑮 = 𝑿 + j𝒀. (5.3)

Since 𝑿 and 𝒀 are random numbers representing statistical properties, they can be
used to make a wide variety of i.i.d. matrices. Subsequently, the channel matrices 𝑯
that take account of correlation were defined using the Kronecker model [75], defined
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Figure 5.2: Process of creating training/validation datasets for ML. ©2023 IEICE,
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in Eq. (4.20). Two types of training data 𝜌0 were used; static-medium correlation
values, called “static correlations” and values drawn from a uniform distribution of𝜌0 = [0, 1), called “uniformly distributed correlations”. As described in Section 5.2.1,
the evaluation data were made with the four types of correlation value. The creation
method is the same as that of “static correlations”.

Subsequently, ideal Tx weight matrices 𝑽 were created from 𝑯 by solving
Eq. (2.1). Finally, the deteriorated Tx weight matrices 𝑽 ′ (three-bit quantization
is used) were created. Here, 𝑽 ′ and 𝑽 are the input and output in the training data.

5.3.2 Training Methods for Compensation
This section describes training methods for the models used in the Tx weight matrix
compensation. The input is the Tx weight matrices 𝑽 ′ after degradation and the Tx
weight matrices 𝑽 before degradation, and the output is the trained models.

SVR is an ML method for solving regression problems that takes vectors as input
and outputs scalar values [79]. Here, 𝑽 ′ ,𝑽 of the training data were converted into𝒗′ ,𝒗 ∈ ℝ32, as shown in Fig. 5.3. Next, as shown in Fig. 5.4, the elements of 𝒗, i.e.,
the training data for the output, and 𝒗′ were used as input for the SVR training; in
total, 32 trained models were created.

5.3.3 Testing Methods for Compensation
This section describes the compensation methods for the Tx weight matrices using
the trained models created in Section 5.3.2. The inputs were the deteriorated Tx
weight matrices 𝑽 ′ and trained models, and the output consisted of the compensated
Tx weight matrices 𝑽 ′′ . First, 𝑽 ′ was converted into a 32-dimensional real vector𝒗′ ∈ ℝ32, as illustrated in Fig. 5.3. After that, the parameters were predicted using
the trained SVR model, as in Fig. 5.5. Finally, 𝒗′′ was converted into 𝑽 ′′ ∈ ℂ4×4, as
in Fig. 5.3.
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5.3.4 Transmitting using Compensation Methods
This section describes the transmission using compensation methods for the Tx weight
matrices. Figure 5.6 shows the block diagram. The MS (Tx-side) compensates the
received Tx weight matrices 𝑽 ′ to 𝑽 ′′ and uses them for the transmission. Similarly,
BS (Rx-side) compensates the𝑽 ′ transmitted in the previous DL frame and uses them
for signal detection.
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5.4 Simplified Evaluation of Compensation Methods
This section evaluates the compensation methods for the Tx weight matrices by using
the simplified channel metrics. Table 5.1 shows the parameters of the evaluation. Note
that the SVR training included several other parameters besides the ones described
in the table, such as epsilon, the number of support vectors used, and the number of
power dimensions when using a polynomial kernel. A lot of research has been done
on parameter optimization [81], but it is different from the purpose of this study. Thus,
this thesis used only the default values of Scikit-learn [82].
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Table 5.1: Training/ validation conditions. ©2023 IEICE, [5] Table 2

Implementation code Python, scikit-learn, etc.
Regression method SVR
Learning kernels Linear, RBF, and polynomial
Number of train. data 10k (10,000), 30k, and 50k
Number of valid. data 2k
Correlation (for train.) Static (medium cor.) and uniform dist. [0,1]
Correlation (for valid.) i.i.d., low cor., medium cor., and high cor.
Evaluation metrics Proposed simplified channel metrics

5.4.1 Simplified Comparison of Learning Kernels
Table 5.2 shows comparative results using the simplified metrics (𝑚𝑒𝑡.) for each learn-
ing kernel. To evaluate the kernels fairly, the number of training data was set to 30k,
and the correlation of the training data was set to the uniform distribution described in
Section 5.3.1. “Ideal” means the ideal SVD-MIMO transmission performance with-
out degradation, which is 16.0 regardless of the correlation, as described above. The
other values are shown in parentheses as ratios based on 16.0. “W/o comp.” is the
transmission performance without compensation, which corresponds to the three-bit
value in Fig. 5.1. Bold type indicates an improvement was obtained under the same
correlation conditions. As can be seen, no improvement was obtained with the linear
kernel. On the other hand, an improvement was had with the polynomial and RBF
kernels for medium and high correlation. Moreover, the polynomial kernel showed
an improvement even at low correlation. The polynomial kernel was thus used in the
following evaluation.

5.4.2 Simplified Comparison of Training Data
Table 5.3 and Fig. 5.7 show comparative results using the simplified metrics (𝑚𝑒𝑡.)
for each training data condition. The two types of correlation condition described in
Section 5.3.1 were used for the training data. The simplified channel metrics improved
as the number of training data increased, regardless of whether the correlation of the
training data followed a uniform distribution or was static. On the other hand, the
difference between 30k and 50k was relatively small compared with the difference
between 10k and 30k. In particular, the difference was up to 2% in the case of the
uniform distribution for the correlation values of the training data.

In addition, given the same number of training data (for example, 30k), the uniform
distribution outperformed the static correlation under the i.i.d. and low correlation
conditions. In particular, the static correlation was much worse than the conventional
method regardless of the number of training data. On the other hand, under the
medium and high correlation conditions for evaluation, the static correlation had
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Table 5.2: Simplified evaluation of leaning kernels (correlation: [0,1]). ©2023 IEICE,
[5] Table 3

i.i.d. Low cor. Med. cor. High cor.
Ideal 16.0 16.0 16.0 16.0
W/o comp. 10.9 (68%) 9.82 (61%) 5.61 (35%) 2.72 (17%)
Linear 10.4 (65%) 9.51 (59%) 5.60 (35%) 2.72 (17%)
RBF 10.0 (63%) 9.37 (59%) 𝟔.𝟎𝟐 (38%) 𝟐.𝟗𝟓 (18%)
Polynomial 10.8 (68%) 𝟏𝟎.𝟐 (64%) 𝟕.𝟐𝟗 (46%) 𝟑.𝟕𝟐 (23%)

Table 5.3: Simplified evaluation of training data (kernel: polynomial).©2023 IEICE,
[5] Table 4

i.i.d. Low cor. Med. cor. High cor.
Ideal 16.0 16.0 16.0 16.0
W/o comp. 10.9 (68%) 9.82 (61%) 5.61 (35%) 2.72 (17%)
Static cor. 10k 3.28 (21%) 5.59 (35%) 𝟔.𝟗𝟗 (44%) 𝟑.𝟐𝟗 (21%)
(medium) 30k 4.97 (31%) 7.26 (45%) 𝟕.𝟔𝟎 (48%) 𝟑.𝟖𝟐 (24%)
for Train. 50k 5.94 (37%) 8.03 (50%) 𝟕.𝟖𝟔 (49%) 𝟑.𝟗𝟖 (25%)
Unif. dist. 10k 8.96 (56%) 9.16 (57%) 𝟔.𝟕𝟎 (42%) 𝟑.𝟐𝟎 (20%)
cor. [0,1] 30k 10.8 (68%) 𝟏𝟎.𝟐 (64%) 𝟕.𝟐𝟗 (46%) 𝟑.𝟖𝟓 (24%)
for Train. 50k 𝟏𝟏.𝟏 (69%) 𝟏𝟎.𝟓 (66%) 𝟕.𝟓𝟐 (47%) 𝟑.𝟖𝟓 (24%)

slightly higher performance compared with the uniformly distributed correlations.
Therefore, the training data with the static correlation are specialized for medium and
high correlations, whereas the training data with the uniformly distributed correlations
improves performance for a wide variety of correlation conditions.
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Figure 5.7: Simplified evaluation of training data (kernel: polynomial). ©2023 IEICE,
[5] Fig. 10
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5.4.2.1 Additional evaluation using the Coefficient of Determination 𝑟2
For regression problems, the coefficient of determination 𝑟2 is an index of accuracy,
and it is generally used in evaluations [58]. This section describes the coefficient of de-
termination and re-evaluates part of Section 5.4 with the coefficient of determination,
and compares the results with Section 5.5.

The general coefficient of determination 𝑟2 is defined as

𝑟2 = 1 − ∑𝑁−1𝑖=0 𝑣𝑖 − 𝑣𝑖∑𝑁−1𝑖=0 𝑣𝑖 − 𝑣 , (5.4)

where {𝑣𝑖} is the correct data, {𝑣𝑖} is the data to be evaluated, 𝑁 is the number of data,𝑖 is the data index, and 𝑣 is the average value of the correct data.
Table 5.4 shows the evaluation results for the coefficient of determination under

the same conditions as Table 5.3. First, the degradation from the Ideal case using
w/o comp. is the same regardless of the correlation for evaluation. Since this result is
different from Tables 5.3 and 5.5, the performance evaluation using the coefficient of
determination does not accurately represent the transmission performance difference
between correlations due to quantization degradation.

Next, the methods of giving the correlation value of the training data are examined.
The static correlation (medium) is worse than the uniformly distributed correlations
in the i.i.d. and low correlation evaluations but is slightly better in the medium and
high correlation evaluations. This behavior is the same as in Tables 5.3 and 5.5.

Comparing the performance using SVR compensation for all numbers of training
data (10k, 30k, 50k), medium correlation is the highest performance, followed by
high correlation, low correlation, and i.i.d. This tendency is very different from what
is shown in Table 5.5, and the performance evaluation based on the coefficient of
determination does not correctly represent the transmission performance difference
between correlations for SVR compensation.

For these reasons, the use of the coefficient of determination is inappropriate for
the determination of this study.

5.4.3 Discussion on the Simplified Evaluation
This section discusses the above results of the simplified evaluation.

5.4.3.1 Determination of the optimal ML parameters

First, the results in Section 5.4.1 indicate that the amount of improvement (or degra-
dation) differs for each kernel in SVR. In addition, the polynomial kernel seems to be
ideal since it improved almost all of the evaluated correlation conditions. In SVR, the
kernel to be used is determined on the basis of the comparative performance on each
problem. It is known that non-linear (polynomial and RBF) kernels have complicated
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Table 5.4: 𝑟2 evaluation of training data (kernel: polynomial) [%].©2023 IEICE,
[5] Table A⋅1

i.i.d. Low cor. Med. cor. High cor.
Ideal 100 100 100 100
W/o comp. 96.3 96.3 96.3 96.3
Static cor. 10k 78.4 88.7 96.3 95.8
(medium) 30k 85.9 92.6 𝟗𝟔.𝟗 𝟗𝟔.𝟔
for Train. 50k 88.7 93.9 𝟗𝟕.𝟏 𝟗𝟔.𝟖
Unif. dist. 10k 94.4 95.1 96.2 95.9
cor. [0,1] 30k 95.6 96.1 𝟗𝟔.𝟗 𝟗𝟔.𝟕
for Train. 50k 96.2 𝟗𝟔.𝟓 𝟗𝟕.𝟎 𝟗𝟔.𝟗

structures and higher performance than linear kernels [83]. On the other hand, since
the RBF kernel has an incredibly complicated structure for solving complex prob-
lems, the trained models are easier to overfit the data for uncomplex problems [84].
Therefore, it seems that the polynomial kernel was the most effective because the
quantization compensation was moderately complex.

Next, the results in Section 5.4.2 indicate that it is desirable to have as much
training data as possible. On the other hand, the number of multiplications increases
in proportion to the number of training data both during training and during testing in
SVR. Therefore, there is a trade-off between transmission performance and hardware
implementation scale.

Since data in i.i.d. channels were not included in the training data with the static
correlation, the evaluation data were the outliers of the training data, and performance
significantly deteriorated. On the other hand, since the training data with the static
correlation were specialized for the correlated channels, performance significantly
improved in the correlated channels (Med. cor. and High cor.). These results show
that the training data with the static correlation made models overfit the correlated
channels. On the other hand, the degradation was small when the models were trained
with uniformly distributed correlations, regardless of the correlation of the evaluation
data. A substantial improvement was obtained for evaluation data with the medium
or high correlation. This is because the training data included a wide variety of
correlation conditions from i.i.d. to high correlation, and the trained model was very
robust. Furthermore, as shown in Table 5.3, when the training data with uniformly
distributed correlations were used, 30k was 4–12% better than 10k. On the other
hand, since the degradation in the case of 30k was only 2% less than that of 50k, it
was concluded that about 30k is a reasonable amount of training data. These results
indicate that the training data should have uniformly distributed correlations and a
large amount of data (preferably 30k or more) should be used.
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5.4.3.2 Additional Evaluation and Future Prospects

This chapter evaluated the performance while varying the number of training data for
each learning kernel. The results were not much different from those in Tables 5.2
and 5.3, so their evaluation and discussion will be omitted. Similarly, I evaluated the
performance of ridge regression or regression with three-layer neural networks [58].
Their performance did not exceed those of the methods using SVR, so the thesis will
omit discussion of them as well.

This section discusses about evaluation using the coefficient of determination,
shown in Section 5.4.2.1．It measures the rate of regression to statistically correct
data. However, because the purpose of the proposed methods is to improve the channel
quality, a discussion of this evaluation is not within the scope of this thesis.

On the other hand, the learning structure of SVR also aims at the regression
approach to the correct data. Therefore, a learning structure that directly improves
the simplified channel metrics is expected to enhance the performance of quantization
compensation. In addition, a further performance improvement can be expected by
performing a parameter optimization [81], even with the current learning structure.

5.5 Performance Evaluation of Compensation Meth-
ods

The validity of the simplified channel metrics and the transmission performance
with proposed compensation methods were evaluated in a computer simulation. The
evaluations were performed using the transmission configuration with the SVR com-
pensation shown in Fig. 5.6. For the parts other than the SVR compensation, the
SVD-MIMO system was implemented in python and numpy. The basic evaluation
conditions such as the channel model are the same as the evaluation conditions in
Section 4.5. Therefore, the evaluation in this chapter also uses the ATC algorithms.
Unlike the data created for SVR in Section 5.3.1, 𝑮 was a 4 × 4 i.i.d. fading channel
matrix created by the Jakes model [76] having a time variation and frequency selec-
tivity, same as Chapter 4. Therefore, an evaluation using this channel matrix would be
affected by the degradations described in Section 2.2.5.2. On the other hand, since the
compensation methods described in this study are only for degradation due to quanti-
zation, the performance would be degraded from the ideal SVD-MIMO transmission
regardless of the method used.

5.5.1 Comparison of Compensation Conditions by Computer Sim-
ulation

This section compares transmission performances for some of the conditions in Ta-
ble 5.3 in Section 5.4. The ATC method used in this section [43] did not consider
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degradation.
Figure 5.8 shows the results for the ideal condition without quantization degra-

dation (Ideal), the conventional method without compensation (W/o comp.), the pro-
posed method with SVR compensation using 30k training data and static correlation
(Static-30k), and the proposed method with SVR compensation using various num-
bers of training data and a uniformly distributed correlations (10k, 30k, 50k) in an
i.i.d., medium correlation, or high correlation channel environments. Note that even
Ideal is affected by the degradation described in Section 2.2.5.2. The required SNR is
shown in Table 5.5, and the following performance comparisons were performed with
those values. W/o comp. after degradation was used as the reference value, and the
difference is shown in parentheses for each compensation method. The coding rate 𝑅
was set to the maximum, 0.92.

First, in the i.i.d. environment, Static-30k significantly deteriorated and 10k slightly
deteriorated. In particular, as shown in Fig. 5.8, the results for Static-30k had a larger
and gentler slope than those of the other methods. On the other hand, 30k, 50k, and
W/o comp. were equivalent in performance.

In the medium correlation environment, all of the methods with SVR compensation
were better than W/o comp.. In particular, the improvement for Static-30k and 50k was
more than 2.5 dB. The increase in the amount of training data (10k → 30k → 50k)
led to the improvements.

Finally, in the high correlation environment, all of the methods with SVR compen-
sation showed a significant improvement over W/o comp.. In particular, Static-30k
and 50k had the largest improvement, 4.5 dB. The use of the uniformly distributed
correlations for training and more training data led to the improvements.

In the following evaluation, the training data had uniformly distributed correlations
and a size of 30k (30k).
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Ideal

W/o comp.

Static-30k (w/ SVR comp.)

10k (w/ SVR comp.)

30k (w/ SVR comp.)

50k (w/ SVR comp.)

Med.

SNR [dB]

SNR [dB]

SNR [dB]

Figure 5.8: Performance evaluation for different SVR-compensation conditions (cod-
ing rate 𝑅=0.92). ©2023 IEICE, [5] Fig. 11
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Table 5.5: Required SNR [dB] for different SVR-compensation conditions.©2023
IEICE, [5] Table 5

i.i.d. Med. cor. High cor.
Ideal 29.0 31.0 39.0
W/o comp. 30.0 36.5 46.5
Static-30k (Med. cor.) 36.5 (+6.5) 𝟑𝟒.𝟎 (−2.5) 𝟒𝟐.𝟎 (−4.5)
10k (Unif. dist.) 31.5 (+1.5) 𝟑𝟓.𝟎 (−1.5) 𝟒𝟑.𝟓 (−3.0)
30k (Unif. dist.) 30.5 (+0.5) 𝟑𝟒.𝟎 (−2.5) 𝟒𝟐.𝟓 (−4.0)
50k (Unif. dist.) 30.5 (+0.5) 𝟑𝟑.𝟓 (−3.0) 𝟒𝟐.𝟎 (−4.5)

5.5.2 Comparison of ATC Conditions by Computer Simulation
The simulation examined different ATC methods in addition to the use of the SVR
degradation compensations. An ATC method suitable for transmissions with deterio-
rated Tx weight matrices was described in 4.3.2.2; here, it is called P-ATC. Figure 5.9
shows the results for the conventional ATC without SVR compensation (W/o comp.)
and P-ATC without SVR compensation (P-ATC), conventional ATC with degradation
compensation (30k), and P-ATC with SVR compensation (30k+P-ATC). The required
SNR is shown in Table 5.6, and the performance comparisons reported below were
performed with those values. W/o comp. after degradation was used as the reference
value, and the difference is shown in parentheses for each compensation condition.

In the i.i.d. environment, almost all methods were equivalent in performance (the
difference is up to 1.0 dB). In the medium correlation environment, for 𝑅 = 0.33 and𝑅 = 0.71, almost all methods were equivalent in performance (the difference is up to
0.5 dB). For 𝑅 = 0.92, P-ATC, 30k, and 30k+P-ATC improved by 2.0–3.5 dB. In the
high correlation environment, P-ATC, 30k, and 30k+P-ATC improved by 1.0–7.0 dB
for all variations of 𝑅.

Moreover, 30k+P-ATC improved by up to 0.5 dB in the i.i.d. and medium correla-
tion environments and by up to 1.5 dB in the high correlation environment compared
with P-ATC.
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W/o comp.

30k (w/ SVR comp.)

30k (w/ SVR comp.)+P-ATC

P-ATC

R=0.33

R=0.71

R=0.92

R=0.33 R=0.71 R=0.92

R=0.92

R=0.33
R=0.71

Med.

R=0.33 R=0.71 R=0.92

SNR [dB]

SNR [dB]
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Figure 5.9: Performance evaluation for different correlations (𝜌t, 𝜌r) and coding rates
(𝑅). ©2023 IEICE, [5] Fig. 12
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5.6 Discussion
This section discusses the results shown in Sections 5.4 and 5.5.

5.6.1 Validity of Simplified Channel Metrics
The results in Table 5.5 indicate that the method using the uniformly distributed
correlations for the training data has high robustness: it did not cause much degradation
in the i.i.d. evaluation and showed a large improvement in the medium and high
correlation evaluation. On the other hand, the method using the static correlation
had poor robustness and was overfitted to the correlation channels. It caused a large
degradation in the i.i.d. evaluation. In addition, the use of uniformly distributed
correlations for the training data led to the transmission performance increasing with
the amount of training data. In particular, the performance difference between 10k
and 30k (1.0 dB) was larger than that between 30k and 50k (0–0.5 dB). Therefore,
to improve the overall performance while suppressing the degradation in the i.i.d.
environment, it is desirable to use a large amount of training data (more than 30K
if possible) with uniformly distributed correlations. This conclusion is similar to
those on Table 5.3 that were discussed in Section 5.4.3.1. Accordingly, the simplified
channel metrics proposed in Section 5.2 appropriately expresses the degradation in
transmission performance due to the degradation of the Tx weight matrices.

5.6.2 Comparison of ATC Conditions
This section discusses the evaluation results in Table 5.6 in Section 5.5.2. First, in
the i.i.d. environment, the improvements or degradations are only about ±1.0 dB at
maximum. Even when 𝑅 = 0.92, since the degradation compared with the ideal is
only about 1.0 dB in Table 5.5, the amount of improvement is also small. When
a low coding rate is used (𝑅 = 0.33, 0.71) in the medium correlation environment,
the degradation or improvement stays within the range of ±0.5 dB regardless of
the method. There was almost the same performance as in the i.i.d. environment.
On the other hand, in the medium correlation environment with 𝑅 = 0.92 and in
the high correlation environment for all values of 𝑅, the improvement had by the
combination (30k+P-ATC) was 1.3–2.0 times (0.5–5.5 dB⇒1.0–7.0 dB) that of the
SVR compensation method (30k) and P-ATC method (P-ATC). For this reason, neither
method alone is deemed insufficient when it is used alone. On the other hand, a
significant performance improvement of up to 7.0 dB can be obtained by using the
Tx weight matrices compensated by SVR together with an ATC suitable for the
compensated Tx weight matrices.
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5.6.3 Overall Discussion and Future Prospects
As an overall trend, performance improvement was relatively higher in higher-correlation
environments. The reason is that the channel gain is more strongly affected by the
compensation (and degradation) performance of the Tx weight matrix in a higher-
correlation environment. Explanations for this are given below.

First, this section compares the channel gain of W/o comp. relative to Ideal. As
shown in Fig. 5.1, the quantization degradation of the Tx weight matrix reduced the
channel gain (the simplified metrics) in the higher-correlation environment. This
result makes sense from the point of view of wireless communications, because it
is more difficult to create streams (equivalent independent channels) in MIMO in
a higher-correlation environment. Since the channel gain is directly linked to the
SNR-BER performance, the degradation of the required SNR of W/o comp. is more
significant in a higher-correlation environment than that of Ideal (as shown in Table 5.5,
i.i.d.: 1.0 dB, Med. cor.: 5.5 dB, High cor.: 7.5 dB at 𝑅 = 0.92).

Next, the section describes the channel gains of compensation methods in com-
parison with w/o comp. As shown in Fig. 5.7 and Table 5.3, the simplified channel
metrics were 0.99 times (10.9→10.8) for i.i.d., 1.30 times (5.61→7.29) for Med. cor.,
and 1.41 times (2.72→3.85) for High cor. with uniformly distributed correlations and
30k compared to w/o comp. That is, the improvement of the channel gain was higher
in the high correlation environment. As a result, in a high correlation environment, the
improvement in required SNR due to the compensation methods is more significant
than that of W/o comp. (For example, as shown in Table 5.6, i.i.d.: −0.5 dB, Med.
cor.: 2.5 dB, High cor.: 4.0 dB at 30k and 𝑅=0.92).

Tables 5.5 and 5.6 at 𝑅 = 0.92 show the results of the evaluation for the same
coding rate but different compensation conditions. Here, 30k+P-ATC is 31.0 dB
versus the 29.0 dB of Ideal in the i.i.d. environment, 33.0 dB versus 31.0 dB in the
medium correlation environment, and 39.5 dB versus 39.0 dB in the high correlation
environment. The amount of degradation is 0.5–2.0 dB. These values are the limit to
the improvement that can be achieved using the training data created in Section 5.3.1.
More improvements to the ATC or ML methods will be needed in order to reduce the
degradation further.

On the other hand, as described in Section 2.2.5.2, the Tx weight matrices also
suffer degradation from channel estimation errors and the use of precoding blocks.
To compensate for these degradations, it is necessary to use the Tx weight matrices
of the previous frame and adjacent precoding blocks. Therefore, not only statistically
created training data (Section 5.3.1) but also data based on the Jakes model used in
computer simulations or data obtained in actual channel environments are needed
as training data. In addition, the machine-learning method must account for these
degradations. Thus, while the evaluation showed there is a possibility of achieving
a level of performance beyond Ideal, investigations of these issues will have to be
conducted in future research.

Moreover, I evaluated the feasibility of the proposed compensation method in
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another research [85]. I proposed a method to reduce the computation for the com-
pensation and evaluated the circuit scale and processing time when implementing
the one to an FPGA board. As a result, the results showed that it is expected to be
realized within the processing time available for actual transmission. In addition, as
a result of a performance evaluation using a combination of computer simulation and
FPGA board, evaluation results equivalent to the results in this chapter were obtained.
It is possible to further evaluate the feasibility by implementing the method on the
prototype [5] and conducting experiments.

5.7 Conclusion
This chapter proposed and evaluated machine-learning-based compensation methods
for the Tx weight matrices used in actual SVD-MIMO transmissions. It also proposed
simplified channel metrics based on the channel quality to evaluate compensation
performance and methods for creating training data based on statistical distributions.
The simplified channel metrics enabled the learning kernel, number of training data,
and correlations for the training data to be examined under many conditions. Fur-
thermore, the results of a computer simulation evaluation indicated that the metrics
could be used for selecting the optimum machine-learning parameters. Finally, a
computer simulation of transmissions with SVR compensation using a polynomial
kernel and 30k of training data with uniformly distributed correlations was conducted
in different correlation environments and for different coding rates. It was found that
the proposed SVR compensation method improved the SNR to achieve the required
BER by a maximum of 4.0 dB. Furthermore, the maximum performance improved
by 7.0 dB when the proposed compensation method was combined with a previously
proposed ATC method suitable for transmissions with deteriorated weight matrices.
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Chapter 6
Prospects for Platforms of Various Ap-
plications
This chapter describes the prospects for platforms toward the use of various applica-
tions. There is a need to realize various services by communicating between devices
and servers in fields and objects where wireless communication (or wired communi-
cation) has not been used until now. However, when installing such services in a new
field, it isn’t easy to install the communication method to be introduced from scratch.
For these reasons, there is a need for a platform that users in other fields can easily
install, which can be used in various areas. To achieve this, I envision expanding each
private communication system mentioned in this thesis into a separate platform. The
following part describes the prospects for each.

6.1 CPS Platforms Using WRAN
The implementation of CPS platforms has significantly improved various applications
in recent years. As shown in Fig. 2.1, CPS is a system that uses various communication
methods to transmit data from physical space to cyberspace, analyze it, and feed it
back to physical space. The target applications are diverse. For example, it is expected
to be used in various fields such as agriculture and disaster prevention. I will discuss
the prospects for introducing it into each field.

• Agriculture
In the field of agriculture, R&D of smart agriculture, where ICT is used to
efficiently carry out agriculture, is being conducted [86, 87]. For example, it
is expected to be used by collecting data from meters such as thermometers
and water level gauges when automating cultivation on farms such as robot
farming. Various wireless communication technologies, such as LPWA and
cellular communication as shown in Table 1.1 are used as WSN. However, each
communication method has various issues such as limited coverage, data rate,
and band license. For example, WATARAS, a water management system for rice
fields, has introduced equipment using LoRa or LTE-M [88]. No matter which
communication method is used, the data rate according to the standard is several
hundred kbps or less. Furthermore, LoRA has issues with the coverage and LTE-
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M has issues with usage fees (and being a public communication). Because
farms can be vast, ultra-wide-area WRAN communications that support both
wide area and high data rate of several Mbps or more are suitable. In WRAN,
since the UL data rate can be set at 6 Mbps or higher, it is possible to install
30 times more sensors than LoRA or LTE-M. On the other hand, since each
meter transmits data intermittently and with a small capacity, it is not good
to install RS and MS of WRAN to all meters. Therefore, as shown on the
right side of Fig. 2.1, it is assumed that some meters will be connected to other
communication systems, such as Wi-SUN, and connected to WRAN via MGW.
It is also expected to be used in the automatic operation of agricultural ma-
chinery, etc. Even now, some agricultural machinery is equipped with public
communication functions, and it is possible to use WRAN for agricultural ma-
chinery. Usage fees are required when using public communications, however
there are no usage fees when using WRAN. Depending on the application, it is
also possible to build a closed network within the farm without connecting to
the Internet. Both use cases can be implemented using public communications;
however, there is a usage charge, and communication is impossible outside the
area.

• Disaster prevention
In the field of disaster prevention, it is expected to be used for collecting informa-
tion on water disasters caused by rainfall. It is necessary to collect information
quickly when a river floods. Due to the characteristics of this information, it
is necessary to collect large amounts of data continuously; however, it is of-
ten located outside public communication areas, such as in mountainous areas.
Another issue is cases where power supply and wired lines do not reach the
surrounding areas, making it challenging to select the installation area. Though
IoT monitoring systems for river water levels are provided by various manu-
facturers, they are connected to cellular networks [89, 90]. For these reasons,
ultra-wide-area WRAN communications are suitable in the disaster prevention
field, as in the agricultural field. However, even with ultra-wide area WRAN,
power supply is an issue; thus, considering installation in conjunction with pri-
vate power generation equipment is also an issue. Although it is possible to
provide the acquired water disaster information as a service directly, there are
issues, such as legal requirements for such use.

In addition, it is important to have a common platform that can be easily introduced
in various fields.
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6.2 Program Production Platforms Using
Next-generation FPU

I consider an integrated program production platform using next-generation FPUs,
wired lines, and others. In the field of TV program production, efforts of remote
program production using IP lines have begun [91]. Previously, switching and camera
operations were performed in environments extremely close to the filming location,
such as in the same studio or inside a relay car. As part of remote program production,
it is considered to perform program production, such as switching at home far away
from the studio or at a studio far away from the broadcast site. Experiments using
wired lines such as dark fiber have already begun.

In conventional broadcast program production, since the video was transmitted to
the broadcasting station’s studio after switching and other processing was performed
at the relay destination, it was sufficient to transmit the video material for one camera
(line). However, in remote program production, because switching and other op-
erations are performed remotely, it is necessary to transmit video material from all
cameras, and the required transmission capacity is enormous. As mentioned above,
although there are remote program production [91] using wired lines and wireless
remote production using FPU for fixed use [35], there are no examples of imple-
mentation using mobile relay. As part of R&D, experiments have been conducted
on the remote control and switching of cameras installed on camera relay cars using
next-generation FPUs, and it has been confirmed that they work normally [66]. The
next-generation FPU has ultra-high capacity and is capable of bidirectional transmis-
sion, making it a suitable system for remote program production. For 2K video, it is
possible to transmit program material video over several lines even at the minimum
transmission rate of 40 Mbps. However, transmitting multiple 4K video lines requires
even higher capacity. For these reasons, the challenge is to increase the capacity as
much as possible using the various methods proposed in this thesis.

Additionally, efforts to migrate program master equipment to the cloud are being
considered worldwide [92, 31]. In addition, research is being conducted to utilize data
such as river information distributed on the web and social media posts in program
production [93, 94]. In this way, the number of program productions performed on the
cloud/Internet is increasing, and it is expected that the number of program productions
completed on IP systems will increase more than ever before. As a means to achieve
this, there is a need to realize an integrated program production platform that uses a
combination of next-generation FPUs, wired lines, cellular lines, etc.
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Chapter 7
Conclusions
This thesis described the design of communication networks for an era where devices
with various uses are connected. To achieve this, it is essential to build private commu-
nication systems with features tailored to the purpose, in addition to the already widely
used general-purpose public wireless communication systems. This thesis proposed
and evaluated various methods for installing two types of private communications,
each with the characteristics of “wide-area” and “wide-band.”

Chapter 2 described use cases and specifications for the wide-area WRAN sys-
tem and the next-generation FPU system that uses wide-band. WRAN systems are
expected to be used in various situations, including IoT communications, mobile com-
munications, and V2X communications. It is a method that has all the characteristics
of wide-area, mobile, multi-hop, and relatively high-speed transmission. The aim
is high throughput and wide coverage area transmission with the same transmission
power. Furthermore, the base system is standardized both domestically and interna-
tionally, and R&D is being conducted based on this standard. That chapter described
an overview of transmitters based on that standard. The next-generation FPU system
is expected to be used for mobile relay programs of high-definition video, such as
4K/8K. In particular, the aim is to achieve both stable and high-speed transmission by
dramatically changing the transmission rate according to the channel quality changes
during movement. The base system is also standardized domestically, and R&D is be-
ing conducted based on this standard. Furthermore, that chapter described the system
model and detailed the degradation and changes in the weight matrices, which was a
research topic.

Chapter 3 proposed single-hop and multi-hop methods for realizing a WRAN
system and evaluated their performance. For single-hop transmission, the chapter
designed the receivers, including a comparative study of channel estimation methods,
and evaluated the performance through computer simulation and laboratory experi-
ments using a prototype. The results showed that even using single-hop transmission,
transmitting 10 km is possible at transmission speeds of several hundred kbps to sev-
eral Mbps. For multi-hop transmission, the chapter evaluated the expansion of the
coverage area and the throughput when simply relaying in multiple stages based on
the results of single-hop transmission. The results showed that 50 km transmission is
possible with a throughput of 1/6 to 1/2 compared to single-hop transmission.

Chapter 4 proposed a channel quality estimation method and an ATC method based
on it and evaluated the performance through computer simulations to realize a next-
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generation FPU system. That chapter showed that a method for estimating changes
in channel quality by using degraded or changed weight matrices can suppress the
error in channel quality estimation to within 2 dB. Furthermore, that chapter showed
that ATC using this estimation method significantly improves the required SNR by
up to 6 dB, leading to the expansion of the transmission area coverage at the same
throughput.

Chapter 5 proposed simplified channel metrics for the degradation of the Tx weight
matrix, proposed a compensation method for the degradation using machine learning,
and evaluated performance for the realization of next-generation FPU systems. That
chapter proposed metrics for simply calculating the gain part of the channel quality
estimation results described in Chapter 4 and demonstrated through computer simu-
lation that the evaluation results are valid. That chapter also proposed a learning data
creation method and learning/compensation structure for compensating degradation
using machine learning and evaluated the performance through computer simulations.
It was shown that by combining this method with the ATC method proposed in Chap-
ter 4, it improved by up to 7.0 dB, leading to the expansion of the transmission area
coverage at the same throughput.

Chapter 6 described the prospects for realizing platforms that support various
applications using two private communication systems. For the WRAN system, the
assumptions and challenges involved in realizing a CPS platform used in various fields,
such as agriculture and disaster prevention, were described. For the next-generation
FPU system, the challenges in realizing a program production platform for remote
program production were described.

Future research topics for the WRAN system include outdoor mobile transmission
experiments using a prototype. As a result, it is possible to evaluate whether stable
transmission over a communication distance of 10 km or more is achievable. Further-
more, regarding multi-hop, it is expected that the transmission distance will be further
extended by considering a hop that transmits data at multiple hops at the same time
rather than a simple multi-hop relay design.

Future research topics for the next-generation FPU include hardware implemen-
tation of each function and evaluation through mobile transmission experiments.
Although the proposed method in this thesis is not implemented, a prototype based
on the system model has been created and evaluated through mobile transmission
experiments. Furthermore, since quantization compensation technology has been in-
stalled on FPGAs, there is hope for realization to operate in a time that does not affect
real-time processing. It is expected that it will be possible to further evaluate the
feasibility of each proposed method by installing it in a prototype and assessing its
performance through mobile transmission experiments.
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