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Abstract—This paper proposes a novel adaptive control method
that maximizes throughput by optimally switching adaptive
modulation and coding (AMC) and frequency symbol spreading
(FSS). AMC has been extensively studied and is widely adopted
as a method for optimizing throughput in fluctuating channels
caused by shadowing, multipath fading and mobility. By applying
AMC, communication performance can be eﬀectively improved
for varying channels. Forward error correction (FEC) is also
used as communication quality improvement method. FEC is
eﬀective to improve throughput performance especially in a low
SNR region. However, it has sacrificed the maximum throughput
in the case of the good channel situation. FSS has been proposed
as a method for suppressing the influence of frequency selective
fading without degrading the maximum throughput by dispersing
subcarrier symbol to all frequency components. FSS can obtain
large frequency diversity gain by its diﬀusibility. From the
simulation results, we confirm the eﬀectiveness of the proposed
method from the viewpoint of maximizing throughput.
Index Terms—Adaptive modulation and coding, Frequency
symbol spreading.

I. Introduction
UE to the spread of smart phones and tablets in the
general tier and technological innovation such as IoT,
the use of the Internet is increasing, and the demand for
data communication is steadily increasing [1][2]. In wireless communication systems, the channel fluctuates under
the influence of shadowing, multipath fading and mobility.
The main factor that degrades communication performance
is this channel fluctuation [3][4]. Furthermore, due to such
fluctuation, wireless channel capacity cannot be utilized at the
maximum eﬃciency and transmission eﬃciency deteriorates
significantly. To solve this problem, adaptive modulation and
coding (AMC) scheme attract a lot of attention since it can
achieve maximum transmission eﬃciency [5]–[8]. In AMC,
parameters such as the modulation scheme and the coding
rate are adaptively determined depending on the channel
conditions [9]–[11]. The merit of AMC is to track channel
fluctuations and maximize throughput performance under the
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given link conditions. Thanks to adaptively controlling modulation level and coding rates, it can be confirmed that AMC
is a very eﬀective technique for improving throughput [12]–
[14]. Meanwhile, it has a trade-oﬀ relationship between the
spectral eﬃciency and bit error rate (BER) depending on influence of channel fluctuation. Setting higher modulation order
increases information bits to be transmitted raising spectral
eﬃciency but it may occur frequent communication error.
Forward error correction (FEC) can compensate such error
bits by using additional redundant bits. An error correction
capability can be controlled via its redundancy, i.e. coding
rate. In this case, the maximum throughput deteriorates in
inverse proportion to the coding rate. AMC has features
that compensate for these drawbacks and adapt to spectral
eﬃciency according to channel condition. In the case of a
poor channel situation, we select a low modulation level and
a low coding rate to suppress deterioration of communication
performance. Conversely, when the channel state is good, a
high modulation level and a high coding rate are chosen to
maximize the throughput performance. Orthogonal frequency
devision multiplexing (OFDM) using FEC should allow slight
reduction of potentially achievable throughput even at highest
coding rate in an excellent channel condition. In order to
address the above issue and acquire better communication
performance, frequency symbol spreading (FSS) has been
proposed for OFDM systems. FSS is a method creatively
inspired by a multicarrier code division multiple access (MCCDMA). The major diﬀerence of FSS with MC-CDMA is
that modulated symbols are diﬀused to all frequency band
(i.e. all subcarriers) via orthogonal spreading codes and are
then superimposed [15][16]. FSS can reduce the influence of
frequency selective fading by obtaining the frequency diversity.
This feature of FSS brings improved BER performance even
without FEC and thus it can achieve maximized throughput
by the transmission with less redundancy. In addition, FSS
has also feature that the power density of the detection signal
becomes equal for each subcarrier. Therefore, FSS unnecessitates sophisticated AMC per subcarrier and hence it can
significantly reduce the amount of feedback information (FBI)
which includes signal-to-noise power ratio (SNR) information
or channel state information (CSI) to implement AMC [17]–
[21]. It is also possible to reduce the influence of feedback
delay contributing to improving the communication performance. Because of the above characteristics, there is high
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communicational aﬃnity between FSS and AMC.
Focusing on the high aﬃnity of FSS and AMC, this paper
proposes the adaptive control method that maximizes throughput by optimally switching AMC and FSS [22]. Since FEC
acquires the error correction capability with redundant bits,
the maximum spectrum eﬃciency will be limited as this error
correction capability becomes larger. In other words, when
FEC is used, a trade-oﬀ relationship arises between error
correction capability and throughput. Furthermore, FBI as
overhead becomes enormous since the precise adaption control
needs detailed FBI, e.g. optimizing per subcarrier. Therefore,
by applying FSS, it is possible to resolve these problems
and to achieve a higher throughput without redundancy. Of
course, the method using FEC is very eﬀective especially in a
low SNR region. Thus, proposed system contains the hybrid
transmission scheme so as to switch from conventional AMC
to the system using FSS. In the conventional method, such
a transmission structure is not switched, and the modulation
scheme and coding rate are controlled [23]–[27]. Compared
with the conventional method, the proposed method can acquire better throughput in any link conditions. In addition,
the transmission with less redundancy can realize an eﬃcient
communication such as the reducing the influence of feedback
delay and complexity. This paper expands its contribution
originated in our conference paper [22] by introducing various
levels of modulation orders up to 256QAM. Eﬀectiveness
of the proposal also validated in more stringent mobility
condition.
The rest of this paper is organized as follows. System model
based on FSS-OFDM is defined in Sections II. Section III
describes the switching principle of AMC and FSS scheme in
our proposal. Computer simulation results and discussions are
presented in Section IV and V, respectively. Finally, conclusion
is drawn in Section VI.
II. System Model based on FSS
Incorporating AMC scheme into FSS can realize more optimized throughput performance in given SNR. Here describes
a system model of interest using FSS-OFDM.
A. Frequency Symbol Spreading (FSS)
Fig. 1 shows a concept of FSS. OFDM modulated signal at
the m-th subcarrier (m = 1, ..., Nc ) and the i-th symbol index
(i = 1, ..., 2Np + Nd ), d(m, i), is spread to NSF subcarriers
via the orthogonal spreading code. Here, Nc , Nd and Np
indicate the number of subcarriers, data symbols and pilot
symbols, respectively. Energy of each symbol is divided by
Nc /NSF blocks. Each spread symbol experiences all channel
components and thus the frequency diversity gain can be
obtained after despreading at the receiver. It virtually equalizes
channel gains of all subcarriers within a FSS block. The
number of required FBI can be reduced to the same amount
of FSS blocks, i.e. Nc /NF S < Nc . As shown in Fig. 1(a),
the transmission signal of conventional OFDM is aﬀected by
frequency selective fading. Therefore, the probability that the
signals are correctly detected becomes lower as the influence
of the fading becomes stronger. In this case, the information of
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each symbol need to perform AMC. On the other hand, in the
case of using FSS, Fig. 1(b) shows that the power density of
each subcarrier is equalized among FSS block. This means that
all despread data symbols have the same SNR despite being
aﬀected by frequency selective fading. Thus, it is possible to
control AMC with the same SNR information. For this reason,
the system using FSS can drastically reduce FBI.

B. Transmitter Structure
The transmission time-domain signal by applying FSS is
expressed as
s(t) =

Nd ∑
+N p −1 √
i=0

·

[ N −1
c
∑

2P
· l(t − iT)
Nc

]

(1)

v(m, i) · exp{− j2πm(t − iT)/Ts } ,

m=0

v(m, i) denotes the spread symbol of the m-th subcarrier and
the i-th symbol index. Nc denotes the number of DFT points.
P denotes the average transmission power. T is the symbol
length of OFDM , and Ts is the eﬀective OFDM symbol
length excluding guard interval (GI). Here, assuming that GI
length is Tg , T = Ts + Tg is satisfied. The subcarrier spacing
orthogonalized on the frequency axis is 1/Ts . l(t) indicates the
pulse of transmission represented by
{
1 −Tg ≤ t ≤ Ts
l(t) =
(2)
0 otherwise.
Frequency spread symbols in frequency-domain, v(m.i) can be
expressed by using original OFDM modulated symbols d(m, i)
satisfying E [|d(m, i)|] = 1, as
v(m, i) =

N∑
S F −1

ck (m mod NSF )

k=0

(3)

· d({m/NSF }NSF + k, i),
where NSF denotes the FSS blocks number, ck (n) indicates
the Hadamard code for applying FSS.

C. Receiver Structure
GI of the received signal is eliminated, and S/P conversion
is performed. The time domain received signals experienced
multipath fading channel can be expressed as,
∫ ∞
r(t) =
h(τ, t)s(t − τ)dτ + n(t),
(4)
−∞

∑J−1

where h(τ, t) = j=0 h́ j (τj )δ(t − τj ) represents the channel
impulse response composed of J taps. h́ j denotes the complex
gain which fluctuates based on Jakes’ model. τj and δ indicate
the discrete number of time delay of the propagation path
and the Dirac’s delta function respectively. n(t) is the additive
white Gaussian noise (AWGN) which has power spectral
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Fig. 1. A concept of FSS.
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Fig. 2. Proposed transmitter and receiver structures.

density of N0 . The received signal as a result of FFT (i.e.
frequency domain expression) is expressed as
∫ Ts +iT
1
r̃(m, i) =
r(t) exp{− j2πm(t − iT)/Ts }dt
Ts iT
√
∫ Ts
Nc −1
1
2P ∑
v(c, i) ·
=
exp{ j2π(c − m)
Nc c=0
Ts 0
(5)
{∫ ∞
· t/Ts } ·
h(τ, t + iT)l(t − τ)

integral with respect to τ can be expressed as
N∑
c −1 { ∫ ∞
−∞

c=0

=

}
h(τ, t + iT)l(t − τ) exp(− j2πcτ/Ts )dτ

N∑
c −1 ∫ Ts
c=0

h(τ, t + iT) exp(− j2πcτ/Ts )dτ

(6)

0

= H(m/Ts , t + iT),

−∞

· exp(− j2πcτ/Ts )dτ} dt + n̂(m, i),
n̂(m, i) is AWGN whose variance is 2N0 /Ts with zero-mean.
Suppose the maximum value of τ is smaller than Tg , the

Furthermore, under the assumption that the channel state
remains almost flat within the symbol duration T,
H(m/Ts , t + iT) ≈ H(m/Ts , iT) for 0 5 t 5 T

(7)
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Therefore, Eq. (5) can be rewritten as follows.
√
∫ Ts
Nc −1
1 2P ∑
r̃(m, i) =
v(c, i) ·
exp{ j2π(c − m)t/Ts }
Ts Nc c=0
0
{∫ ∞
}
·
h(τ, t + iT)l(t − τ) · exp(− j2πcτ/Ts )dτ dt
−∞

+ n̂(m, i)
√
2P
≈
H(m/Ts , iT)v(m, i) + n̂(m, i),
Nc
(8)
The received signal is despread by using the same spreading
code to detect the original OFDM symbol. In this case,
the orthogonality of spread symbols is broken by frequency
selective fading. To compensate it, frequency equalization
combing is required. Here, we apply a minimum mean square
error combing (MMSEC). After performing channel estimation from the pilot signal, demodulated data signal to which
frequency equalization combing is applied is given by
˜ i) =
d(m,

N∑
S F −1

·

w(b, i) · r̃(NSF · ⌊m/NSF ⌋ + b, i)

b=0
∗
cm
mod NSF (b),

(9)

where w(n) denotes the combing weight of FSS, and it is given
by
√
2P
Nc · H̃(n)
.
(10)
w(n) = √
2
2P
2
·
H̃(n)
+
2
σ̃
Nc
H̃(n) is the estimated channel of the n-th subcarrier, and σ̃ 2
is the noise dispersion for each subcarrier.
D. System Assumptions
In this paper, we use the frame structure as shown in Fig. 3.
The packet consists of Nd = 30 data symbols and Np = 2
pilot symbols. Each OFDM symbol is composed of Nc = 64
subcarriers. The duration of guard interval is 0.8 µs and the
eﬀective symbol duration is 3.2 µs. The multipath channel is
modeled as 15 Rayleigh fading paths with exponential decay
and its interval is 50ns. The Doppler frequency is 10 Hz.
Details of simulation parameters are shown in Table 1. The
simulation parameters follows the fundamental OFDM systems
and here assumes a rich multipath environment so as to be a
pessimistic evaluation.
III. Proposal: AMC Control for FSS-OFDM
Fig. 2 shows the block diagram of the proposed system. As
shown in Fig. 2, the method using FSS on the upper side and
the method using conventional AMC on the lower side are
switched by the SNR threshold in the proposed method. The
generated data is determined by using FBI of SNR, whether
to use FSS or to use conventional AMC. After the decision,
the data signal is modulated and transmitted. On the receiving
side, after performing channel estimation, in case that using
FSS, despreading is performed. On the other hand, if it is a
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TABLE I
Simulation Parameters
Transmission scheme

OFDM

Data Modulation

QPSK,16QAM, 64QAM, 256QAM

Number of subcarriers / FFT

64 / 64

Frame size

32 symbols (N p =2,N d =30)

GI length

16 sample times

Doppler frequency

10 Hz, 40 Hz

Fading

15 path Rayleigh fading

Channel estimation

Least square

FEC

Convolutional code
(R = 1/2, 2/3, 3/4, 5/6)

Bandwidth

20 MHz

1 frame = 32 OFDM symbols
Pilot

Data

16

64

Guard
interval

Effective
symbol interval

1 OFDM symbol

Fig. 3. Frame structure.

signal using conventional AMC, decoding is performed and
a signal is detected. We employ a convolutional code (CC)
as FEC [28]–[31]. Since FEC generates redundant bits to
acquire error correction capability, the maximum throughput
deteriorates due to such redundant bits. There is a trade-oﬀ
between error correction capability and achievable throughput.
Adaptively controlling coding rate according to the channel
condition is essential to ensure the communication quality. It
is especially helpful to maintain the throughput performance
in a lower SNR regime. On the other hand, the advantage
of FSS is that error rate performance can be improved even
without FEC in a higher SNR regime, i.e. throughput can be
maximized due to exclusion of redundancy.
Focusing on the above features of AMC and FSS, we newly
propose the adaptive modulation scheme that control coding
rate according to the various channel state in a lower SNR
regime and use only by FSS without CC in the case of a high
SNR.
In this paper, modulation levels of QPSK, 16QAM, 64QAM
and 256QAM are used for the AMC and FSS-OFDM system.
Also available coding rates are 1/2, 2/3, 3/4 and 5/6 for CC.
The BER performance of the various conventional OFDM are
shown in Fig. 4. Here omits the lines showing almost the
same performance, e.g. lines of 64QAM. The error correction
capability increases because the redundant bits increase, so
the BER performance is improved. At the higher order of
modulation levels, the BER performance tends to be degraded.
Fig. 5 shows the BER performance of FSS-OFDM system.
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Fig. 4. BER performance of various coding rates.

Here “w/” in the legend represents “with”. FSS takes better
frequency diversity and hence good BER performance are
obtained without CC. In this study, BER = 10−3 is set as
the threshold to switch the scheme that can obtain suﬃciently
good performance from the viewpoint of BER. By comparing
Figs. 4 and 5, it is possible to obtain SNR ranges for switching
the modulation level and the coding rate from the intersection
point with the determined BER threshold of 10−3 . What is
important here is to optimize full use of spectrum eﬃciency
by FSS. From figures, in the low SNR region smaller than 19.0
dB, it can be confirmed that QPSK and 16QAM with coding
rate of 1/2 are eﬀective. However, in the higher SNR regions,
16QAM, 64QAM and 256QAM with FSS should be applied
from the view point of throughput performance. Therefore,
resultant BER performance to switch AMC and FSS is shown
in Fig. 6. From Fig. 6, QPSK with coding rate 1/2 should be
applied for SNR < 19.0 dB. In the region of 19.0 dB ≤ SNR
< 23.0 dB, 16QAM with coding rate 1/2 is the most suitable.
When the SNR is between 23.0 dB and 24.5 dB, 16QAM with
coding rate 2/3 can be applied. 16QAM for FSS without CC
can be used in the case of 24.5 dB ≤ SNR < 30.0 dB. When
30.0 dB ≤ SNR 37.5 dB, 64QAM applying FSS is utilized.
In regions higher than these SNR, 256QAM is available to
achieve the highest throughput. Table 1 summarizes the SNR
regions to switch AMC and FSS. In this system, AMC is
executed for each OFDM frame.
IV. Throughput Performance Evaluation
Fig. 7 shows the throughput performance of convolutionally
coded QPSK, 16QAM with coding rate of 1/2 and 2/3 (...
w/ coding rate: 1/2 or 2/3) and uncoded 16QAM, 64QAM
and 256QAM with FSS (... w/ FSS) when spreading code
NSF = 64 at Doppler frequency of 10 Hz. In the lower

10

20

30

40

50

60

SNR [dB]
Fig. 5. BER performance of FSS.
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Fig. 6. BER performance of proposed switching AMC and FSS.

SNR region, coded QPSK and 16QAM is eﬀective from the
viewpoint of raising part of the throughput. For this reason,
CC has the error correction capability by redundant bits
according to the coding rate, and it can be confirmed that high
performance can be exhibited even in a poor communication
environment. On the other hand, FSS achieves the better maximum throughput performance than coded scheme in the larger
SNR regime. As mentioned in Fig. 6, the method applying FSS
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TABLE II
Switching Threshold Parameters
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120
conventional AMC
proposal

Modulation

Coding rate

bit/symbol

QPSK

1/2

1

19.0dB ≤ SNR < 23.0dB

16QAM

1/2

2

23.0dB ≤ SNR < 24.5dB

16QAM

2/3

2.7

24.5dB ≤ SNR < 30.0dB

16QAM

–

4

30.0dB ≤ SNR < 37.5dB

64QAM

–

6

37.5dB ≤ SNR

256QAM

–

8

100

Throughput [Mbps]

Threshold
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Fig. 8. Throughput performance of proposed system at Doppler frequency of
10 Hz.
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Fig. 7. Throughput performance at Doppler frequency of 10 Hz.

has the suﬃciently good BER performance without using error
correction. Therefore, the spectral eﬃciency can be maximized
in comparison with the case without using FSS.
Fig. 8 presents the throughput performance of conventional
AMC that utilize QPSK, 16QAM, 64QAM and 256QAM
with coding rate 1/2, 2/3, 3/4 and 5/6 for CC and proposed
AMC/FSS switching method when spreading code is NSF =
64 at a Doppler frequency of 10Hz. The proposed system
optimally switches the conventional OFDM with AMC in the
lower SNR regime and FSS with AM in the higher SNR
regime. From the viewpoint of BER performance, FSS can
exhibit the comparable or superior performance depending on
the conventional FEC scheme due to its frequency diversity.
It can be observed by comparing the results of Figs. 4 and
fig:BER2. Since FEC can flexibly set the coding rate, there
is a region (especially in low SNR) where throughput can
be maximized depending on the coding rate. In the higher
SNR region, advantage of FSS excluding redundancy brings
enhanced throughput performance. As a result, the achievable
throughput can be improved by as much as 35%.
Figs. 9 and 10 represent the throughput performance at
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Fig. 9. Throughput performance at Doppler frequency of 40 Hz.

Doppler frequency is 40 Hz. Here, since performance of
256QAM use is severely aﬀected by Doppler frequency and
is deteriorated, it is excluded for switching. From Fig. 10, the
maximum throughput of proposed system is improved by 31%
compared to the conventional system.
In the conventional 256QAM, as shown in Fig. 4, BER
performances of 256QAM with coding rates of 3/4 and 5/6
cause the error floor because the bits widely distributed on
the spectrum are greatly aﬀected by influence of channel
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40

feature of maximizing achievable throughput performance, but
also has the frequency diversity eﬀect to improve the BER
without FEC. FSS has strong tolerance to Doppler frequency
caused by multipath, thanks to its diﬀusibility. Therefore this
paper aimed to improve the throughput performance by hybrid
use of FSS and conventional AMC. From simulation results,
it can be confirmed that the proposed system can improve
throughput performance especially in higher SNR regions
and its improvement is maximally 35% compared to the
conventional AMC.
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fluctuation according to Doppler frequency. On the other hand,
the FSS keeps error floor to a minimum. FSS has also better
tolerance to Doppler shift eﬀect due to its diﬀusibility. Phase
fluctuation due to Doppler shift is considered to be dispersed
thanks to FSS, so that error rate performance can be improved.
Therefore, the maximum throughput of FSS can outperform
compared to the conventional AMC. In general, the SNR
regime in which parameters are switched varies depending on
various conditions such as link status, user mobility, and packet
size in throughput calculation. Nevertheless, the above results
confirmed that it is eﬀective to use AMC in the low SNR
regime and use FSS in the high SNR regime. Our proposal
can be the valuable solution to fully maximize the throughput
performance for better supporting drastic increase of traﬃc
demands.
V. Discussion: Computation Complexity
In proposed method, the computational complexity is increased because FSS performs matrix multiplication using
orthogonal spreading code. At the transmitter, it requires Nc2
multiplications per OFDM symbol as shown in (3). At the
receiver, in addition to the matrix operation for despreading,
MMSEC is applied to compensate for collapse of orthogonality due to frequency selective fading, and it requires 2 × Nc
multiplications according to (9) and (10). Thus computational
complexity by FSS totally increases by 2Nc (Nc +1) per OFDM
symbol. The increment of these computational amounts depends on the number of subcarriers and FSS blocks. It could
be acceptable for practical implementation.
VI. Conclusion
This paper proposed the adaptive switching strategy on
AMC and FSS for OFDM system. FSS not only has the

[1] J.G. Andrews, S. Buzzi, W. Choi et al., “What will 5G be?", IEEE
J. Sel. Areas Commun., vol. 32, no. 6, pp. 1065–1082, 2014. DOI:
10.1109/JSAC.2014.2328098
[2] F. Boccardi, R. W. Heath, A. Lozano, T. L. Marzetta, P. Popovski, “Five
Disruptive Technology Directions for 5G", IEEE Commun. Mag., vol.
52, no. 2, pp. 74–80, Feb. 2014. DOI: 10.1109/MCOM.2014.6736746
[3] P. H. Moose, “A technique for orthogonal frequency division multiplexing frequency oﬀset correction", IEEE Trans. Commun., vol. 42, no. 10,
pp. 2908–2914, 1994. DOI: 10.1109/26.328961
[4] A. J. Goldsmith, P. P. Varaiya, “Capacity of fading channels with channel
side information", IEEE Trans. Inf. Theory, vol. 43, no. 6, pp. 1986–
1992, 1997. DOI: 10.1109/18.641562
[5] I. B. Djordjevic, “On advanced FEC and coded modulation
for ultra-high-speed optical transmission", IEEE Commun. Surveys
Tuts., vol. 18, no. 3, pp. 1920–1951, 3rd Quart. 2016. DOI:
10.1109/COMST.2016.2536726
[6] M. Taki, M. Rezaee, M. Guillaud, “Adaptive modulation and coding for interference alignment with imperfect CSIT", IEEE Trans.
Wirel. Commun., vol. 13, no. 9, pp. 5264–5273, 2014. DOI:
10.1109/TWC.2014.2342732
[7] A. Ghazisaeidi, “52.9 tb/s transmission over transoceanic distances using
adaptive multi-rate FEC", Eur. Conf. Optical Communications, 2014.
DOI: 10.1109/ECOC.2014.6964267
[8] A. Goldsmith, “ Adaptive Modulation and Coding for fading Channels",
IEEE Proceedings of the Information Theory and Communications
Workshop, 1999. DOI: 10.1109/ITCOM.1999.781396
[9] Q. Liu, S. Zhou, G. B. Giannakis, “Cross-layer combining of adaptive
modulation and coding with truncated ARQ over wireless links," IEEE
Trans. Wirel. Commun., vol. 3, no. 5, pp. 1746–1755, 2004. DOI:
10.1109/TWC.2004.833474
[10] S. K. Ahn, K. Yang, “Adaptive modulation and coding schemes
based on LDPC codes with irregular modulation," IEEE
Trans. Commun., vol. 58, no. 9, pp. 2465–2470, 2010. DOI:
10.1109/TCOMM.2010.080310.090176
[11] J. She, J. Mei, J. Ho, P. H. Ho, H. Ji, “Layered Adaptive Modulation
and Coding for 4G Wireless Networks,” IEEE Global Telecommunications Conference, pp. 1–6, Miami, Dec. 2010. DOI: 10.1109/GLOCOM.2010.5683680
[12] S. Chung, A. Goldsmith, “Degrees of freedom in adaptive modulation:
A unified view," IEEE Trans. Commun., vol. 49, no. 9, pp. 1561–1571,
2001. DOI: 10.1109/26.950343
[13] X. Qiu, K. Chawla, “On the performance of adaptive modulation in
cellular systems," IEEE Trans. Commun., vol. 47, no. 6, pp. 884–895,
1999. DOI: 10.1109/26.771345
[14] Y. Taesang, R. J. Lavery, A. Goldsmith, and D. Goodman, “Throughput
Optimization using Adaptive Techniques", Technical Report, Wireless
Systems Lab, Stanford University, 2004.
[15] C. J. Ahn, H. Harada and Y. Kamio, “Superimposed Frequency Symbol Based Adaptive Downlink OFDM with Frequency Spreading and
Equalization," IEICE Transactions on Communications, vol. E89-B, no.
2, pp. 500–508, Feb. 2006. DOI: 10.1093/ietcom/e89-b.2.500
[16] C. J. Ahn, “Reinforced multiuser diversity using frequency symbol
spreading and adaptive subcarrier block selection for OFDMA," IEICE
Technical Report, vol. 109, no. 266, CS2009–44, pp. 13–18, Nov. 2009.

S. KOJIMA et al.: THROUGHPUT MAXIMIZATION BY ADAPTIVE SWITCHING

[17] A. P. T. R. da Silva, J. M. C. Brito, “Influence of the Channel Model in
the Optimum Switching Points in a Cognitive Radio Network Combined
with Adaptive Modulation", IEEE 3rd International Symposium on
Networks Computers and Communications (lSNCC), pp. six pages, May
2016. DOI: 10.1109/ISNCC.2016.7746057
[18] C. J. Ahn and I. Sasase, “The eﬀects of modulation combination, target
BER, Doppler frequency, and adaptation interval on the performance
of adaptive OFDM in broadband mobile channel," IEEE Transactions
on Consumer Electronics, vol. 48, no. 1, pp. 167–174, Feb. 2002. DOI:
10.1109/TCE.2002.1010107
[19] N. J. Borkar, D. S. Bormane, “BER Performance of OFDM System
with Adaptive Modulation", IEEE International Conference on Complex
Systems (ICCS), 2012. DOI: 10.1109/ICoCS.2012.6458547
[20] W. T. Webb, R. Steele, “Variable rate QAM for mobile radio",
IEEE Trans. Commun., vol. 43, pp. 2223–2230, July 1995. DOI:
10.1109/26.392965
[21] J. H. Winters, J. Salz, “Upper bounds on the bit-error rate of optimum
combining in wireless systems", IEEE Trans. Commun., vol. 46, pp.
1619–1624, Dec. 1998. DOI: 10.1109/26.737400
[22] S. Kojima, T. Akao, K. Watanabe, M. Katsuno, K. Maruta, C. J. Ahn,
“Adaptive Switching Method with AMC and FSS”, 2018 26th International Conference on Software, Telecommunications and Computer
Networks (SoftCOM), Sep. 2018.
[23] L. Wan, H. Zho, X. Xu, Y. Huang, S. Zhou, Z. Shi, J. H. Cui,
“Adaptive modulation and coding for underwater acoustic OFDM,”
IEEE J. Ocean. Eng., vol. 40, no. 2, pp. 327–336, Apr. 2015. DOI:
10.1109/JOE.2014.2323365
[24] A. Tsakmalis, S. Chatzinotas, and B. Ottersten, “Modulation and coding classification for adaptive power control in 5g cognitive communications,” Signal Processing Advances in Wireless Communications
(SPAWC), 2014 IEEE 15th International Workshop on, pp. 234–238,
June. 2014. DOI: 10.1109/SPAWC.2014.6941505
[25] Y. Zhang, I. B. Djordjevic, “Staircase rate-adaptive LDPC-coded modulation for high-speed intelligent optical transmission”, 2014 Opt. Fiber
Commun. Conf. Exhib., 2014. DOI: 10.1364/OFC.2014.M3A.6
[26] J. Yoon, H. Zhang, S. Banerjee, S. Rangarajan, “Video Multicast With
Joint Resource Allocation and Adaptive Modulation and Coding in 4G
Networks”, IEEE/ACM Transactions on Networking, vol. 22, no. 5, pp.
1531–1544, Oct. 2014. DOI: 10.1109/TNET.2013.2279887
[27] K. M. S. Soyjaudah, B. Rajkumarsingh, “Adaptive coding and modulation using reed Solomon codes for rayleigh fading channels”, EUROCON’2001 Trends in Communications International Conference, vol. 1,
pp. 50–53, Jul. 2001. DOI: 10.1109/EURCON.2001.937761
[28] G. D. Forney, “The Viterbi Algorithm," Proc. of the IEEE, vol. 61, no.
3, pp. 268–278, Mar. 1973. DOI: 10.1109/PROC.1973.9030
[29] A. J. Viterbi, “Error Bounds for Convolutional Codes and an Asymptotically Optimum Decoding Algorithm," IEEE Trans., vol. 13, pp. 260–269,
1967. DOI: 10.1109/TIT.1967.1054010
[30] J. Hagenauer, P. Hoeher, “A Viterbi algorithm with soft-decision outputs
and its applications," Proc. Globecom’ 89, vol. 3, pp. 47.1.1–47.1.7, Nov.
1989. DOI: 10.1109/GLOCOM.1989.64230
[31] F. Chang, K. Onohara, T. Mizuochi, “Forward error correction for 100 G
transport networks", IEEE Commun. Mag., vol. 48, no. 3, pp. S48–S55,
Mar. 2010. DOI: 10.1109/MCOM.2010.5434378

339

Shun Kojima received the B.E. degree in the
department of electrical and electronic engineering
from Chiba University, Japan in 2017. His research
topics are MIMO, cooperative communications and
adaptive modulation. Currently, he is a student of the
graduate school of engineering, Chiba University.

Kazuki Maruta received the B.E., M.E., and Ph.D.
degrees in engineering from Kyushu University,
Japan in 2006, 2008 and 2016, respectively. From
2008 to 2017, he was with NTT Access Network
Service Systems Laboratories and was engaged in
the research and development of interference compensation techniques for future wireless communication systems. He is currently an Assistant Professor in the Graduate School of Engineering, Chiba
University. His research interests include OFDM,
MIMO, adaptive array signal processing, channel
estimation, and medium access control protocols. He is a member of the IEEE,
Institute of Electronics, Information and Communication Engineers (IEICE)
and the Institute of Electrical Engineers of Japan (IEEJ). He received IEICE
Young Researcher’s Award in 2012, IEICE Radio Communication Systems
(RCS) Active Researcher Award in 2014, Asia-Pacific Microwave Conference
(APMC) 2014 Prize, IEICE RCS Outstanding Researcher Award in 2018 and
he was co-recipient of the IEICE Best Paper Award in 2018.

Chang-Jun Ahn received the Ph.D. degree in the
Department of Information and Computer Science
from Keio University, Japan in 2003. From 2001
to 2003, he was a research associate in the Department of Information and Computer Science, Keio
University. From 2003 to 2006, he was with the
Communication Research Laboratory, Independent
Administrative Institution (now the National Institute
of Information and Communications Technology). In
2006, he was on assignment at ATR Wave Engineering Laboratories. In 2007, he was a lecturer in the
Faculty of Information Sciences, Hiroshima City University. He is currently
a professor in the Graduate School of Engineering, Chiba University. His
research interests include OFDM, MIMO, digital communication, channel
coding, signal processing for telecommunications and wireless power transfer.
He once served as an associate editor for Special Section on Multi-dimensional
Mobile Information Network for the IEICE Trans. on Fundamentals. From
2005 to 2006, he was an expert committee member for emergence communication committee, Shikoku Bureau of Telecommunications, Ministry of
Internal Aﬀairs and Communications (MIC), Japan. Dr. Ahn received the
ICF research grant award for Young Engineer in 2002, the Funai Information
Science Award for Young Scientist in 2003, and the Distinguished Service
Award from Hiroshima City in 2010. He is a senior member of IEICE and
IEEE.

