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Abstract—Cooperative communications obtain the
transmission and channel diversity gains by using the relay
node. However, since the redundancy signal is transmitted
to obtain the transmission diversity gain, the transmission
rate is degraded. Moreover, since cooperative communi-
cations include the interference in the relay node, the gain
is degraded. The packet splitting has been proposed based
on the channel state information (CSI) of the time domain
to obtain the good system performance. In this paper, we
propose the combination method with the packet splitting
and the adaptive modulation based on the CSI of the time
domain to improve the bit error rate (BER) and through-
put performances for cooperative orthogonal frequency di-
vision multiplexing (OFDM) systems.

1. Introduction

The diversity gain technique is very important to im-
prove the system performance and has been proposed in
many fields [1], [2]. In multiple-input multiple-output
(MIMO) systems, the transmission and channel diversity
gains are obtained by using several transmitted antennas
[1]. Similarly, cooperative communications obtain also
these diversity gains by using the relay node since there are
three links between the source and relay (S R), source and
destination (S D), and relay and destination (RD) nodes [2].
On the other hand, cooperative communications degrade
the system performance compared with MIMO systems
since they include the interference in the relay node. There-
fore, in cooperative communications, the relay method is
important. In [2], the relay method has been proposed and
this paper adapts the decode-and-forward (DF) which is de-
tected the received signal in the relay node and is transmit-
ted to the destination node.

To obtain the transmission diversity gain, the conven-
tional cooperative communications transmit the same sig-
nal to the S D and S R links. On the other hand, since this
operation degrades the transmission rate, the packet split-
ting has been proposed [3]-[5]. The packet splitting divides
a packet based on the channel state information (CSI) and
obtains the good channel diversity gain and prevents a burst
error. [4] and [5] have proposed the packet splitting for co-
operative communications, but [5] requires many feedback
information (FBI) since it needs the CSI for each subcar-

rier channel. To overcome this problem, [4] have proposed
the simple the packet splitting for cooperative communica-
tions which divides a packet based on the CSI of the time
domain. Since the CSI of the time domain becomes a con-
stant in the case of a small Doppler frequency, the number
of FBI becomes only one. Moreover, the adaptive modu-
lation has been proposed to improve the transmission rate
and to keep the BER performance [5], [6]. The adaptive
modulation changes the modulation level based on the CSI.
However, [5] and [6] require also the CSI of each subcar-
rier channel and many FBI. Therefore, in this paper, we
propose the combination method with the packet splitting
and the adaptive modulation based on the CSI of the time
domain for cooperative orthogonal frequency division mul-
tiplexing (OFDM) systems. This paper explains the coop-
erative OFDM systems in Section II. Then, the proposed
packet splitting and adaptive modulation presented, and the
computer simulation results are shown in Section III and
IV. Finally, the conclusion is given in Section V.

2. Cooperative OFDM Systems

2.1. Channel Model

In the L discrete paths propagation channel with the dif-
ferent delay time, we assume the channel impulse response
for the kth node as

hk(τ) =
L−1∑
l=0

hk,lδ(τ − τk,l), (1)

where hk,l is the complex channel gain which satisfies∑L−1
l=0 E|h2

k,l| = 1, E| · | is the ensemble average operation,
and τk,l is the delay time. After the fast Fourier transform
(FFT) operation, the channel response is obtained as

Hk( f ) =

∫ ∞
0

hk(τ) exp(− j2π f τ)dτ

=

L−1∑
l=0

hk,l exp(− j2π f τk,l). (2)

2.2. Cooperative OFDM Systems

Figure. 1(a) shows the structure of the source node. The
binary data signal is generated, and the channel coding with
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Figure 1: The block diagram of the proposed system.

the interleaving is performed. After the serial-to-parallel
(S/P) conversion, the coded signal is modulated by the
adaptive modulation which will be explain in Section 3.
The time domain transmitted signal matrix is given by us-
ing the inverse FFT (IFFT) operation as

xk =

Nk−1∑
i=0

√
2S
Nc

Xiw−1, k =
{

0 for S D
1, 2, · · · ,K for S R, (3)

where S is the average transmission power, Nc is the num-
ber of subcarriers, Xi is the frequency transmitted signal
matrix for the ith symbol after the adaptive modulation, w
is the FFT matrix, (·)−1 is the inverse operation, and K is the
number of relay nodes. Nk is the number of symbols after
the packet splitting which will also be explain in Section 3.
After the guard interval (GI) insertion and the parallel-to-
serial (P/S) conversion, the time domain signal xk is trans-
mitted to the relay and destination nodes.

Fig. 1(b) shows the structure of the relay node. The
time domain received signal matrix for the kth relay node
is given by

yk = hkxk + zk, (4)

where hk is the matrix form of the channel impulse re-
sponse hk(τ) and zk is the additive white Gaussian noise
(AWGN) matrix for a single sided power spectral density
ofN0. After the S/P conversion and the GI elimination, the
frequency domain received signal matrix is given by the
FFT operation as

Yk,i =

√
2S
Nc

ykw =
√

2S
Nc

Hk,iXk,i + Zk,i, (5)

where Hk,i is the matrix form of the channel response
Hk( f ), Zk,i is the AWGN matrix for zero-mean and vari-
ance of 2N0/Ts, and Ts is the effective symbol length. In
this paper, since the relay method adapts the decode-and-
forward (DF), the frequency domain received signal matrix
Yk,i is equalized by using the zero-forcing (ZF) as

X̃k,i = H−1
k,i Yk,i. (6)

The equalized signal matrix X̃k,i is converted to the time
domain signal matrix x̃k as shown in Eq. (3) and is trans-
mitted to the destination node.

Fig. 1(c) shows the structure of the destination node and
its time domain received signal matrix is given by

y = h0x0 +

K∑
k=1

hkx̃k + z =
K∑

k=0

hkxk + z̃, (7)

where z̃ and z are the AWGN matrices with and without
the detection error of the relay node, respectively. The time
domain received signal y is processed as shown in Eqs. (5)
and (6) as

Yi =

√
2S
Nc

yw =
√

2S
Nc

K∑
k=0

Hk,iXk,i + Z̃i

=

√
2S
Nc

HiXi + Z̃i (8)

and
X̂i = H−1

i Yi, (9)

where Z̃i is the AWGN matrix. After the demodulation and
the P/S conversion, the detected signal X̂i is returned to the
binary data signal.

3. Proposed Packet Splitting and Adaptive Modulation

3.1. Packet Splitting

For the case of a small Doppler frequency, the power
for the CSI of time domain becomes a constant. By using
this characteristic, we define its power for S D, S R, and RD
links as λS D, λk,S R, and λk,RD. Firstly, the proposed method
combines λk,S R and λk,RD to consider simply as

λk = (1 − α)λk,S R + αλk,RD, (10)

where α is the weight between S R and RD links. Next,
the proposed method decides the number of symbols Nk for
Eq. (3). The proposed method gives the number of symbols
for S D link as

N0 =

K∑
e=1

N
⌊
ωλS D

λS D + λe

⌋
, (11)

where N is the total number of symbols as
∑K

k=0 Nk and ω is
the weight between S D and S R to RD links, and bζc stands
for the integer lower and closer to ζ. Moreover, the number
of symbols for kth S R and RD links is given by

Nk =

K2∑
e2=0

K∑
e1=1

(N − Ne2)
⌊
λk

λe1

⌋
, (12)

where K2 is the number of decided symbols.

3.2. Adaptive Modulation

In this paper, the adaptive modulation for the proposed
method consists of a quadrature phase shit keying (QPSK),
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a 8 phase shit keying (8PSK), and a 16 quadrature ampli-
tude modulation (16QAM). Moreover, since it is achieved
by using the same CSI for the packet splitting, the ad-
ditional FBI is not required. For the S D link, the pro-
posed method decides the modulation level of the fre-
quency transmitted signal matrix Xi for Eq. (3) as

Xi =


Xi,4bit for Th1 ≥ λS D

Xi,3bit for Th2 ≤ λS D < Th1
Xi,2bit otherwise,

(13)

where Th1 and Th2 are the thresholds between a 16QAM
and a 8PSK, a 8PSK and a QPSK, respectively, and Xi,4bit,
Xi,3bit, and Xi,2bit are the modulated signal matrices for a
16QAM, a 8PSK, and a QPSK, respectively. Similarly, the
adaptive modulated signal matrix for the S R link is also
given by

Xi =


Xi,4bit for Th1 ≥ λk

Xi,3bit for Th2 ≤ λk < Th1
Xi,2bit otherwise.

(14)

4. Computer Simulation Results

In this section, we evaluate the system performance of
the proposed method by using the computer simulation. In
this simulation, the system model and the parameter are
shown in Figure 1 and Table 1. In the source node, the
original bit data is generated and is coded by the convo-
lutional code (rate R = 1/2 and constrain length K = 7)
with the interleaving. After the S/P conversion, the paral-
lel signal is modulated. The proposed method adapts the
adaptive modulation which consists of a QPSK, a 8PSK,
and a 16QAM based on Eqs. (13) and (14). The modu-
lated signal converts the time domain signal by the IFFT
operation, and its signal inserts the GI and converts the P/S
mode. Here, the proposed method adapts also the packet
splitting based on Eqs. (11) and (12). From [4], we define

Table 1: Simulation parameters.
Data modulation QPSK, 8PSK, 16QAM
Data detection ZF

Symbol duration 4 µs
Nuber of data symbols 80
Number of subcarriers 64
Number of relay nodes 2

FFT size 64
Guard interval 16 sample times

Path model 7 paths Rayleigh fading
Channel estimation Perfect

FEC Convolutional code
(R = 1/2, K = 7)

Weight (α,ω) = (0.3, 1)

the weights α and ω as (α,ω) = (0.3, 1). The time domain
signal after the packet splitting is transmitted to the two
relay and one destination nodes via a propagation channel
with a 7 paths Rayleigh fading. In the relay node, the re-
ceived signal is transmitted to the destination node by the
DF whose equalization is the ZF. In the destination node,
the received signal converts the S/P mode and eliminates
the GI. The time domain received signal which combines
the divided signal for the packet splitting is converted to the
frequency domain signal by the FFT operation and is de-
tected by the ZF. The detected signal is demodulated based
on the adaptive modulation and converts the P/S mode. Af-
ter the deinterleaving, its signal is decoded by the Viterbi
decoding algorithm and the bit signal is output.

The throughput is defined as

Ttp =
NcCR

T
(1 − Pper), (15)

where C is the modulation level, T is the symbol duration,
and Pper is the packet error rate (PER). From Eq. (15) and
Tab. 1, the maximum throughput for a QPSK, a 8PSK, and
a 16QAM is 16, 24, 32 Mbps, respectively. Tab. 2 shows
the relation of the throughput between Th1 dB and Th2 dB
in Eb/N0 = 25 dB. The value of Tab. 2 is derived by using
the computer simulation. This means that the value of the
throughput is changed by selecting the different threshold.
This paper adapts the threshold as (Th1, Th2) = (0,−5) and
(30, 0). (Th1,Th2) = (30, 0) means the middle value of the
maximum throughput between a QPSK and a 8PSK, and
(Th1,Th2) = (0,−5) means also the middle value of the
maximum throughput between a 8PSK and a 16QAM.

Fig. 2 shows the throughput versus Eb/N0 for the packet
splitting and the proposed method. The QPSK, 8PSK, and
16QAM with the packet splitting show the good through-
put performance in Eb/N0 < 14, 14 ≤ Eb/N0 < 17,
and Eb/N0 ≥ 17, respectively. The proposed method for
(Th1,Th2) = (30, 0) and (0,−5) shows the middle through-
put performance between the QPSK and the 8PSK, the
8PSK and the 16QAM, respectively. This is because the
proposed method selects the middle value of the throughput
from Tab. 2. For the maximum throughput, the proposed

Table 2: The relation of the throughput between Th1 dB
and Th2 dB in Eb/N0 = 25 dB.

Th1�Th2 -10 -5 0 5
-10 31.81 – – –
-5 31.44 31.05 – –
0 28.60 28.19 25.28 –
5 24.10 23.72 20.78 16.33
10 23.87 23.49 20.66 16.15
15 23.86 23.48 20.64 16.14
20 23.86 23.48 20.63 16.13
25 23.86 23.48 20.62 16.13
30 23.86 23.48 20.62 16.13
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Figure 2: The throughput versus Eb/N0 for the packet split-
ting and the proposed method.

method for (Th1,Th2) = (30, 0) and (0,−5) improves about
25 % compared with the QPSK and the 8PSK, respectively.

Fig. 3 shows the BER versus Eb/N0 for the QPSK
(SISO), the packet splitting, and the proposed method. The
BER of the QPSK with the packet splitting shows about
2 dB gain compared with the QPSK for SISO since the
packet splitting obtains the good channel diversity gain and
prevents a burst error. The BER of the proposed method
for (Th1,Th2) = (30, 0) shows about 1 dB gain com-
pared with the QPSK for SISO and the 8PSK with the
packet splitting. This is because the proposed method for
(Th1,Th2) = (30, 0) has the effect of the QPSK with the
packet splitting strongly. Similarly, the BER of the pro-
posed method for (Th1,Th2) = (0,−5) shows also about
1 dB gain compared with the 16QAM with the packet split-
ting since it has the effect of the 8PSK with the packet split-
ting strongly.

5. Conclusion

In this paper, we have proposed the combination method
with the packet splitting and the adaptive modulation based
on the CSI of the time domain for cooperative OFDM sys-
tems. The proposed method achieves the packet splitting
to improve the BER performance and the adaptive modu-
lation to improve the transmission rate based on the same
CSI. From the computer simulation results, the proposed
method has shown the good BER and throughput perfor-
mances by adjusting the threshold Th1 and Th2.
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