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Abstract: The Single-Carrier Frequency Division Multiple Access (SC-FDMA) system is a popular system in mobile 

communication systems because of its advantage of low Peak-to-Average-Power- Ratio (PAPR), and the use of 

frequency-domain equalizers techniques to reduce Inter-Symbol Interference (ISI) and Inter-Carrier Interference (ICI). 

This paper presents a comprehensive study of the SC-FDMA system with PAPR reduction using clipping and filtering in 

the presence of channel estimation errors for two different versions of SC-FDMA adopting the FFT and the DCT. The 

effect of peak power reduction and the channel estimation error on the system Bit Error Rate (BER) is investigated. 

Simulation results have proved that the BER performance is not much affected by the PAPR reduction. 
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I.    INTRODUCTION 

In the earlier part of this century, some people wanted to emulate with each other. So, scientists discovered a telephone to 

enable them to communicate over large distances at a reasonable cost for the very first time. Thus, the demand for high-

data-rate transmissions over bandwidth and power limited wireless channels was increased. So, researchers thought of a 

multicarrier technique named Orthogonal Frequency Division Multiplexing (OFDM) [1], which is commonly used for 

transmission of signals over the wireless channels [2]. This technique divides the available spectrum into a number of 

orthogonal sub-channels, each one being modulated by a low-rate data stream. This system avoids Inter-Symbol 

Interference (ISI) and Inter-Carrier Interference (ICI), but its disadvantage is that it has a large Peak-to-Average Power 

Ratio (PAPR), and we can think in reducing this issue by using Single-Carrier Frequency Division Multiple Access (SC-

FDMA). 

The Single-Carrier Frequency Division Multiple Access (SC-FDMA) is one of the Long Term Evaluation (LTE) standards 

for the uplink. For this reason, it is used to permit the utilization of an efficient power amplifier in order to save battery 

life [3]. Moreover, LTE expands the spectrum utilized to 20 MHz and increases system capacity. The single carrier nature 

of SC-FDMA produces low PAPR [4], increases the data rate and reduces the Bit Error Rate (BER) leading to an increase 

in Signal-to-Noise Ratio (SNR). 

It is proved that in [5,6] that the large PAPR can push the Power Amplifiers (PAs) at the transmitter into saturation. So, 

interference will occur between the subcarriers which affects the BER performance and the spectrum of the signal 

deteriorates. Minimizing the average power of the signal might lead the PA to enter saturation. Therefore, this solution 

minimizes the SNR, and so the BER performance may deteriorate [5]. 

One of the best solutions to the PAPR problem is to utilize a transmit Power Amplifier (PA) with large enough linearity 

range and suitable back-off operating point. Several other schemes of PAPR reduction can be categorized into three major 

classes [7]; signal distortion mechanisms, multiple signaling and probabilistic mechanisms; and coding mechanisms. In 

this paper, we extend the application of the clipping and filtering technique to the SC-FDMA system for PAPR reduction. 

We investigate the effect of channel equalization in the presence of channel estimation error and PAPR reduction to 

develop an integrated framework for the operation of the SC-FDMA system in a real scenario. 

 

II. SC-FDMA SYSTEM 

The Third Group Project Partnership (3GPP) LTE is a driving force in the mobile communication industry. For high-data-

rate wireless communications, multiuser (MU) transmission can be achieved through Orthogonal Frequency Division 

Multiple Access (OFDMA) and/or SC- FDMA. OFDMA has been chosen on the LTE downlink because of the spectral 

efficiency and robustness that it offers in the presence of multipath propagation [8]. This immunity is a direct result of the 

narrowband transmissions that occur on each of the orthogonal subcarriers [9]. The block diagram of the SC-FDMA 

system is illustrated in Figure 1. 
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Figure 1: Simplified block diagram of the LTE SC wireless. 

 

The SC-FDMA has a Discrete Fourier Transform (DFT) module and an Inverse Discreet Fourier Transform (IDFT) 

module, respectively in its transmitter and receiving ends. Signals are modulated and encoded, thereafter converted into 

multipath parallel signals through a serial to parallel transformation. Subcarriers mapping is applied after N points DFT. 

Multipath signals become a serial signal after parallel-to-serial transformation and M points IDFT, then Cyclic Prefix (CP) 

is added to the signal. Finally, the signal is transmitted over the wireless channel after Digital-to-Analogue Conversion 

(DAC) and Radio Frequency (RF). The receiving end has an opposite process. Figure 2 shows the SC-FDMA system 

with normal CP. The time-domain frame structure of SC-FDMA has a 10 ms length and it is equally divided into 20 time 

slots, each slot is 0.5ms, and it has 7 SC-FDMA symbols, while each slot has 12 sub-carriers, and each subcarrier 

bandwidth is 15 kHz in frequency domain [10]. 

 

 

 
 

Figure 2: SC-FDMA transmit-receive system.
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III. FAST FOURIER TRANSFORM BASED SC-FDMA 

 

The FFT is a building block of the SC-FDMA system. It is expressed as follows: 
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where M is the FFT length. After Inverse Fast Fourier Transform (IFFT), the signal can be expressed as follows (Figure 3): 
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Figure 3: block diagram of the DFT-SC-FDMA system. 

 

3.1. AT Transmitter 

At the transmitter, the data is modulated through the modulator and then DFT is applied. The sub-carrier mapping has two methods 

localized and distributed mapping methods. The localized mapping method is usually used in LTE. Each user’s data is transmitted 

with consecutive subcarriers, while in the distributed mapping method transmission; the user’s data is transmitted with distributed 

subcarriers [11]. Then, the IFFT is applied on the output of mapping. After that, cyclic prefix is added to each symbol to prevent ISI 

and ICI. At the end of transmission, the data is converted from parallel to serial and converted from digital to analog to be suitable for 

RF radio transmission. 

At the receiver, we make the inverse operation when receiving the RF radio signal. We convert it from analog to digital and from 

serial to parallel conversion, and then remove the cyclic prefix. After that, we apply on each symbol the subcarrier de-mapping. As 

well as, we apply equalization on the data to compensate for the loss that occurs on the channel. Finally, we apply IDFT and 

demodulator on the data to produce the original signal. 

 

IV. DISCRETE COSINE TRANSFORM BASED SC-FDMA (DCT-SC-FDMA) 

 
The Discrete Cosine Transform (DCT) is a real-valued transform as it uses real arithmetic operations [11]. Then the DCT transform 

for a sampled signal x(α) , can be written as:        
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β(k) can be expressed as follows [9,8]: 
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The discrete time signal can be reconstruction via the Inverse Discrete Cosine Transform (IDCT) using the following relation 

[12,13]: 
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The DCT can be used instead of the FFT to facilitate the operation based on real arithmetic. Figure 4 introduces a system employing 

the DCT-SC-FDMA for multi-user communication with a central connection by different multipath fading channels. At the 

transmitter side, the modulated symbols are combined into blocks, each including N symbols, and an N-point DCT is performed. 

Then, the subcarriers are mapped. After that, the M-point IDCT is performed. At the receiver, frequency-domain equalization is 

applied [14-17]. 

 

 
Figure 4: Structure of DCT-SC-FDMA system over a frequency-selective channel. 

 

V. CHANNEL ESTIMATION AND EQUALIZATION 

 

This is the physical medium (free space, fiber, waveguides etc.) between the transmitter and the receiver through which the signal 

propagates [18]. So, we use equalization at the receiver to estimate the channel impulse response and explain the behavior of the 

channel. The channel behavior is well-used in modern radio communications. As a result, some algorithms are used to measure the 

behavior of the channel such as Minimum Mean Square Error (MMSE) estimator and Zero Forcing (ZF) estimator as shown in 

Figure 5. 

 

 
 

Figure 5: Block diagram for a system utilizing channel estimator and detection. 

The minimum mean square error (MMSE) estimator employs the second order statistics of the channel conditions to minimize the 

mean-square error. The estimation based on the MMSE gauge is used to enhance accuracy with the information of channel 

estimation. The algorithm can be written in frequency domain as follows [19]: 
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e is the variance of additive white Gaussian noise, 𝑅𝐻𝐻 =𝐸𝐻𝐻𝐻 is the autocorrelation matrix about channel response. 

  

As a result, the frequency domain MMSE estimator can be written as: 

 

  2 1 1 .H

mmse HH HH e lsh R R xX h     

 

Zero-forcing (ZF) detection is the simplest signal detection technique that is used to extract the transmitted signal. The dis-advantage  

of  this  technique is that it  doesn't  make  correlation of the transmitter and the receiver, thus the highest error occurs. It cannot 

totally remove the inter-symbol interference. ZF is less complex compared to the other mechanisms [20]. The mean square error 

between equalized signal and the main sign will be eliminated by using equalizer coefficients E(z) (Figure 6) [21]. 

 

The zero forcing (ZF) detection is 

 

E(z)=1/H(z)., z=0,1,2,……………,N-1                                              (9) 

 

where H(z) is the transfer function of the channel. 

 

 
 

Figure 6: The process of channel equalization. 
 

The equalizer is the inverse of the channel impulse response, linearly, because the channel characteristics may be unknown or 

variable with time. So, the aim of the equalizer is to reduce inter- symbol interference (ISI) to permit restoration of the transmit signs 

[22]. Moreover, the best equalizer structure is to be adaptive in nature. Classical equalization techniques employ a pre-assigned time 

slot (periodic for the time varying situation) where a training signal, known in anticipation by the recipient, is transmitted [23]. Zero 

forcing is a step-wise equalizer algorithm used in communication systems which applies the inverse of the channel frequency 

response to the received signal to restore the signal after the channel [24]. 

The aim of zero forcing is to damage inter symbol interference to zero in a noise free case, and we can express ZF in the following 

equation: 

 
 
1

c z
F z

              (10) 

Where C(z) is a zero forcing equalizer, F(z) is a channel with frequency response (Figure 7). 
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Figure 7: Zero Forcing Equalizer. 

 

The minimum mean squared error (MMSE) equalizer is used to reduce ISI and additive noise effects. Once the SNR has increased 

values, the MMSE equalizer works as the Zero Forcing does, but when the SNR has lower values, the noise is enhanced [18]. 

 

 
 

Figure 8: MMSE equalizer. 
 

The variance between the two techniques in the case of deep null appears in the frequency response of the channel. The MMSE 

equalizer does not amplify the received signal just multiplying for the inverse of the channel (Figure 8). 

 

VI. CLIPPING AND FILTERING 

 

Clipping and filtering is an efficient PAPR reduction technique. The clipped signal is given by [23], 
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where x[n] is the original signal, and CL is the clipping level. 

 

We consider the clipping process as a source of noise because is a nonlinear. As a result, the distortion occurs in-band and out of-

band [24]. First, in-band distortion can break down the BER performance and cannot be reduced by filtering. Nevertheless, 

oversampling by taking for a longer time IFFT can reduce the in-band distortion effect as portion of the noise is reshaped outside the 

signal band that can be rejected later by filtering [23]. Second, the out of band distortion causes spectral spreading that beats on to 

enhance BER rate performance by using filtering on the clipped signal. 

 

 

6.1. The proposed SC-FDMA system 
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Figure 9: The proposed SC-FDMA with Clipping and filtering system. 

 

The main objective in this paper is to enhance the SC-FDMA system performance by applying PAPR reduction simultaneously with 

channel equalization in the presence of channel estimation error (Figure 9). 

 

6.2. Simulation Results 

Simulation experiments have been carried to test the suggested framework for SC-FDMA system implemented with both FFT and 

DCT. The BER is used as the evaluation metric after PAPR reduction and channel estimation and equalization. The Vechular A, 

Uniform, and SUI3 channel models have been considered. QPSK modulation, FFT or DCT size of N=512, and code rate=0.5 have been 

adopted. Simulation results are illustrated in Figures 10-15. Simulation results reveal that although the PAPR reduction is achieved 

with the clipping and filtering method, we can maintain an acceptable BER performance through the utilization of channel 

estimation and efficient implementation of frequency domain equalization (Tables 1-6). 
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(b) 

 

Figure 10: FFT results with Vech A channel (a) Clipping and filtering (b) Clipping only. 
 

 

CR value BER value (previous) BER value (proposed) Percentage 

enhancement 

0.8 0.2085 0.141 32.4% 
1 0.235 0.0951 59.5% 

1.2 0.235 0.085 63.8% 

1.4 0.235 0.0896 61.9% 

1.6 0.235 0.0977 58.4% 

 

 Table 1: The measured BER values at SNR=6dB. 
 

 
 

                             (a)                                                                                  (b). 

Figure 11: FFT results with uniform channel, a) Clipping and filtering b) Clipping only.    
 

CR value BER value (previous) BER value (proposed) Percentage enhancement 

0.8 0.155 0.0930 40% 

1 0.1888 0.0474 74.9% 

1.2 0.1888 0.0424 77.5% 

1.4 0.1888 0.0545 71.1% 

1.6 0.1888 0.0725 61.6% 

 

Table 2: The measured BER value at SNR=6dB. 
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(a)  

(b)  

 

Figure 12:  FFT results with SUI3 channel (a) Clipping and filtering (b) Clipping only. 
 

CR value BER value (previous) BER value (proposed) Percentage enhancement 

0.8 0.1578 0.3066 -94.3% 

1 0.2315 0.1923 16.9% 

1.2 0.2315 0.1854 27.7% 

1.4 0.2315 0.2166 6.4% 

1.6 0.2315 0.2548 -10.1% 

 

Table 3: The measured BER value at SNR=6dB. 
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(b) 

Figure 13: DCT results with Vech A channel (a) Clipping and filtering (b) Clipping only. 
 

 

CR value BER value (previous) BER value (proposed) Percentage enhancement 

0.8 0.0599 0.06139 -9.2% 

1 0.0484 0.0440 9.1% 

1.2 0.0484 0.0339 29.96% 

1.4 0.0484 0.0301 37.8% 

1.6 0.0484 0.0307 36.6% 

 

Table 4: The measured BER value at SNR=6dB. 

 

 
(a) 

 
(b) 

 

Figure 14: DCT results with Uniform channel (a) Clipping and filtering (b) Clipping only. 
 

CR value BER value (previous) BER value (proposed) Percentage enhancement 
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0.8 0.0332 0.0132 60.2% 

1 0.0298 0.00844 71.7% 

1.2 0.0298 0.00557 81.3% 

1.4 0.0298 0.00508 82.95% 

1.6 0.0298 0.00533 82.1% 

 

Table 5: The measured BER value at SNR=6dB. 

 

 
                            (a)                                                                                   (b) 

 

Figure 15: DCT results with SUI3 channel (a) Clipping and filtering (b) Clipping only. 
 

CR value BER value (previous) BER value (proposed) Percentage enhancement 

0.8 0.0093 0.00664 28.6% 

1 0.00946 0.00426 54.97% 

1.2 0.00946 0.00180 80.97% 

1.4 0.00946 0.00156 83.5% 

1.6 0.00946 0.00205 78.3% 

 

Table 6: The measured BER value at SNR=6dB. 

 
VII. CONCLUSION 

This paper presented a unified framework for SC-FDMA based on PAPR reduction and channel estimation and equalization. We 

have investigated the power reduction in SC-FDMA system and its effect of the system BER performance. We have investigated two 

different versions of OFDM with channel estimation and equalization. Simulation results have revealed that through clipping and 

filtering, we can maintain a good BER performance in the SC-FDMA scenario by applying a reliable channel estimation and 

equalization approach. 
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