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 The research in wireless communication has developed rapidly for the last 

decades as a result of raising the demand for efficient data transmission with 

more security and accuracy. This paper proposed a system based on the 

special multiplexing (SM) technique and linear minimum mean square error 

(LMMSE) detection method with the assistance of the hamming code as well 

as the interleaving techniques for a better enhanced performance of an audio 

transmission. Moreover, the comparison was done between the two systems 

for different antenna configurations and with the presence of two types of 

modulation: binary phase shift key and quateradure phase shift key. These 

systems are employed by Matlab simulation to show significant results in 

terms of enhancing the Rayleigh fading channel capacity, bit error rate 

(BER) and security as well as in recovering the transmitting audio signals. 

Each system has advantages than the others in one performance term respect 

to the other terms. The simulation results have provided to prove and discuss 

our analysis. 
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1. INTRODUCTION  

With the developing of the technology and growing the number of the users as well as increase their 

demands for high speed of internet services and the wireless multimedia providing such as audio, image ...etc 

lead to rising the efforts to mitigate these limitations through developing the wireless communication system 

[1-3]. In addition, there are different challenges facing the wireless communication system especially at the 

receiver ends such as channel fading, interference and other channel noise phenomena [4, 5]. Thus, the 

utilizing of multiple antennas at the transmitter ends and receiver ends through applying the diversity 

techniques in order to enhance the system data rate is a significant solution to mitigate the impairments of the 

wireless channel which it is having the main role to reduce the capacity of wireless communications system 

[6, 7]. The spatial multiplexing could transmit several independent data streams through multipath channels 

without required increasing bandwidth in terms of achieving a high data rate. LMMSE method could estimate 

the transmitted signal via combining the linear weight of received version of the signals [8, 9]. However, 

LMMSE method is complex [10]. It could provide an efficient method to detect the signal at the receiver [11, 

12]. Therefore, according to [13, 14] this method introduces an important tradeoff between the complexity 

and the performance.  

This paper focuses on improving the channel capacity of transmitting audio signal utilizing SM at 

the end of the sender and LMMSE method at the accepter. Furthermore, two constellation scenarios, as well 

https://creativecommons.org/licenses/by-sa/4.0/
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as various antennas configurations, are implemented in terms of the comparison of the results, one for use the 

BPSK and the other for QPSK. The observed results illustrate enhancements in terms of Rayleigh fading 

channel capacity and bit error rate (BER).  

There are many papers were covered numerous detection methods to enhance the performing of the 

multimedia transmission. Wherein [15], this paper uses the least square (LS) channel estimation for a better 

data rate. Moreover, the researcher in [1], utilizes recursive least squares (RLS) providing better performance 

than LS. While in [4], they suggest an advanced minimum mean square error successive interference 

cancellation (MMSE-SIC) detection technique which outperforms other detection such as the conventional 

zero-forcing, MMSE and the maximum likelihood detections. Employing the Compressive Sensing based 

Least Square channel estimation technique (LS-CS) at the receiver will improve the quality of the recovered 

audio signal. In addition, the [16] introduces an equalizer that could perform like a conventional LMMSE 

detector but with less complexity. This paper is proved improvement in the BER values via choosing 

modulation methods on every speed level. In addition, analyzing the performance of the channel utilized to 

transmit audio signals is studied. [17]. This paper is proposed an efficient algorithm called parallel processing 

decoding technique to achieve spatial diversity. In addition, this proposed algorithm is implemented without 

using STC [18]. This paper is organized into four sections, Section 2 describes the theoretical analysis of 

encoder and decoder methods. Section 3 is discussed and analyzed the simulation results. Finally, Section 4 

concludes this paper. 

 

 

2. RESEARCH METHOD 

This section is employing to describe the system model for both transmitter and receiver as depicted 

in Figure 1. The input data is providing from recording audio as a signal source then it is converted to 

corresponding bits by analog to digital converter. The code words are generated after applying a sequence of 

bits to the channel code by utilizing linear block code (LBC) particularly hamming code       [19] which 

have the ability to correct one error and detect two errors [20, 21]. Hence, the coded information bits are 

interleaved by two dimensions interleaving that the interleaving index have the same length with the coded 

messages which is seven binary digits to decrease the complexity after that they are modulated digitally by 

BPSK for first scenario and QPSK for the second scenario. The modulating symbols are fed into a spatial 

multiplexer (SM) that have    antennas to be transmitted over flat fading channel under Rayleigh distribution 

environments. On the other hand, in the received section, the linear minimum mean square error method 

(LMMSE), that have    antennas will detect the transmitted signals. The signals are demodulated, de-

interleaved and channel decoded to recover the audio signals.  

 

 

 
 

Figure 1. The system model  

 

 

The signals arrived from the transmitter to the receiver suffered from scattering because of the 

multipath environment. The spatial multiplexing (SM) is used at the transmitter where the input signal is 

obtained from an audio signal then the information bits ( ) is treated by LBC to generate ( ) bits of a 
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codeword and then interleaved [22-24]. The modulated signal is splitting as a layer into    data stream 

having different rates where higher-order if it has a higher data rate, as a result, each one of the layers might 

own the same bandwidth [25]. 

 

            {     } (1) 

 

Where         represents the independent data steam number transmitting over SM.   ,    is the number of 

transmitted and received antennas, respectively. The efficiency of spatial multiplexing (SM) could be 

obtained as  

 

                          (2) 

 

Where      denotes to the maximum spectral efficiency of the spatial multiplexing and    and m represent 

the rate of the LBC and modulation order, respectively. 

Considering a system have respectively    ,    antennas at both ends used horizontal ball 

Laboratory layered space-time (H-BLAST) as SM technique so the symbol that sent at any point in time ( ) 

for each transmitter antenna ( ) could name as      . The received signal       is received at the receiver ( ) 

with the amplitude noise       during the same period time of transmitting symbol with   that represents the 

average of SNR. In addition, the   represents the       channel matrix.  

At the receiver terminals, the linear minimum mean square error method (LMMSE) is applied. This 

method could estimate the transmitted signal by combining the linear weight of the received version of the 

signals. In this method, the    is a matrix which it is responsible to reduce the mean square error (MSE) 

between the real signal ( ) and estimated one ( ̂) so the equation could illustrate as 

 

   √  

  
    

 

  
         

    (3) 

 

Representing    the Hermitian operation of a channel matrix, and    
 is the identity matrix. 

Therefore; the received vector is  

 

 ̃       (4) 

 

Therefore; the estimated received signal at the time   of the     row is  
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By normalized (6) as (7), the estimated signal is (8)  
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From (8), this estimated received signal depends on the transmitted signal which is sent through     

transmit antenna, but this extracted signal is associated with interference and noise terms which are stated in 

the second and third terms in (8), respectively. Then, the maximum likelihood estimate can be applied on (8) 

to estimate the transmitted signal.  

 

  ̂          | ̂            |
 
                    (9) 

 

This method performs the better of the linear SM detection and decoding methods while the other 

method suffers from noise amplification.  
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3. RESULTS AND DISCUSSION  

This section presents, analyzes, and discusses the simulation result that is implemented utilizing 

MATLAB simulation. Computing has occurred via employed two scenarios. The first scenario is 

implemented by using BPSK and four types of antenna configuration while the second one is used QPSK 

instead of the BPSK. The simulation parameters are tabulated in a Table 1. 

 

 

Table 1. Simulation parameters 
Description of Parameter Value 

Data transmitted Audio signal 

Configuration of antenna                 ) and       
SM technique H-BLAST 
Channel Coding LBC (Hamming code) 

Interleaving Two-dimensional interleaving 

Interleaving index 7 
Modulation and demodulation type BPSK and QPSK 

Signal detection method LMMSE 

Channel type Rayleigh fading Multipath 
Noise type Gaussian noise or AWGN 

SNR (dB) -3 to 10 

 

 

This research focuses on increasing the channel capacity using spatial multiplexing (SM) technique 

at the transmitter that enables to send of independent modulated symbols at a single time q. The number of 

these modulated symbols depends on the minimum number of the transmitted and received antennas as stated 

in (1) [25]. Figure 2 shows a Rayleigh fading channel capacity for four different types of configurations using 

BPSK. 

 

 

 
 

Figure 2. Rayleigh fading channel capacity at BPSK 

 

 

The capacity of using eight antennas at both ends of the transmitter and the receiver is the best of the 

other configurations in the same type of constellation which is BPSK modulation [6]. However; the second 

scenario deals with the other type which is QPSK modulation. It is known that the data rate of QPSK is twice 

of BPSK. Furthermore, the capacity performance of the (4×4) configuration employing QPSK is the same as 

the (8×8) employing BPSK.  

On the other side, the second parameter that is improved in this research is the bit error rate (BER). 

In both scenarios, BER of audio transmission is reduced utilizing the LMMSE method. Figure 3 shows the 

performance of both scenarios where it is recognizable that the system works better in BPSK than QPSK.  
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Figure 3. System performance comparison at both scenarios: BPSK and QPSK 

 

 

The (8×8) configuration is better performing in the same constellation. It is obviously an increase in 

the antenna numbers leading to decrease BER due to employing the LMMSE method as shown in Figure 3 

which straight line represents QPSK and dash line represents BPSK. This performance even in       

configuration for both types of PSK modulations is a better than the simulated results in [4] because of 

employing hybrid techniques of LMMSE detection, LBC, and interleaving technique which is randomized 

the sequential bits of the audio signal in which increasing the capability of LBC to detect and correct more bit 

errors [22]. In [4], the authors enhanced LMMSE-SIC technique while it is more complicated than LMMSE 

technique. However, the BER term of the proposed system in both scenarios is clearly less than the advanced 

MMSE-SIC technique.  

Furthermore, there is more enhancement applying BPSK than QPSK in this research due to 

implementing grouped of LBC and two dimensional bit interleaved. There is a trade-off between enhanced 

terms. For instance, in Figure 3, the dashed blue curve which is (1×1) BPSK performs the same of the purple 

curve which is (4×4) QPSK in terms of BER while, in Figure 2, the channel capacity of the second one is 

efficiently the more. However; the dashed green curve which is (8×8) BPSK performs dramatically better 

than the purple curve which is (4×4) QPSK while both of these two systems achieved the same channel 

capacity. Figure 4 presents the original transmitted audio signal. It will be utilized to compare with the other 

results from Figures 5 and 6 which denote the received audio signal for various SNR and both scenarios. 

 

 

 
 

Figure 4. Original audio signal 

 

 

Figures 5 and 6 introduce the received audio signals at SNR value of 5    implemented in the both 

two scenarios and apply for different antenna configurations. 
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(a) nTx = nRx=1 

 

(b) nTx = nRx=2 

 

  
(c) nTx = nRx =4 (d) nTx = nRx=8 

  

Figure 5. Received audio signals at SNR =5dB using BPSK 

 

 

 
 

(a) nTx = nRx=1 

 

(b) nTx = nRx=2 

 

  
(c) nTx = nRx=4 (d) nTx = nRx=8 

  

Figure 6. Received audio signals at SNR =5dB using QPSK 
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In the both figures, the extracted audio signals are almost identical to the original audio signal with 

increasing the number of antennas at both ends. It is notable, it is great estimated audio signals at a typical 

value of SNR       for all antenna configurations in both two scenarios. 

 

 

4. CONCLUSION 
This research establishes a model system to enhance the performance of the audio transmission 

signal. Hence, the proposed system is based on the LMMSE detection method to mitigate the limitation result 

from the multipath environments of the channel. However, a comparison in results is accrued through the 

implementation of two kinds of constellations (BPSK and QPSK) applying for four types of antenna 

configurations. The simulation results present a better enhancement in the audio transmission than other 

results in comparison papers specifically with the presence of spatial multiplexing and the LMMSE decoding 

method with aiding of LBC as a coding channel and interleaving technique. Furthermore, the Rayleigh fading 

channel capacity and bit error rate (BER) had been improved leading to better performance of the system. 

There is a trade-off relation between these two terms of the performance as stated in more detail in the results 

and discussion section. Each system of these two scenarios has advantages than the others in one 

performance term respect to the other terms. Where the       QPSK system performs the greatest channel 

capacity with lower BER enhancement than the others. On the other hand, the       BPSK system 

performs the best in terms of BER enhancement, but its channel capacity is the same as       QPSK 

system. Related future work can be investigated more techniques or made hybrid techniques to get an 

optimized system that manipulates the capacity, BER, security, complexity, cost, ... etc. 
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