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Abstract 

This paper proposes a new wireless statistical division multiplexing (SDM) communication 

system, which is based on the two-input and two-output wireless communication experimental 

platform constructed and presented in our previous work. This novel system aims to transmit 

source signals simultaneously in the same frequency band over wireless channel and recovers 

the source signals at the receiver by utilizing the statistical characteristics of source signals 

and broadcasting characteristics of wireless channel. Therefore, the spectrum efficiency of 

SDM system is high compared to those of time division multiplexing (TDM), frequency 

division multiplexing (FDM), and code division multiplexing (CDM) systems, in which TDM, 

FDM and CDM signals are limited in time interval, frequency band and code. Taking 

advantage of the statistical properties of transmitted source signals, the SDM system can 

easily recover or retrieve them through the blind source separation (BSS) techniques at the 

receiver. This paper first introduces the system model of SDM briefly, but the main purpose is 

to analyze the performance of it including the relationship between the separation quality and 

the characteristics of source signals, the power of transmitters and separation algorithms. 

The performance validity and corresponding analysis are confirmed and performed through 

realistic experiments. 

Keywords: wireless statistical division multiplexing communication system; statistically 

independent, blind source separation 

 

1. Introduction 

With the high-speed development of the modern society, exploitation and utilization 

of the natural resource, especially efficient exploitation and utilization of the finite 

natural resource has become one of the most important research fields [1]. The 

electromagnetic radio spectrum is a critical natural resource in informationized society. 

With each passing day, more people are subscribing to one of the plethora of wireless 

services currently available on the market. As a result of this rapid growth in the 

wireless services industry, the demand for additional bandwidth is steadily increasing 

despite the fact that frequency spectrum is a finite natural resource. Thus, to avoid a 

potential spectrum scarcity problem, both spectrum policy makers and wireless 

technology specialists are united in seeking solutions that would help efficiently exploit 

and utilize the finite natural resource in order to accommodate this rapid growth [2 -4]. 
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A communications resource represents the time and bandwidth that is available for 

communication signaling associated with a given system. For the efficient development 

of a communication system, it is important to plan out the resource allocation among 

system users, so that no communications resource is wasted, and so that the users can 

share the resource in an equitable manner [5-7]. The traditional ways of distribution the 

communications resource are as follows: 

 Frequency division multiplexing (FDM). Specified sub-bands of frequency are 

allocated. 

 Time division multiplexing (TDM). Periodically recurring time slots are 

identified. 

 Code division multiplexing (CDM). Specified numbers of a set of orthogonal or 

nearly orthogonal spread spectrum code are allocated. 

However, since TDM and FDM carve up the signaling dimensions orthogonally, 

there is a hard limit on how many orthogonal channels can be obtained. This is also true 

for CDM using orthogonal codes. If non-orthogonal codes are used, there is no hard 

limit on the number of channels that can be obtained. Hence, the TDM, FDM and CDM 

signal is limited in time interval, or frequency band or code [2-4]. 

Inspired by our previous work
1
, in which we have constructed a simple two-input and 

two-output wireless communication system, a novel wireless statistical division 

multiplexing (SDM) communication system is proposed. The transmitted source signals 

are required to be statistically independent, which are transmitted through the radio 

frequency (RF) antennas. At the receivers, they are recovered through the blind source 

separation (BSS) algorithms [8]-[10] by utilizing the statistical characteristics of them 

and broadcasting characteristics of wireless channel. Therefore, the spectrum efficiency 

of our proposed system is high compared to those of TDM, FDM, and CDM systems, 

and the new SDM system is very simple and easy to be implemented for it is regardless 

of considering the limitation of time interval, frequency band and code as the traditional 

ones do. Besides, the main work in this paper is to analyze the performance of this new 

system based on our previous work, which mainly deals with the influence of the 

diversity and power of transmitted source signals and separation algorithms on the 

separation quality. Real-life experiments are performed to validate the performance of 

our SDM system. 

 

2. SDM Model 

The system model of SDM is shown in Figure 1. For it has been presented in our previous 

work, we will introduce it briefly in this paper. This model includes two RF antennas as 

transmitters and two receiving antennas as receivers. The source signals are comprised of I 

and Q components.  And the RF and local frequencies are different from each other, but we 

assume they are same for simplicity in this paper, i.e., 
1 2 3 4 0

        . And we 

don’t consider the synchronous and carrier frequency offset problems, which will be included 

in our future work.  

 

1The two-input and two-output wireless communication system presented in our previous work has been submitted to 
another conference. The main work in it shows theoretically that the information content of all the source signal inputs 

can be recovered by our proposed system. Until now, the accepted information has not been received. 
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Figure 1 The SDM System Model 

 

The two input source signals are denoted by 

1 1 1
s I Q i                                                                 (1) 

2 2 2
s I Q i                                                                (2) 

After modulating they are expressed as 

1 1 0 1 0
co s sins I t Q t                                                 (3) 

   
2 2 0 2 0

co s sins I t Q t                                                (4) 

The received signals result from the mixture of sources, i.e., 

1 1 1 1 1 2 1

2 2 2 1 2 2 2

x s a a s

x s a a s

        
        

        

A                                          (5) 

Where A denotes the wireless channel. For simplicity, we only consider the linear mixing 

case in this paper, i.e., the elements of A  are constant. In realistic experiments, we set the 

transmitting and receiving antennas close to each other so that the wireless mixing channel 

can be treated as approximately linear.  

In order to analyze the performance of this novel system, we should make sure the wireless 

channel as simple as possible, in case that the multi-path and time delay effects become the 

main influence, which will make this system very complex and hard to distinguish the source 

signals form interferences. With respect to more complex channels such as the convolution 

and nonlinear mixing channels, we will address in our following research. However, note that 

the interferences from outside environment like noise still exist, even though we don’t take 

them into consideration, which can be obviously observed in the following experimental 

section and they can be ignored to some extent. The mixing signals are 

1 1 1 1 0 1 0 1 2 2 0 2 0

1 1 1 1 2 2 0 1 1 1 1 2 2 0

( c o s s in ) ( c o s s in )

( ) c o s ( ) s in

x a I t Q t a I t Q t

a I a I t a Q a Q t

   

 

   

   
                     (6) 

2 2 1 1 0 1 0 2 2 2 0 2 0

2 1 1 2 2 2 0 2 1 1 2 2 2 0

( c o s s in ) ( c o s s in )

( ) c o s ( ) s in

x a I t Q t a I t Q t

a I a I t a Q a Q t

   

 

   

   
                    (7) 

After demodulating, the received signals can be presented as  

1 1 1 1 1 2 2 0 1 1 1 1 2 2 0 0

1 1 1 1 2 2 1 1 1 1 2 2 0 1 1 1 1 2 2 0

{ ( ) c o s ( ) s in } c o s

1 1 1
( ) ( ) c o s 2 ( ) s in 2

2 2 2

x a I a I t a Q a Q t t

a I a I a I a I t a Q a Q t

  

 

    

     
       (8) 
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After low-pass filtering, the above signals are as follows, denoted by  

1 1 1 1 1 2 2

1
( )

2
I a I a I     

1 1 1 1 1 2 2

1
( )

2
Q a Q a Q                                 (12) 

2 2 1 1 2 2 2

1
( )

2
I a I a I     

2 2 1 1 2 2 2

1
( )

2
Q a Q a Q                                (13) 

Then the relationship between the I/Q components of the original sources and the received 

signals after demodulating and filtering are shown as  

1 1 1 1 2 1

2 2 1 2 2 2

I a a I

I a a I

       
     

       

                                                      (14) 

1 1 1 1 2 1

2 2 1 2 2 2

Q a a Q

Q a a Q

       
     

       

                                                    (15) 

Where 
1 1 1 2 1 1 1 2

2 1 2 2 2 1 2 2

1

2

a a a a

a a a a

    
   

    

. 

Then the two corresponding output signals are in the form of  

1 1 1 1 1 2 2 1 1 1 1 2 2 1 1 1 1 1 2 2 2

1 1 1 1 2 2

( ) ( ) ( )x a I a I a Q a Q i a I Q i a I Q i

a s a s

             

  
         (16) 

2 2 1 1 2 2 2 2 1 1 2 2 2 2 1 1 1 2 2 2 2

2 1 1 2 2 2

( ) ( ) ( )x a I a I a Q a Q i a I Q i a I Q i

a s a s

             

  
       (17) 

Where the signals 
1

x   and 
2

x   are used in the BSS separation algorithm to recover 

transmitted sources.  

 

3. Separation Algorithm 

According to the statistically properties of source signals, the separation problem of our 

SDM system can easily find solutions through the blind source separation (BSS) techniques 

[8-10], which corresponds to the independent component analysis (ICA) when the linear and 

instantaneous case is considered. In this paper, we choose several classical complex-valued 

ICA algorithms [10-11], which are gradient and fast fixed-point algorithms based on kurtosis 

and negentropy respectively. With respect to the separation system, a separation matrix is 

chosen as 
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1 1 1 2

1 2

2 1 2 2

( , )
w w

w w

 
   

 

W w w                                          (26) 

Where the elements of W are complex-valued. 

Then the separation process is denoted by 

1 11 1 2 1

2 21 2 2 2

H
y xw w

y xw w

 

 

    
      

    

W x                                        (27) 

Where the recovered signals can be treated as the approximate estimation of the sources. 
H

W  stands for the Hermitian of W , that is W  is transposed and conjugated. Then, 

( ) ( )
H

t ty W x  is the recovered estimation of source signals up to some ambiguities, namely 

ordering and scaling factors, which are the inherent properties of BSS or ICA [11]. However, 

the ambiguities are, fortunately, insignificant in most applications, so they are out of the 

scope of this paper. 

It is well accepted that the mixture signals are prewhitened, with mean value eliminated, 

before separation for ICA algorithms in the linear and instantaneous case in general. Then, the 

mentioned ICA algorithms are as follows: 

2

{ ( ) )}
H H

E


  w w x w x w x                                                    (28) 

2 2

{ ( ) } 3 { }
H H H

E E


  w x w x w x w x w                                       (29) 

{ ( ) ( )( ) )} }
H H H

E g
 

  w w x w x w x w x                                      (30) 

{ ( ) ( )( ) )} } { ( )( ) ) ( )( ) ( ) ( ) )}
H H H H H H H H H

E g E g g
    

   w x w x w x w x w x w x w x w x w x w x w   (31) 

Where (28) and (29) are gradient and fast fixed-point algorithms based on kurtosis [10], 

respectively.   denotes the iteration step size. And (30) and (31) are corresponding 

nengentropy-based algorithms, separately. g  and g   are the derivatives of the nonlinear 

function G  and g  [11], respectively. In this paper, we choose ( ) lo g ( )G y a y  , and then 

2

1 1
( ) , ( )

( )
g y g y

a y a y

  
 

. Note that all iteration processes are used to extract one source 

signal at a time and the sources are extracted one by one in a deflation manner. To prevent 

different one-dimensional optimization converging to the same maxima, a Gram-Schmidt-like 

decorrelation scheme [11] is adopted in our separation process. 

 

4. Experimental Results and Performance Analysis 

First of all, in order to eliminate the nonlinear distortion caused by the power 

amplifier in the transmitters, we take two E4438C [12] as the transmitters, which can 

send radio signals in the form of single, AM, BPSK, speech and so on. Then, at the 

receivers, we use the USRP with GUN Radio [13] device to receive the RF signals.  

Secondly, to be able to make the transmitted source signals as statistically 

independent as possible, we set the distance between two transmitters about ten meters. 

And we set the distance between transmitters and receivers about five meters so as to 

ensure the wireless channel as approximately linear as possible. And moreover, it is 

well accepted that most of the communication signals are uncorrelated and 

nonguanssian in general.  
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Finally, we measure the separation quality between retrieved signals and the received 

signals in the case that only one transmitter send source signal. In other words, we just 

compare the recovered signals with the received signals when only one transmitter 

works. More precisely, we only care about the successfully separation of source signals 

in this paper, and the traditional measurements and methods to eliminate the 

interference, noise, frequency selective fading and so on are out of scope of this paper.  

 

4.1. Separability 

 

 
(a)                                                                           (b) 

 
(c)                                                                            (d) 

Figure 2. Two Independent Sources: AM and BPSK Signals. (a) Mixture and 
Separation Signals In Time Domain. (b) Mixture and Separation Signals in 

Frequency Domain. (c) Received AM Signals with only one Transmitter 
Working. (d) Received BPSK Signals with only one Transmitter Working 

As shown in Figure 2, we use AM and BPSK signals as sources, for which the carrier 

frequency is set 30MHz and the power of two transmitters are 0 dBm. And the fast fixed-

point algorithm based on nengentropy in (31) is chosen as the separation algorithm. This 

experiment is just used to validate the separability of our proposed SDM system. Because the 

0 200 400 600 800 1000 1200 1400 1600 1800 2000
-400

-300

-200

-100

0

100

200

300

400

Number of samples

A
m

p
li

tu
d

e

Mixture 1

0 200 400 600 800 1000 1200 1400 1600 1800 2000
-3000

-2000

-1000

0

1000

2000

3000

Number of samples

A
m

p
li

tu
d

e

Mixture 2

0 200 400 600 800 1000 1200 1400 1600 1800 2000
-2

-1.5

-1

-0.5

0

0.5

1

1.5

2

Number of samples

A
m

p
li

tu
d

e

Separation 1

0 200 400 600 800 1000 1200 1400 1600 1800 2000
-2

-1.5

-1

-0.5

0

0.5

1

1.5

2

Number of samples
A

m
p

li
tu

d
e

Separation 2

0 100 200 300 400 500 600 700 800
0

2

4

6

8

10

12

14
x 10

5

Frequency(Hz)

Mixture 1

0 100 200 300 400 500 600 700 800
0

1

2

3

4

5

6

7

8

9
x 10

6

Frequency(Hz)

Mixture 2

0 100 200 300 400 500 600 700 800
0

5000

10000

15000

Frequency(Hz)

Separation 1

0 100 200 300 400 500 600 700 800
0

500

1000

1500

2000

2500

3000

3500

4000

Frequency(Hz)

Separation 2

0 200 400 600 800 1000 1200 1400 1600 1800 2000
-250

-200

-150

-100

-50

0

50

100

150

200

250

Number of samples

A
m

p
li

tu
d

e

Receiver 1

0 100 200 300 400 500 600 700 800
0

2

4

6

8

10

12

14
x 10

5

Frequency(Hz)

Receiver 1

0 200 400 600 800 1000 1200 1400 1600 1800 2000
-800

-600

-400

-200

0

200

400

600

800

Number of samples

A
m

p
li

tu
d

e

Receiver 2

0 100 200 300 400 500 600 700 800
0

1

2

3

4

5

6

7

8
x 10

6

Frequency(Hz)

Receiver 2

0 200 400 600 800 1000 1200 1400 1600 1800 2000
-300

-200

-100

0

100

200

300

Number of samples

A
m

p
li

tu
d

e

Receiver 1

0 100 200 300 400 500 600 700 800
0

1

2

3

4

5

6
x 10

5

Frequency(Hz)

Receiver 1

0 200 400 600 800 1000 1200 1400 1600 1800 2000
-2000

-1500

-1000

-500

0

500

1000

1500

2000

Number of samples

A
m

p
li

tu
d

e

Receiver 2

0 100 200 300 400 500 600 700 800
0

0.5

1

1.5

2

2.5

3

3.5
x 10

6

Frequency(Hz)

Receiver 2



International Journal of Future Generation Communication and Networking 

Vol.7, No.5 (2014) 

 

 

Copyright ⓒ 2014 SERSC  7  

corresponding analysis in detail has been included in our previous work, we just give a brief 

introduction in this paper.  

Compared (a) with (b), we can obviously see that the source signals are recovered. Then, 

comparing the separation 1 in (a) with receiver 2 in (c) in time domain or separation 1 in (b) 

with receiver 2 in (c) in frequency domain, it is clearly that the AM source signal is 

successfully recovered in the way we talked above. And the BPSK case is truly same when 

comparing the separation 2 in (a) with receiver 2 in (d) in time domain or separation 1 in (b) 

with receiver 2 in (d) in frequency domain. Therefore, our proposed SDM system works well 

with signals transmitted and received simultaneously in the same frequency band over 

wireless channel, which is the main advantage of SDM over traditional ones. 

 

4.2. Performance Analysis with Different Source Signals  

 
（a）                                                                            (b) 

Figure 3 Average MSE and Median MSE between Sources And Separations for 
Different Kind Of Source Signals Averaged over 100 Independent Runs. (a) 

Average MSE for Single, AM and BPSK Signals Averaged Over 100 
Independent Runs. (b) Average Median MSE for Single, AM and BPSK Signals 

Averaged Over 100 Independent Runs 

In this section, we perform a realistic experiment to validate the performance of the SDM 

system with different kind of source signals, which are single, AM and BPSK signals 

respectively. The experimental result is shown in Fig. 3. (a) and (b) show the performance 

comparison, in which average MSE denotes the mean of mean square error and average 

median MSE denotes the median value of mean square mean error between sources and 

separations averaged over 100 independent runs. In this experiment, the carrier frequency is 

set 30MHz, the fast fixed-point algorithm based on the nengentropy shown in (31) is chosen 

as the separation algorithm and the transmitted signal power is set 0 dBm. 

As shown in Figure 3, it is clear that different sources result in different performance, i.e. 

the MSE and median MSE. More precisely, single singles performs better than AM signals, 

and BPSK is the worst, which is caused by their characteristics. It is well accepted that single 

signals are simpler than AM, and BPSK is the most complicated. Therefore, it could be drawn 

a conclusion, to a certain extent, that the more source signal complex, the worse the 

performance is. Of course, we only perform three simple signals, and more complicated 

signals will be considered in our future work such as QPSK, OFDM, speech signals. But this 

experiment reveals the character of our proposed system for different signals to some extent, 

which provides reference for our future work.  
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4.3. Performance Analysis with Different Transmitted Power 

 

 
(a)                                                                               (b) 

Figure 4 Average MSE and Median MSE between Sources and Separations for 
Different Transmitted Power Of Source Signal Averaged Over 100 Independent 

Runs. (a) Average MSE for -20dBm, -10dBm, 0dBm, 10dBm and 20dBm 
Averaged Over 100 Independent Runs. (b) Average Median MSE for -20dBm, -

10dBm, 0dBm, 10dBm and 20dBm Averaged Over 100 Independent Runs 

In this experiment, we conduct an experiment to validate the performance of the SDM 

system with different transmitted source signal power, i.e., -20dBm, -10dBm, 0dBm, 10dBm, 

20dBm. In this experiment, the carrier frequency is set 30MHz, the source signal is chosen to 

be single signal, the gradient algorithm based on kurtosis with the step size 0 .1   shown in 

(28) is use as the separation algorithm. As shown in (a) and (b) in Fig. 4, different transmitted 

power leads to different separation quality, in which 0 dBm provides the best performance 

and -10 dBm provides the worst.  

However, note that the performance curves with different transmitted power are very close 

to each other, especially when the number of samples becomes large. Therefore, the feeling 

that the more the transmitted power, the better the performance will be may not true in a way. 

At least, in our experiment, a conclusion is drawn that an appropriate choice of transmitted 

power may be best. Considering the some limitations of our experiment, we can’t give a 

precise conclusion and more corresponding work will be done in the following days. But the 

experimental result provides us with some reference, which is meaningful and helpful. The 

corresponding following work will include the performance with different transmitted power 

and separation algorithms for different source signals, especially when the mixing system is 

more complicated such as the convolution channel and nonlinear channel. 

 

4.4. Performance Analysis with Different Separation Algorithms 
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(c) 

Figure 5 Average MSE and Median MSE between Sources and Separations for 
Different Separation Algorithms Averaged Over 100 Independent Runs, and 

Execution Time of Recovering all Source Signals For 100 Independent Runs. 
(a) Average MSE for G1, F1, G2 and F2 Averaged Over 100 Independent Runs. 

(b) Average median MSE for G1, F1, G2 and F2 Averaged Over 100 Independent 
Runs. (c) Execution Time Of Recovering all Source Signals for 100 

Independent Runs 

In this experiment, we consider the performance of the SDM system with different 

separation algorithms. As shown in (28), (29), (30) and (31), they are gradient and fast fixed-

point algorithms based on kurtosis and nengentropy, which are denoted by G1, F1, G2 and 

F2, respectively. More specifically, G1 denotes the gradient algorithm based on kurtosis, F1 

denotes the fast fixed-point one based on kurtosis, G2 denotes the gradient one based on 

negentropy, and F1 denotes the fast fixed-point one based on negentropy. In this experiment, 

the carrier frequency is set 30MHz, the source signal is chosen to be AM signals, the 

transmitted power is set 0dBm. As for the gradient ones, the step size 0 .1  . 

As illustrated in (a), (b) in Figure 5, different separation algorithms provide different 

separation quality. But note that the performance provided by them is very close to each 

other, which means that they are approximately identical. Compared (a) with (b), we can see 

that the value of MSE and median MSE is very close, which means that all the corresponding 

algorithms are very stable. As for (c) in Figure 5, the execution time means the time of 

recovering all sources for 100 independent runs, which confirms that they are all efficient 

enough. Note that the step size we choose here is a litter large; and when it is set smaller like 

0 .0 1  , the corresponding execution time will be more. However, we only consider four 

simple algorithms, which may not sufficient but can be reference for our following work. 

Therefore, we will conduct experiments with more different kinds of algorithms that are 

appropriate for more complicated environment such as channels with multi-path, time delay 

and noise.  

 

5. Conclusion 

In this paper, we construct a novel wireless statistical division multiplexing 

communication system, which transmits source signals simultaneously in the same 

frequency band over wireless channel and recovers the source signals at the receiver by 

utilizing the statistical characteristics of source signals and broadcasting characteristics 

of wireless channel. The main advantage of our system consists in the high spectrum 

efficiency over the traditional ones such as TDM, FDM and CDM. The performance of 

this SDM system is validated through realistic experiments, in which the restored 
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signals are compared with the received signals with one transmitter working. And 

simple performance analysis is conducted mainly considering different source signals, 

transmitted power and separation algorithms. Our future work includes the performance 

analysis for convolution and nonlinear channels with the multi-path, time-delay 

interferences and noise, which includes the choice of sources, transmitted power, 

separation algorithm, the distance between transmitters and so on. In a word, the simple 

linear SDM system constructed in this paper is a good beginning. 
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