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Abstract — The radix-2 decimation-in-time (DIT) fast Hartley transform algorithm for computing the Discrete Hartley Transform 
(DHT) was introduced by Bracewell. DIT and decimation-in-frequency (DIF) algorithms were further developed by Meckelburg 
and Lipka, Prado, Sorenson et al, Kwong and Shiu. In these algorithms, the stage structures perform all the additions and 
multiplications and utilize stage dependent sine and cosine coefficients. A new fast radix-2 DIF algorithm for computing the DHT is 
proposed, which introduces multiplying structures in the signal flow diagram that perform all the multiplications with the stage 
independent cosine coefficients and their related additions leading to simplification of the stage structures which now have to 
perform only the additions. This leads to a reduction in the number of multiplications. An architecture utilizing current feedback 
operational amplifiers which implements the algorithm in hardware has been proposed. It has been tested by simulating it with the 
help of PSpice. 

Keywords – algorithm, analog architecture, decimation-in-frequency, discrete Hartley transform, radix-2 

 

I. INTRODUCTION  

The fast Hartley transform (FHT) algorithm introduced 
by Bracewell [1] performs the DHT in a time proportional to 

NN 2log  using decimation-in-time (DIT). Meckelburg and 
Lipka presented the decimation-in-frequency (DIF) FHT 
algorithm [2] claiming it to be faster than the one in [1]. 
Sorenson et al. [3] using the index mapping approach 
analyzed the FHT having the same decomposition as [1], 
implemented the algorithms for both DIT and DIF, and 
verified their operational complexities to be the same. Prado 
[4] presented an in-place version of the FHT in [1] along 
with its operational complexity. Kwong and Shiu [5] 
restructured the signal flow diagram originally proposed in 
[1] for clarity, and applied the transposition theorem to 
obtain the DIF algorithm with the same operational 
complexity. The above approaches utilize both the cosine 
coefficients (CCs) and sine coefficients (SCs) which are 
stage-dependent. Hou [6] stressed that the FHT algorithm, in 
essence, is a generalization of the Cooley-Tukey fast Fourier 
transform (FFT) algorithm to compute the discrete Fourier 
transforms (DFT), but it requires only real arithmetic 
computations as compared to complex arithmetic operations 
in any standard FFT. Hao [7] examined both the pre- and 
post-permutation algorithms in [1] and [2], and suggested 
improvements to make them faster by use of fast rotation to 
reduce the multiplications and by incorporating in-place or 
distributed permutation. Malvar [8] presented a new 
factorization of the DHT which involves the discrete cosine 
transform (DCT). His algorithms minimize the 
multiplications at the expense of an increased number of 
additions. Rathore [9] reported that, for both the DIT in [1] 
and the DIF in [2], the operational complexity involved is the 
same. He further utilized the matrix approach, derived some 

properties of the DHT [10], obtained the relations for 
computational complexity and presented DHT-based DFT 
and DFT-based DHT algorithms.  

Various architectures have been reported in the literature 
to compute the DHT. Chakrabarti and Jaja [11] proposed a 
modular bit-level systolic architecture. Dhar and Banerjee 
[12] employed a set of linear arrays of Givens rotors. Chang 
and Lee [13] derived two models of linear systolic arrays and 
suggested the use of cordic algorithms to make the systolic 
arrays more efficient in computation. Hsiao et al. [14] 
modified the above cordic processor and obtained a higher 
throughput and cost effective architecture. Kar and Rao [15] 
proposed a unified systolic architecture for sliding window 
computation of discrete transforms. Nayak and Meher [16] 
implemented a bit-level systolic architecture for discrete 
orthogonal transforms using a serial–parallel vector–matrix 
multiplication scheme based on the Baugh–Wooley 
algorithm. Guo [17, 18] presented two architectures; one 
using parallel adders and the other using a distributed 
arithmetic based array that utilizes identical ROM modules 
and eliminates the accumulation loop in the processing 
elements. Amira and Bouridane [19, 20] developed 
architectures to implement the DHT on field programmable 
gate arrays. Meher et al. [21] presented a design framework 
for scalable and modular memory based implementation of 
the DHT in systolic hardware. These architectures compute 
the DHT using digital VLSI techniques. 

The role of analog integrated circuits in modern 
electronic systems remains important, even though digital 
circuits dominate the market for VLSI solutions. Analog 
systems have always played an essential role in interfacing 
digital electronics to the real world. An important advantage 
of digital integrated circuits has been their relative ease of 
design over analog circuits. In particular, since digital circuit 
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design is amenable to automation, several CAD-compatible 
digital integrated circuit design methodologies have been 
developed, including design-for-testability, design 
optimization and rapid prototyping in field-programmable 
gate arrays (FPGAs). However, there are architectures which 
compute the DHT based on analog blocks. Culhane et al. 
[22] presented an analog circuit which utilizes a linear 
programming neural net to compute the DHT. Raut et al. 
[23] presented basic switched capacitor building blocks in 
systolic array architecture to implement the DFT. A two 
dimensional DCT structure proposed by Kawahito et al. [24] 
is designed with fully differential switched-capacitor circuits. 
Digitally controlled analog circuits proposed by Chen et al. 
[25] utilize the principle of charge scaling for computing the 
DCT and DFT. Mal and Dhar [26] proposed an analog 
sampled data architecture for the DHT.   

The growing computational demand for complex 
information processing has motivated significant research in 
the design of power efficient signal processing systems. One 
method for achieving low-power designs is to move 
processing on system inputs from the digital processor to 
analog hardware. However, for analog systems to be 
desirable to digital signal processing engineers, they need to 
provide a significant advantage in terms of size and power 
and yet still remain relatively easy to use and integrate into a 
larger digital system. Reconfigurable analog arrays, dubbed 
field-programmable analog arrays (FPAAs), can speed the 
transition of systems from digital to analog by providing the 
ability to rapidly implement advanced, low-power signal 
processing systems [27]. This has demanded the 
development of high performance analog circuits that are 
reconfigurable and suitable for CAD methodologies. Analog 
circuits based on the current feedback operational amplifier 
(CFA) technique are suitable for high frequency applications 
[28]. The CFA combines high bandwidth and very fast large 
signal response with excellent dc performance. It is 
optimized for use in current to voltage applications and as an 
inverting mode amplifier. It can be used in place of 
traditional operational amplifiers (OA) and its current 
feedback architecture results in much better ac performance, 
high linearity and an exceptionally clean pulse response. Its 
closed-loop bandwidth is determined by the feedback resistor 
and is almost independent of the closed-loop gain unlike 
OA-based circuits, which are limited by a constant gain-
bandwidth product. It can be used in ways similar to a 
conventional OA while providing performance advantages in 
wideband applications [29, 30]. 

The proposed algorithm overcomes the stage 
dependencies of the CCs and SCs. It utilizes only CCs which 
are stage independent. It introduces multiplying structures 
(MSs), and results in a signal flow diagram (SFD) with 
butterflies similar in each stage structure (SS). It leads to 
simplification of the stage computations and reduces the 
operational complexity. A simple and versatile basic analog 
circuit based on CFAs is designed, which can be easily 
reconfigured as a stage structure or multiplying structure 
circuit. An architecture which is modular and can be scaled 
for higher values of N is proposed to implement the 
algorithm. 

II. DISCRETE HARTLEY TRANSFORM 

An N-point DHT XH of a sequence x(n) is defined as 
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where cas (.) = cos (.) + sin (.). Using the matrix approach 
[10], the DHT can be expressed as 
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In the expression      xHX NH  , HN is the N × N 
Hartley matrix and its elements are given by  

 jih , cas 







N

ij2
 (1)

where indices i and j are integers from 0 to N – 1 [22].  
The FHT algorithm by Bracewell [1] performs the DHT 

of a data sequence of N elements in a time proportional 
to NN 2log  where PN 2 . The algorithm in [2] requires an 
operation count given by NA additions and NM multiplications  


 

2

43log3 2 


NNN
N A  (2) 

 43log2  NNNN M  (3) 

Sorenson et al [3] have analyzed the FHT algorithm in [1] 
using the index mapping approach. Their radix-2 DIT and 
DIF programs implement the FHT algorithm with the same 
operation count as given by (2) and (3). Prado [4] in his 
paper presents an in-place version of the FHT in [1] and 
gives a table for the number of non-trivial real operations 
which tally with those obtained by using (2) and (3). Kwong 
and Shiu [5] have restructured the signal flow diagram 
originally proposed in [1] for clarity, and applied the 
transposition theorem to obtain the DIF algorithm with the 
same operational complexity. However, Rathore [9] has 
observed that for all these radix-2 algorithms [1]-[5], the 
operational complexities involved are the sameThe above 
approaches utilize both the cosine coefficients (CCs) and 
sine coefficients (SCs) which are stage-dependent. The 
proposed algorithm computes only stage independent CCs. 
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III. PROPOSED ALGORITHM 

A view of the proposed algorithm operation may be 
obtained as a sequence of matrix operations on the data. The 
DHT 

     nxLLLLLLLLPNX MMPMPPPrH 112222)1(
1 
 ,

where LS is a SS matrix (SSM) and LSM is a MS matrix 
(MSM). 

For each SSM, there is a matrix LY having dimensions Y 
× Y, where SPY  12  which repeats itself along the forward 

diagonal N/Y times. If LY is split into 4 quadrants 
42

31

QQ

QQ
, 

Q1 Q2 and Q3 have the same elements and are identity 
matrices, whereas Q4 = - Q1. Fig. 1 shows the SSMs involved 
in the stages 1 to 4 for N = 16. 

MSMs are introduced for the stages 1 ≤ S < (P − 1). For 
each LSM, matrix LZ having dimensions Z × Z, where 

SPZ  12 , repeats itself along the forward diagonal N/Z 

times. Splitting LZ into 4 quadrants 
42

31

QQ

QQ
, only Q1 and 

Q4 have some non-zero elements. Q1 is an identity matrix, 
whereas elements which appear in Q4 are related to the CCs 
of the elements in the first row or column of HN. The CCs 
appear along the forward diagonal of Q4. They also appear 
along the inverse diagonal of the sub-matrix formed within 
Q4 after deleting the 0th row and 0th column of Q4. The 
intersection element of both these elements is a unity factor. 
Due to the cosine-sine symmetry, there is a reduction in the 
number of these elements to only a few CCs and a unity 
factor. 
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Figure 1.  Matrices LS  and LY for N = 16, S =1 to 4. 

The first stage has the maximum number of CCs. The 
number of CCs for the other stages is lesser and their values 
belong to the set of CCs for the first stage. While computing 
LZ it is sufficient to compute Q4. Hence, only (N/4) – 1 stage 
independent CCs have to be computed. Fig. 2 shows the 
MSMs involved in the stages 1 and 2 for N = 16. 

The permutation matrix shown in Fig. 3 is involved in the 
computation and applied to the outputs of the final stage to 
rearrange them in the normal order. 

A succession of P stage operations followed by 
permutation leads stage by stage to the outputs,  nx1  

through  nxP , and finally to the transform output XH. For 
any stage, SS performs only additions, and MS performs the 
multiplications with the CCs and the related additions. 
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Figure 2.  Matrices LSM and LZ for N = 16, S =1, 2. 
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Figure 3.  Permutation Matrix for N = 16. 
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Figure 4 depicts a partial SFD showing a generalized SS 
and MS. The SFD for the SS is simple, follows a regular 
pattern and performs only additions. For each MS, the CCs 

ii  ,  or 0.707 are multiplied with different elements as 
shown in Fig. 4. For each stage S from 1 to P - 2, there are 
CCs in the corresponding MS.  
Elements from 0 to m/2 have no CCs.  
Each element (m/2) + i has no CC for i = m/4, the CC 707.0  
for i = m/8, and CCs i  and i  for i = 1 to (m/8) – 1 and 
(m/8) + 1 to (m/4) – 1.  
Each element m – i has the CC 707.0  for i = m/8, and CCs 

i and i  for i = 1 to (m/8) – 1 and (m/8) + 1 to (m/4) – 1,  

where 
m

i
i

 2
cos  and 






  i

m

mi 4

2
cos

 . 

Further 
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4
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 .  

Hence, for all the MSs, only (N/4) – 1 stage independent 
CCs have to be computed. 
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Figure 4.  A SFD for the generalized structure, N = 2P 

In the proposed algorithm the operational complexity is 
calculated as follows: 
The additions are performed by both the SS and MS.  
Each SS requires N additions, for N = 2P, the number of 
stages are P, hence, total number of additions for all the SSs 
= NP.  

Number of MSs required per stage 
m

N
 , where 

)1(2 SPm  . 
 

Each MS requires (m/2) – 2 additions.  

Hence additions per stage
m

Nm






  2

2


m

NN 2
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The number of additions for all the MSs are 
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For the entire SFD including all the SSs and MSs 
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It is clear from (2) and (4) that NA remains the same. 
The multiplications are performed within the MSs. 

Each MS requires m – 6 multiplications. 

Hence multiplications per stage  
m

N
m 6  

m

N
N

6
 .  

The number of multiplications for the entire SFD are 

 65.3log
2

3
2

2

1







  






NNN
N

NN
P

S
SPM  (5) 

From (3) and (5) it is seen that NM is lesser for N ≥ 8 in 
the proposed algorithms as compared to the existing 
algorithms in [1] – [5]. It is evident that the number of non-
trivial arithmetic operations is reduced by 2 multiplications 
(M) for each MS introduced. The reduction of 2M at the first 
stage is due to one MS corresponding to stage 1 and a 
reduction of 4M at the second stage is due to two MSs 
corresponding to stage 2. As the values of P and N increase, 
the MSs for the corresponding stages also increase, leading 
to a further reduction in the M. The total number of M 

reduces by 
2

4N
 for N ≥ 8. The comparison of the 

operational complexities of the existing radix-2 algorithms 
with the proposed algorithm for various transform lengths is 
shown in Table I.  
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TABLE I.  COMPARISON OF OPERATIONAL COMPLEXITIES  

 Length 
Radix-2 FHT algorithms 

[1]-[5] 
Proposed Radix-2 

Algorithm 
N NM NA Total NM NA Total 

8 4 26 30 2 26 28 
16 20 74 94 14 74 88 
32 68 194 262 54 194 248 
64 196 482 678 166 482 648 

128 516 1154 1670 454 1154 1608 
256 1284 2690 3974 1158 2690 3848 
512 3076 6146 9222 2822 6146 8968 

1024 7172 13826 20998 6662 13826 20488 
2048 16388 30722 47110 15366 30722 46088 
4096 36868 67586 104454 34822 67586 102408 

 
Fig. 5 shows the SFD for the proposed algorithm with N 

= 16, P = 4. It is regular and well structured. The first stage 
consists of the SS and MS. The matrix for L1 shown in Fig. 1 

is directly mapped as SS and that for L1M shown in Fig. 2 is 
directly mapped as MS for stage 1 in the SFD. This stage has 
the maximum number of stage independent CCs which 
should be equal to (N/4) – 1. As N = 16, these should be 3. 
Although in the SFD it appears to be more, as α1 = β3 and α3 
= β1, they may be treated as α1, β1, and 0.707. 

The second stage also consists of the SS and MS. The 
matrix for L2 shown in Fig. 1 is directly mapped as SS and 
that for L2M shown in Fig. 2 is directly mapped as MS for 
stage 2 in the SFD. This stage has only one stage 
independent CC 0.707 which belongs to the set of CCs for 
the first stage. 

The third and fourth stages consist only of the SSs. The 
matrices for L3 and L4 shown in Fig. 1 are directly mapped as 
SSs for stages 3 and 4 respectively. The fourth stage 
followed by permutation results in the transformed output. 
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Figure 5.  SFD for proposed algorithm with N = 16, P = 4. 
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IV. CFA BASED ANALOG CIRCUIT 

Consider the circuit shown in Fig. 6.  
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Figure 6.  Basic analog circuit 

The outputs are  
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Thus, the circuit acts as a weighted summer and 
subtractor. 

 
Case (i): Choosing 
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Thus the circuit may be utilized in the stage structure. 
 
Case (ii): Choosing 
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Thus the circuit may be utilized in the multiplying 
structure. 

V. ANALOG ARCHITECTURE  

An architecture to obtain the radix-2 DHT for N = 2, 4, 8 
and 16 shown in Fig. 7 have been implemented utilizing the 
basic analog circuit.  
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Figure 7.  Architecture to obtain the DHT for (a) N = 2, (b) N = 4, (c) N = 8 
and (d) N = 16. 
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Each butterfly in the SFD of the SS shown in Fig. 4 is 
implemented by a single analog stage structure circuit (SSC). 
Each stage has N/2 butterflies and hence requires N/2 SSCs 
to implement it. Similarly, each butterfly in the SFD of the 
MS shown in Fig. 4 is implemented by a single multiplying 
structure circuit (MSC). For each stage S from 1 to P – 2, 
there are 2(S - 1) MSs and each MS has (2(P - S - 1) – 1) MSCs. 
Hence, 2(S - 1) · (2(P - S - 1) – 1) are the total number of MSCs for 
each stage. The recursive structure allows generating the 
architecture for next higher order transform length from two 
identical lower order ones. It can be directly mapped into the 
SFD and provides a regular structure for easy 
implementation. 

VI. SIMULATION RESULTS  

The architecture has been tested by simulating it with the 
help of Orcad PSpice. The forward and the inverse 
transformations have been tested. It has been tested by 
applying different types of sequence patterns such as step, 
impulse, sinusoidal, ramp and found to obtain the desired 
output sequences. These output sequences are applied as 
input to the inverse transformation to retrieve back the 
original sequence. The theoretically calculated values and the 
outputs obtained by simulation for the forward and inverse 
transformations for these patterns are tabulated in Tables II 
to V.  

TABLE II.  RESULTS FOR STEP PATTERN  

Forward transformation 
output XH (mV) 

n 
Input 
 x(n)      
(mV)  Theoretical 

Values  
Simulation 

Results 

Inverse 
transform-

ation 
output 

x(n) (mV) 
0 1000 1000 1000 1000 
1 1000 0 0 1001 
2 1000 0 0 998 
3 1000 0 0 998 
4 1000 0 0 1000 
5 1000 0 0 1001 
6 1000 0 0 1001 
7 1000 0 0 1000 

 

TABLE III.  RESULTS FOR IMPULSE PATTERN  

Forward transformation 
output XH (mV) 

n 
Input 
 x(n)      
(mV)  Theoretical 

Values  
Simulation 

Results 

Inverse 
transform-

ation 
output 

x(n) (mV) 
0 200 25 25 200 
1 0 25 24 0 
2 0 25 25 1 
3 0 25 26 0 
4 0 25 25 2 
5 0 25 25 0 
6 0 25 26 0 
7 0 25 25 0 

 

TABLE IV.  RESULTS FOR SINUSOIDAL PATTERN  

Forward transformation 
output XH (mV) 

n 
Input 
 x(n)      
(mV)  Theoretical 

Values  
Simulation 

Results 

Inverse 
transform-

ation 
output 

x(n) (mV) 
0 0 0 0 0 
1 707 500 500 709 
2 1000 0 0 1000 
3 707 0 0 709 
4 0 0 0 2 
5 -707 0 0 -705 
6 -1000 0 0 -998 
7 -707 -500 -500 -705 

 

TABLE V.  RESULTS FOR RAMP PATTERN  

Forward transformation 
output XH (mV) 

n 
Input 
 x(n)      
(mV)  Theoretical 

Values  
Simulation 

Results 

Inverse 
transform-

ation 
output 

x(n) (mV) 
0 200 900 900 201 
1 400 -341 -340 398 
2 600 -200 -200 600 
3 800 -141 -140 798 
4 1000 -100 -100 998 
5 1200 -58 -59 1196 
6 1400 0 0 1396 
7 1600 141 140 1596 

 
The input sequence V(XN) corresponding to a ramp 

sequence pattern is shown in Figure 8 (a), the simulation 
results for the output sequence V(YN) obtained after the 
forward transformation is shown in Figure 8 (b) and the 
retrieved sequence V(ZN) after the inverse transformation is 
shown in Figure 8 (c). They are in good agreement with 
those obtained theoretically.  

 

 

(a) 

Figure 8. (a) Input sequence 
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(b)  

Figure 8. (b) Output sequence after forward transformation 

 
(c)  

Figure 8.  (c) Retrieved sequence after forward and inverse 
transformations  

VII. CONCLUSIONS   

In the existing algorithms [1]-[5], the stage structures 
perform all the additions and multiplications. They require 
the computation of stage dependent cosine and sine 
coefficients for each stage. The proposed algorithm 
introduces multiplying structures in the signal flow diagram 
which perform all the multiplications with the cosine 
coefficients and their related additions. This leads to 
simplification of the stage structures which are now similar 
in nature and perform only the additions. The proposed 
algorithm computes lesser number of stage independent 
cosine coefficients. The distinct advantage is that the number 
of multiplications is reduced without affecting the number of 
additions. Its recursive nature allows generating the next 
higher order transform from two identical lower order ones. 
It can be directly mapped into the SFD and provides a 
regular structure for easy implementation using the proposed 

basic analog circuit. The architecture utilizing this circuit is 
modular and can be scaled for large values of N unlike the 
neural net approach in [22]. It processes the data 
simultaneously at each stage and speeds up the 
transformation as compared to those which employ a 
multiply and accumulate approach as in [26]. Both the 
forward and inverse transformations have been tested by 
performing the simulation on Orcad PSpice. The architecture 
could prove suitable for signal processing applications using 
FPAAs [27]-[28]. 
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I. INTRODUCTION  

Over the last few decades, in many educational institutions 
around the world, e-learning techniques and collaborative 
methods have emerged as key sources of expansion and 
competition within the stages of the education process. With 
the advent and proper use of new multi-media tools and fa-
cilities, such as the internet and html-platforms, there is a 
constant and increasing contribution to the educational and 
learning processes, since information now becomes highly 
distributed as well as more comprehensive and integrated. 

Inevitably, under some performance limiting technology 
constraints, teaching and learning can now happen anytime 
and anywhere. The technological innovations provide to both 
teachers and learners a variety of new interactional situations 
in which all have their own particular characteristics. Some 
courses are using e-learning which are predominantly face-
to-face with some online interaction; some are blended with 
online interaction supplemented by face-to-face interaction 
in a more balanced fashion, while other courses take place 
primarily online, see for further details [20]. 

In this work, we provide the technical specifications for the 
conceptual design of an integrated e-learning solution using 
satellite communications for control systems courses. In the 
sequel a detailed account of all the necessary tools and 
mechanisms is provided while simulation results and con-

cepts for an end-to-end distant teaching solution of a basic 
Networked Control Systems course are introduced. Further-
more new hybrid architectures integrating advanced commu-
nication concepts with terrestrial networks towards a wire-
less e-learning Classroom for control education purposes are 
proposed. However, in order to describe the pilot platform, it 
is appropriate to briefly review and identify the basic con-
cepts of control theory such as: dynamical system, stability, 
feedback and dynamic compensation. These concepts should 
be understood by all mathematics and engineering tutors 
forming the common foundation of any control curriculum; 
see also [16], [24] and [25].  

Practically speaking, the e-learning platform should pro-
vide to both tutors and learners with several realistic and 
integrated applications coming from different fields of sci-
ence and engineering (circuit networks, robotics, finan-
cial/actuarial problems, biological systems etc), where 
mathematical equations have specific physical meaning and 
merit. 

For practical and pedagogical reasons, the e-learning plat-
form may contain all the necessary tools and state of the art 
infrastructure so that educators and learners are provided 
with the appropriate computational environment for in depth 
qualitative and computational investigations of the above-
mentioned techniques aided with figures, schematics and 
colourful diagrams. In addition, since in control and system 



VASILIS N. TSOULKAS et al: AN INTEGRATED E-LEARNING SOLUTION FOR CONTROL SYSTEMS  . . .  

DOI 10.5013/IJSSST.a.12.01.02  ISSN: 1473-804x online, 1473-8031 print 11

theory there exists a variety of theorems, propositions, crite-
ria and methods, it would be highly pedagogical and desir-
able that the e-learning platform provides the needed equip-
ment to communicate seamlessly and reliably with each 
other as well as with other institutions’ laptops and control 
labs. For instance, several examples of instability (note that 
stability is the 2nd concept of control) can be derived and 
more techniques can simultaneously be applied and com-
pared, and perhaps new ideas related to stabilization criteria 
and techniques could further be developed. Additionally, the 
very interesting mathematical tools used for the stabilization 
of different types of systems are varied in different fields of 
mathematics (from algebraic differential geometry to func-
tional analysis) that can be easily taught and attended. 

Finally, in the sequel, some further details of the most 
common applications of control theory into realistic situa-
tions are given; following the motivations and lines of the 
interesting article written by Murray et al. [18], published 
into the IEEE Control Systems Magazine. 

Over the last four or five decades, the advent of analog and 
digital electronics allowed control systems technology to 
spread far beyond its initial applications and foreseen expec-
tations and has made it an enabling technology in a plethora 
of applied scientific areas. Visible successes from past in-
vestment in the control sector include: 
 Guidance and control systems for aerospace vehicles, in-

cluding commercial aircraft, guided missiles, advanced 
fighter aircraft, launch vehicles, and satellites; these control 
systems provide stability and tracking in the presence of 
large environmental and system uncertainties. 

 Control systems in the manufacturing industries, from 
automotive to integrated circuits; computer-controlled ma-
chines provide the precise positioning and assembly re-
quired for high-quality, high-yield fabrication of compo-
nents and products. 

 Industrial process control systems, particularly in the hy-
drocarbon and chemical processing industries; these sys-
tems maintain high product quality by monitoring thou-
sands of sensor signals and making corresponding adjust-
ments to hundreds of valves, heaters, pumps, and other ac-
tuators. 

 Control of communication systems, including the tele-
phone system, stability of delayed optical networks, cell 
phones, and the Internet; control systems tools regulate the 
signal power levels in transmitters and repeaters, manage 
packet buffers in network routing equipment, and provide 
adaptive noise cancellation to respond to varying transmis-
sion line characteristics. 

 Special mention should be given to the recent develop-
ments of the emerging field of Networked Control Systems 
(NCS’s). That is the integration of communication and 
control sub-systems into a coherent well coordinated proc-
ess were control is achieved over a real time wired or wire-
less data network.  
These applications have had and are continuously generat-

ing an enormous impact on the overall productivity of mod-
ern society. Even more, quite recently, in [23] a prototype 
telemedicine centre that can be initiated by private-public 

health sector partnerships (PPP) is constructed. The approach 
has been introduced considering systems and control science 
conceptualisation and formalism, since several constructive 
formal methods and powerful tools of these two fields of 
engineering and mathematics have been widely applied. The 
whole project is based primarily on satellite facilities; see 
Galileo/ESA initiatives; see ESA [11-13].  

Thus, an intelligent, integrated engineering-systemic model 
structure is described that can be easily adapted to serve mul-
tiple and diverse user needs. The proposed model demon-
strates the promise of IC technologies in the delivery of pa-
tient-centred healthcare. Moreover, it provides a stepping-
stone for distant continuing education between academic 
health sciences’ centres, i.e. the Nursing Departments of 
Universities, the Medical Centres, the Hospitals, the Health 
Care Laboratories etc.  

 

II. AN ORGANIZED APPROACH FOR THE TEACHING 

PROCEDURE  

Let alone all these practical applications and all the inno-
vative technological trends that should be considered, we 
must also find and to a certain extend re-invent an appropri-
ate pedagogical way to teach courses in control theory and 
practice. Indeed teaching control courses involves more than 
just transferring to students certain mathematical concepts 
and sophisticated techniques. It is a way to provide deeper 
insight and to develop mental habits for the understanding 
of control concepts and practices. It is common true; see 
also [14] that students learn more willingly by processing 
from the specific to the general and by working simple 
problems before approaching more difficult and challenging 
ones. Hence, it is most advantageous to organize e-learning 
teaching procedures by arranging a sequence of computa-
tional and theoretical laboratory short projects which gradu-
ally proceed from simple to more advanced tasks. In the 
next few lines, we try to design the educational e-learning 
platform considering several didactic and pedagogical as-
pects:  
At first, the proposed platform must be user friendly and 

easily adaptable on the basis of student-to-student needs 
and class-to-class didactic requirements. Moreover, the 
platform should be fully scalable and continuously up-
dated with new software and hardware tools and facilities. 

Secondly, the students should be able to interact, to plan 
and to propose specific engineering problems from differ-
ent disciplines such as Power, Aerospace, or Robotics. Af-
terwards, with the tutors’ assistance, they should gain a 
deeper understanding of the problem, investigating the ba-
sic mathematical tools and designing constructively the 
necessary steps in solving it. Very often incomplete under-
standing and unwillingness for participation is due to lack 
of concentration. Therefore, the tutor should enhance stu-
dents’ curiosity and motivation in solving the engineering 
problem. 
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Thirdly, the platform should be able to collect easily ques-
tions, inquires and ideas proposed by the students. In fact, 
to conceive new ideas and thoughts is one of the main 
achievements of the educational interactive process. Some 
students are more capable in stating questions, while oth-
ers might be more interested in answering them or work-
ing with them. 

Fourth, the platform should provide the theoretical as well 
as the practical aspects of control problems. Students 
learn easily through hands on experience. The platform 
should further develop the abilities of the students for en-
gineering problem solving and design rather than just 
teaching specific tailor made techniques of the cookbook 
type. An easily accessible theoretical background enriches 
students’ motivation especially in the engineering depart-
ments. On the other hand, laboratory experiments and PC 
spots, figures and graphics attract the students of the ma-
thematics departments. 

Fifth, students should be able to present their results, 
thoughts and plans orally as well as in writing. The plat-
form should provide all necessary tools in this direction. 
Communication among students of the same University or 
with other Universities is of primary importance. Writing 
a good and useful report or preparing a successful oral (or 
interactive) presentation requires skills and effort. A prob-
lem in mathematical science is solved, if the students can 
convince others that they have actually solved it. Defi-
nitely, communication standards should be emphasized in 
the learning and education process. 

Finally, students should be able to re-examine and re-
assess their own results. Some of the best effects may be 
lost if the students fail to re-visit the finished projects and 
designs, in order to obtain more well ordered knowledge, 
and perhaps more general conclusions.  

 

III. OVERALL PILOT DESCRIPTION OF OUR MODEL 

The proposed platform consists of the necessary H/W and 
S/W infrastructure and the respective educational content 
and it realizes teleconference sessions between a central 
office (tutor) and at least two (2) remote sites (learners). 
Communication between these sites is realized using the 
Hellas Sat bi-directional satellite platform. 

Moreover it enables all participants to communicate with 
each other and exchange messages and ideas through text, 
audio and video. More specifically, all users will view a live 
video stream (coming from the tutor’s site). This stream can 
be either the instructor himself or any other video source 
(e.g. video tape) and can display content that is essential for 
a deeper understanding of the subject being covered. 

In addition, all participants can work collectively on the 
same applications and share their own content. Apart from a 
suite of standard tools, such as slide show, whiteboard and 
html browsing, the participants can actually share a PC or a 
Laptop with all relevant applications. 

Furthermore, at any instance during a session a student 
can request permission to use the system resources, by 
“raising his/her hand” and as soon as the instructor passes 
the token to the requesting student, the latter can work on 
the applications or even speak through a microphone. This 
conversation will be either private, i.e. between the instruc-
tor and the learner, or can be heard by all session partici-
pants. When the student is done, he/she passes the token 
back to the tutor. 

Finally, through the platform a video on demand proce-
dure will allow all remotely located students to share post-
processed previous online lessons with the accompanied 
documentation available for downloading. This “Video-on-
Demand” is transmitted in a specific time schedule pub-
lished to the relevant sites, thus enabling trainees to further 
study the training material at their own pace or getting pre-
pared for later sessions. 

It is emphasized that the performance expectations created 
out of any type of e-learning platforms should be certainly 
high, at all levels of the education process. However, it is 
questioned how much of it is going to be truly feasible, and 
up to what point it can help particularly in the case of 
mathematically oriented courses. The reasons behind the 
high expectations on distant-learning stem from well-known 
characteristics of e-learning systems; see for more details 
[5]: 
In principle, access is possible from anywhere - any time, 

thus making possible flexible (even just-for-me) and just-
in-time courses of learning. 

The tutor can be anywhere and do most of his teaching job 
at any time (preparing materials or following-up and 
coaching his students-learners). 

Synchronous activities of a tutor (or tutors) and a learners’ 
group (at an agreed time) is allowed, but again without re-
strictions on the location of the people involved, and, even 
more, with the possibility of addressing a much larger au-
dience than a conventional class. 

Assessment, to a large extend, can be automated and final 
grading can be seamlessly integrated into the institution’s 
information system. 

The learning material and experiences can be enriched in 
many ways, and can be easily maintained and updated (as 
compared to preparing, a new edition of a text book). 

There are also indications that motivations for deeper un-
derstanding and stronger retention may be induced. 
Consequently, some of the fundamental questions that 

anyone could raise involved in the e-learning educational 
procedure relate to proper adaptation issues. In particular 
how someone can attach all these innovative concepts of 
new technologies to improve the quantity and the quality of 
the learning process in mathematics, since there are many 
levels that need to be considered, and many variations 
within each level, that cannot be expected to be considered 
as a universal recipe. Thus, reviewing the next lines, for the 
proposed scheme, we are making the assumption that 
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mathematical control courses are provided for fresh-
man/sophomore level of the mathematics and engineering 
departments. 

 

IV. INEGRATED  Ε- SERVICES AND APPLICATIONS 

The proposed educational platform provides the tools and 
mechanisms that enable real-time text, audio/video based 
communication between the tutor and the learner. The ser-
vices that will be offered include: 
Virtual classroom, i.e. the transmission of live content 

among the pilot sites. 
Offline operation, i.e. the review of previously saved ma-

terial, thus enabling learners to further study the training 
material at their own pace or to get prepared for later ses-
sions. 
The applications and tools included in the e-learning plat-

form cover the needs for an interactive collaboration envi-
ronment that can efficiently support distant-learning ses-
sions. These applications include: 
Sharing of applications: All participants can actually 

“share” a PC, along with all relevant applications, without 
the need of actually installing these applications on all par-
ticipants’ machines. More specifically they can share: 

(i) A whiteboard application for the creation and editing of 
diagrams and drawings, using standard tools (lines, boxes, 
circles, ellipses and arrows), freehand drawing, imported 
images and text. The attributes of the drawing elements (col-
or, fill, width, etc.) can be specified/modified at any time, 
while certain help features (grid, snap to grid, pointers, bring 
to front, send to back, etc.) allow users to interact and jointly 
create easily complicated shapes and diagrams. 
(ii) An html browser application for navigation through lo-
cally stored content or the Internet thus ensuring that all us-
ers are viewing the same page at all times. The application 
provides the standard browsing functionality (Stop, Refresh, 
Back, Forward), while it allows users to edit a bookmark, list 
and add or delete entries according to their preferences. The 
bookmark list can also be used as a table of contents for lo-
cally/remotely stored training material and facilitate the in-
structor or students to browse their “electronic notes”. 
(iii) A MATLAB web application, see also [3], can be used 
since several aspects in control courses (see also [1]) can be 
demonstrated using creatively the MATLAB/Simulink envi-
ronment. During the e-learning process tutors and students 
can use PC with MATLAB where several of the basic con-
cepts of control theory can be appeared, refer also to the first 
section. To enable tutors and learners to use the same or a 
common working environment individually on their home 
computers, or even using an Internet connection, we use the 
MATLAB Web Server (MWS). MWS is a cgi-bin application 
that is used to launch MATLAB script files (m-files) re-
motely. The user can give parameters that are used during 
the m-file execution. With MWS, almost all built-in and self-
written MATLAB functions and routines can be called from 
the m-file, including functions that produce graphics to be 
shown to the user. The following set of automatic control 

related problems can be solved and demonstrated with the 
existence of m-files of MWS: 
 

 polynomial mathematical operations, 
 polynomial roots finding, 
 solution of a matrix equation Ax =b, 
 pole-zero map of LTI models, 
 step response of LTI models, 
 process model simulations (storage tanks and heat 

exchangers), 
 closed-loop simulations, and networked control 

with delays 
 optimization tools, 
 pricing tools etc. 

 
(iv) A slide show application for PowerPoint presentation 
ensuring that all users are viewing the very same slide at all 
times. The application provides typical browsing capabilities 
(moving to next/previous/first/last slide or to a specific one), 
while it allows the active user to draw annotations on the 
slides (lines, pointers, etc.), in order to present his/her ideas 
more clearly, while on the other hand, viewers may easily 
follow-up and better understand the content presented. 
Private and public chatting: any participant is able to send 

a text message to his/her classmates (public chat). The 
messages of all users are displayed in the order they ar-
rived, while the name of the sender is added at the begin-
ning of every message. This functionality is available to 
trainees at all times, unless the instructor has specifically 
disallowed chatting during a session. In addition, there is 
the ability for a private discussion between the instructor 
and a learner (private chat). Both parties may initiate this 
conversation while all messages exchanged during such a 
session are not broadcasted, unless the instructor decides to 
do so with a simple click of a button. 

Audio/video streaming: all users are able to view a live 
video stream (coming from the tutor’s site). This stream 
can be the instructor himself or any other video source (e.g. 
a video tape) and can display content that is essential the 
subject being taught. At any time-slot during a session, a 
student can request permission to use the system resources, 
by “raising his/her hand” and as soon as the instructor 
passes the token to the requesting student, the latter can 
work on the applications or even speak to all participants 
through a microphone. When the student is done, s/he can 
pass the token back to the tutor, or the tutor can obtain it 
any time, should s/he decides to do so. There is a “Partici-
pants List” which displays the participants of the current 
session, as well as the status of each participant (e.g. raised, 
active etc.). 

V. SERVICE REQUIREMENTS  

A. An overview of the service   

A typical online learning program includes the text and 
graphics of the course, exercises, testing, and record keeping, 
such as test scores and bookmarks. Extending the basic con-
cept, e-learning introduces real-time interaction among par-
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ticipants. Organizations planning to contact interactive com-
puter-based sessions, need a number of collaboration and 
content presentation tools that will enable all registered users 
to participate in a lecture and access the training material or 
create their own “notes”. Furthermore, the system should 
support offline operation enabling the students to review the 
material at their own pace, any time they feel they need to do 
so for their own better understanding. 

Such a tele-education set-up can be utilized only via 
broadband connections that allow content (i.e. audio and 
video streams) and data streaming to be transmitted towards 
the student group. At the same time students need be able to 
interact with their instructor using an appropriate return 
channel. 

 

B. Equipment Use  

The proposed pilot system enables the interconnection of 
the tutor (trainer) unit (central site) with the students units 
(remote sites). All users will work over a standard PC with 
the “client” part of the educational application and they will 
be connected to a Local Area Network in order to have ac-
cess to the Internet and browse web pages. 

In the central site (trainer’s studio) there will be special-
ized equipment installed, such as microphones, digital cam-
eras, video projectors and VCRs, as well as the respective 
audio and video consoles. This audiovisual infrastructure 
will stream content from the instructors’ site towards the 
students. In addition, there will be appropriate equipment 
and applications for image processing and video postpro-
duction, which will be used either for educational purposes, 
i.e. as part of the courses to be delivered, or as tools for pre-
paring the training material for offline operation.  

In the remote sites (students’ workstations), all students 
will be able to respond to questions or submit comments to 
the instructor through their microphones connected to their 
PCs or by using their standard keyboards. 

The communication between the central and remote sites 
will always go through the Head End where there is the 
“server” part of the tele-education system. In both the in-
structor’s and the students’ sites there is the “client” part of 
the tele-education system. The communication will be real-
ized with the DVB-RCS satellite backbone infrastructure, 
guarantying proper and reliable bi-directional communica-
tion among users. 

 

C. Personnel and premises description  

The facilities both centralized (in main site) and distrib-
uted (in the other sites) network structures can be based on 
conventional switches. A Leased line (at least 256kbps) is 
complementary available in the main site. For live video 
broadcasting a Panasonic digital video console with a Mack-
ie digital audio console can be used to produce video 
streaming. For offline content postproduction two AVID 
DV Suites can be used. Finally the streaming content can be 
published through a windows media encoder installed on a 

Windows Server machine. For the image processing appli-
cations Adobe Photoshop and Corel Photopaint is used 
while for video editing Adobe Premiere or AVID DV-
Xpress is used. 

In every site, an IT team is proposed which will be re-
sponsible for proper system operation while sessions will be 
prepared and delivered by highly specialized professors of 
the educational institute.  
 

VI. TYPICAL EVALUATION PROCEDURE AND SIMULATION 

PERFORMANCE OF NETWORKED CONTROL SYSTEMS (NCS) 

A. Typical Evaluation Procedures 

During the pilot operation the tele-education service will be 
evaluated in terms of the educational process as well as of 
the required infrastructure. More specifically, the quality of 
the service (QoS) will be assessed using the following crite-
ria: 
1. quality and usability of  available tools,  
2. effectiveness of  the response time of the bi-directional 
communication upon the overall educational procedure, 
3. users’ acceptance and friendliness, both for the instruc-
tors and the students (questionnaires are going to be filled by 
the end users).  

Furthermore, the infrastructure needed for the utilization of 
the service will be assessed using the following criteria: 
1. installation and customization time, 
2. reliability of the network, and 
3. user friendly administration of the platform. 

The above parameters will be valued against the cost of in-
stallation and operation of the service. The cost benefit of the 
tele-education pilot will provide useful information for fine-
tuning the commercial offering of the service. 

Interviews, self-reporting and observational methods will 
be used on the basis of their feasibility and appropriateness 
for each user group. Suitable tools, e.g. questionnaires, will 
be developed prior to the operation phase and they will be 
fine-tuned during the pilot operation according to the special 
needs of each user group. 

 

B. Simulation Results of a Networked Control System 
(NCS) 

An interesting use of the proposed platform is the teaching 
of fundamental issues in the rapidly emerging field of Net-
worked Control Systems (NCS) see [2], and [11] for ana-
lytical and detailed overview. A basic issue is the inevitable 
presence of networked induced delays introduced either by 
the shared Internet infrastructure or/and the satellite link. A 
typical simple setup is presented in Figure 1. 
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Figure 1: Typical Networked Control Loop (S=Sensor, A=Actuator, 
C=Controller) 

 
For educational purposes the remote control of a DC mo-

tor via a simulated network with delay is presented see also 
[10]. Indeed the proposed platform is ideally suited for in-
troducing students into the fundamentals of NCS technolo-
gies within a control systems curriculum, since the induced 
delays are unavoidable by the very nature of the platform’s 
infrastructure. In the sequel we present simulation results of 
a simple experiment controlling a DC motor with transfer 
function:  

    
2029

26.3 2.3MG s
s s


 

, 

while the employed PI speed controller  is of type:  

   /p i p

PI

K s K K
G s

s

 
 
  

. 

The parameter β was used in [4] as a scheduling variable 
taking care of the network delays.  

The PI controller was tuned neglecting the network delays. 
The chosen parameters are β=1.0, Κp=0.1701, Ki = 0.378 
were selected based on overshoot and settling time specifi-
cations. The total round-trip delay was taken to be a con-
stant total delay of 0.0965s. Assuming that the total delay is 
equally divided between the uplink path (controller to actua-
tor; see Figure 1) and the downlink path (sensor to control-
ler) the tracking performance degradation is drastic as can 
easily be seen in the provided Figure 2 below where a com-
parison is made between the NCS (= delayed) version of the 
control and the delay-free case. In the summary report see 
related reference (TCP/IP Performance) a detailed account 
of the TCP/IP performance over satellite links with corre-
sponding delays is provided for an error free non-congested 
channel. Relevant tables are given for terrestrial, hybrid and 
satellite links. 
 

VII. TELE-EDUCATION PILOT ARCHITECTURE 

A. User Needs and  anticipated results 

One of the objectives is to set up an integrated training so-
lution that enables any organization and corporation (end-
users) to continuously educate their personnel. The pro-
posed solution is best fitted in asymmetric, broadband envi-
ronments (such as the satellite) where the geographic dis-
persion as well as the number of the concurrent participants 
practically prohibits the adoption of any other, typical web-
based training systems. Such a competitive advantage is also 
highlighted in case the training material includes multimedia 
or bandwidth hungry content (such as video and audio). 
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Figure 2: PI control of a DC motor with constant total delay 0.0965 s 

 
The tele-education service is expected to benefit the user 

in terms of: 
1. Fast and easy deployment of the system, especially in 

remote geographical areas. 
2. Interactive tutor- student  communication   
3. Low operational costs as user-friendly graphical inter-

faces hide all communication and presentation complexi-
ties eliminating the need for trained personnel. 

4. Low training costs due to enhanced multicasting tech-
niques. 

 

B. System Description 

The tele-education platform includes two major compo-
nents: 
a) Transport and communication module 
It is responsible for handling all data exchanges between the 
users of the system. It is also responsible for receiving mes-
sages from the user in control and broadcast them to all 
other participants. In addition, this module handles the de-
livery of the required assets (images, videos, training mate-
rial etc) from the teacher’s site to the registered students. 
Finally, the communication module handles the broadcast-
ing of the live video stream, as well as the audio stream that 
is generated when a student in control speaks to the micro-
phone. The required sub-components for the communication 
module can be found in the Uplink and Downlink Server 
and have no interaction with the operation logic of the train-
ing application, in order to provide a well-defined layered 
architecture for the entire system.  
b) Training logic module 

This module contains the logic of the training system and 
hosts the applications (whiteboard, text editor, html browser 
etc) that provide its functionality. It is responsible for gener-
ating all necessary messages, depending on user or system 
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actions and passing them to the communication module for 
broadcasting. It also receives the messages sent by other 
system users and acts accordingly. Due to the fact that this 
module is unaware of the communication infrastructure, the 
same application can operate in stand-alone mode, as well 
as LAN mode. This feature makes the whole system scal-
able and allows for various configurations to be supported 
from the same application environment, without the user 
knowing anything about network connectivity complexities. 
It is not a complete Content Management System (CMS) 
but if needed it can be integrated with one. 

 
The Head End which consists of two parts: 
(1) A group of servers utilizing advance multicasting trans-
mission techniques enabling the reliable transmission of 
information over the satellite and its distribution to the Lo-
cal Area Networks (LANs). More specifically, there are 
four (4) unicast servers, two (2) multicast servers (Content 
Provider Management System – CPMS) in a “hot standby” 
mode 1+1, one (1) server for the SOCKS protocol, two (2) 
IP traffic managers for the local network in “hot standby” 
mode 1+1, one (1) server for storing the web pages, two (2) 
IP encaptulators in “hot standby” mode 1+1 and all the re-
quired communication infrastructure such as switches, fire-
walls etc.  
(2)  A group of servers for the pilot application, i.e. an ap-
plication server, a media server and the REFLECTOR 
which contains the central database and the tools required 
for the authentication of the users and administration of the 
application.  

The communication-related infrastructure can support 
several simultaneous users while the application-specific 
infrastructure is preferred to be dedicated to one active user 
for bandwidth constraints and to simplify platform man-
agement issues during the pilot operation. 

The Network infrastructure is a satellite network that util-
izes the DVB-RCS standard infrastructure, guarantying 
proper and reliable bi-directional communication between 
the users. 

The Tutor’s studio includes a video/audio encoder and the 
instructor’s workstation with the Graphical User Interface 
(GUI), which allows the instructor to manage the applica-
tions and coordinate the synchronous training sessions. The 
video/audio source may be from any source considering the 
technical specifications of the encoder. 

The Learners’ workstations include similar GUI to the 
one included in the trainer’s workstation (with some slightly 
modified functionalities), while they are all interconnected 
to a LAN having a single downlink server to administrate 
the communication between all training parties (tutors and 
learners). Furthermore, they are equipped with a micro-
phone in order for the trainee to submit comments and ques-
tions to the instructor. 
 

C. System Architecture   

Communication between the central and remote sites is 
always going through the Head End where there is the 
“server” part of the tele-education system. Due to the nature 
of the service, the bandwidth requirements of the instructors 
side are 2048 Kbps both for uplink and downlink, while at 
the students’ sites 2048 Kbps for downlink (receive) and 
512 Kbps for uplink (transmit) is needed. The proposed ar-
chitecture can be seen in Figure 3, see [25]. A communica-
tion link in the form of a leased line (SDH) is also required 
to provide a steady and reliable link between the Satellite 
Hub and the Head End. In that way, a double hop is avoided 
on the satellite between the instructor’s site and the stu-
dents’ sites. The latter is consuming excessive satellite 
bandwidth and at the same time is adding delay to the link. 
The architecture diagram depicts a satellite connection at the 
Head End only for redundancy purposes. 

At this point it is constructive to briefly point out that the 
RCS (Return Channel via Satellite) platform is capable of 
supporting independent networks providing different kinds 
of applications within the HellasSAT coverage. DVB-RCS 
provides bi-directional broadband connectivity via satellite 
with bit rates comparable or exceeding terrestrial systems, 
enabling services such as fast Internet access, intranet/VPN 
for secure connections, multicast and real time applications; 
see [6-9]. 

The configuration of the DVB-RCS system is in the form 
of a star network architecture consisting of a ground station 
Hub and a number of Satellite Interactive Terminals (SITs). 
The proposed system is able to support up to 100 simultane-
ously active SITs and it can be upgraded to support up to 
10.000 terminals. 
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Figure 3: Integrated Educational System Architecture 

The forward link, from the central Hub, is based on the 
DVB-S/MPEG-2 data format and is capable of carrying 
information with bit rates up to 45Mbps. In the receiving 
site, each SIT connected to the network is able to upload up 
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to 2Mbps per carrier in the return direction using the so-
called Multi Frequency-Time Division Multiple Access 
(MF-TDMA) scheme. 

The basic reasons that make this technology attractive are 
its flexibility, the low cost of its Satellite Interactive Termi-
nals (compared to VSATs) and finally the fact that it is de-
veloped to be an open standard. The reasons mentioned are 
briefly explained below: 
Proprietary very small aperture terminal (VSAT) equip-

ment has been available for a number of years, but has ad-
dressed only a very limited market. The key reason for this 
limited uptake is the high cost of VSAT terminal equip-
ment since each provider uses its own proprietary solution.  

The European Space Agency has created a group named 
Satlabs aiming at pushing the key terminal and hub manu-
facturers to make their own DVB-RCS solutions inter-
operable, hence opening new opportunities for adoption of 
satellite solutions. 

The DVB-RCS technology has a very effective network 
management system with simple functionality that has 
also the capability of giving levels of priority to the de-
mand and reserve the appropriate space capacity for each 
case. 
 

VIII. THE HYBRID E-LEARNING CLASSROOM PLATFORM 

A. Hybrid Architectures 

As it is demonstrated in [19] the adoption of wireless ac-
cess point (AP’s) is already gaining a sustained popularity in 
almost every aspect of our everyday activities. For example 
the IEEE 802.11b wireless LAN has found a plethora of ap-
plications including university campuses were students and 
teaching personnel are experimenting with the capabilities of 
the network. In that respect the convergence towards a wire-
less E-learning classroom were all mobile users have access 
“anytime – anywhere” is becoming a reality. Within the con-
text of our paper various control theory concepts and para-
digms can be taught over wireless distant learning networks; 
see [17], [21], and [22]. We further extend the capabilities of 
integrating the DVB-RCS communications standard with a 
class of terrestrial broadband last-mile access technologies 
such as WiMAX and Wi-Fi for the provision of advanced 
Broadband services. In that way we provide an integrated 
informative view of the available technologies for the con-
struction of a highly innovative and realistic E-learning 
classroom using state of the art communication and terres-
trial infrastructures. We do not mention since it is beyond 
our objective, two more scenarios that can form hybrid net-
works which involve Power Lines and DSL. 

Indeed a typical model for a hybrid network using DVB-
RCS and Wi MAX (World Wide Interoperability of Mi-
crowace Access-IEEE 802.16) is depicted in the figure be-
low. 

 

 
 

Figure 4: Hybrid DVB-RCS / WiMAX network 

 
In this type of configuration distributed point –to-

multipoint connectivity is accomplished on a local level to 
mobile users using terrestrial access technology. In parallel 
time the satellite provides traffic aggregation and backhaul-
ing using a sat hub/gateway and high capacity Internet point. 
It is interesting to note that the above schematic reveals a 
low cost realistic solution deploying a DVB-RCS terminal to 
be shared by many end – users or groups of users located at 
different University campuses. It is noted that the Wi-MAX  
Base Station (BS) can be connected using fibber, point to 
point RF or satellite links to the Internet cloud / backbone. 
Then Internet connectivity is distributed to the end-users who 
are using the subscriber stations (SS) to interface with the 
Base Station. The allowable bandwidth is up to 40 Mbps / 
channel for fixed connections and up to 15Mbps / channel 
for wireless links. The WiMAX standard includes various 
and extensive support for Quality of Services (QoS) such as 
multimedia and other interactive applications. The MAC 
layer includes services such as Real-time data streams (VoIP 
traffic), Real-time Polling Services (video traffic), Non-real 
time Polling Services (delay tolerant streaming) and Best 
Effort (no specific requirements for delay or rate). Moreover 
additional applications are supported such as VoIP and 
Video-Conferencing, Streaming media (video clips), Infor-
mation Technology (instant messaging, Web browsing, e-
mail) and Media content download (Store and Forward bulk 
data, e.t.c.).  

The Wi-Fi (IEEE 802.11) standard for the hybrid scenario 
is well more industry mature enjoying a higher penetration of 
AP’s (Access Points) but which is primarily of LAN type 
technology. The maximum physical layer data rate is up to 
11Mbps for 802.11b and the interfacing between Access 
Points and end-user equipment is realized primarily with 
Ethernet while end-user AP’s are managed only via HTTP 
Web interface. The interoperability issues arising with the 
DVB-RCS standard are of similar nature with the previously 
mentioned WiMAX standard. All IEEE standards which are 
applicable to Wi-Fi are contained within the IEEE 802.11 (a, 
b and g) group. Moreover it supports most IP-based applica-
tions. At this point it is noted that for an urban and remote 
location WiMAX is probably the most suitable choice to 
follow when there is no available or existing wired infra-
structure.  

In  the following Tables 1 and 2 a brief catalogue of Net-
work Operating QoS requirements and the corresponding 
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applications is presented that are supported by the hybrid 
architectures DVB-RCS with WiMAX and WiFi technolo-
gies. 

 
Table 1.  (QoS)-Quality of Service requirements for different broad-

band  advanced applications 
Broadband 

Internet applica-
tion 

Bandwidth 
(kbps) 

Delay 
(ms) 

Packet 
Loss (%) 

Jit-
ter(ms) 

Streaming Audio 
≥10 

(voice) 
≤5,000 

≤3% (non-
concealed) 
 
≤8% (con-
cealed) 

N/A 

Streaming Video 
Varies by 
format (5- 

15,000,000) 
≤5,000 

≤3% (non-
concealed) 
 
≤8% (con-
cealed) 

N/A 

VoIP 
Varies by 

codec(5-80) 

≤400 
(ade-
quate) 

≤1-2% 
(noncon-
cealed) 
≤6% (con-

cealed) 

≤75 
(ade-
quate) 

Videoconferenc-
ing 

Varies by 
codec (5-
20,0000) 

 
≤400 
(ade-
quate) 

≤1-2%  
(noncon-
cealed) 

≤6% (con-
cealed) 

≤75 
(ade-
quate) 

VPN 
High  (var-

ies) low low low 

 
 

Table 2. Applications supported by the 2 hybrid   
network schemes 

Broadband Internet 
application 

DVB-RCS/ 
WiMAX 

DVB-
RCS/WiFi 

Email Yes Yes 

Interactive Text Partial Partial 
Web Browsing Yes Yes 
File Tasnfer Yes Yes 
Streaming Audio Yes Yes 
Streaming Video Partial Partial 

VoIP Yes Partial 
Videoconferencing Yes Partial 
VPN Yes Yes 

 
In all of the above scenarios advanced broadband services 

can be delivered including remote Power lines and DSL. In 
that case different interoperability issues need to be ad-
dressed. The only potential source of performance degrada-
tion could be the satellite network segment caused by higher 
latencies and BER (bit error rates) when compared to terres-
trial solutions. Nevertheless technologies such as Perform-
ance Enhancement Proxy (PEP) and advanced Web pushing 
and caching in conjunction with the very good quality of 
service provision of the DVB-RCS standard allow the sup-
port of very satisfactory broadband applications within the 
proposed hybrid integrated network.  

 

IX. CONCLUSIONS  

An initial attempt has been made to place on the control 
curriculum (with sample programs relying from past experi-
ences in the Engineering Department of NTUA, in the De-
partment of Mathematics and the Department of Statistics of 
the University of Athens and Athens University of Econom-
ics and Business, respectively, in Greece, and in the School 
of Engineering and Mathematical Sciences, City University, 
U.K.), the significance of laboratory hands-on experience, 
and the increasingly important role of different software 
applications in conjunction with communication network 
architectures in teaching and e- learning.  

The ways in which educational experience shapes control 
courses is discussed with views from highlighting the desir-
able skills and knowledge of a well educated control engi-
neer and systems analyst in the 21st century. Special atten-
tion has been given not to the historical origins of control 
systems, but to the future. It is expected that stronger em-
phasis on integrated control laboratories and use of sophisti-
cated software will perhaps have the highest impact on the 
quality and level of graduates’ training. In that direction a 
NCS educational paradigm with simulation results for the 
control of a DC motor over a network and the performance 
degradation due to the induced network delays were intro-
duced. In conclusion, the future of control systems educa-
tion will undoubtedly experience [16]: 
more real-world laboratory experiments with novel appli-

cations, 
increased reliance on computer-aided control software, 
broader education of control courses and more emphasis 

on interdisciplinary teamwork activities, 
closer ties between real applications and problems, and 

academia, particularly those related to continuing educa-
tion, 

continued novelty in the ways control textbooks blend 
theory and applications for a computer-based instructional 
environment, 

pedagogical discussions among educators on aspects of  
control courses teaching, 

continuous updating and sophistication in the laboratory 
(computer visualization, interactive and virtual) environ-
ment as technology keeps advancing rapidly, 

more programs are expected to present newly developed 
control concepts in the form of highly specialized courses.  
In conjunction with the above special attention was given 

to hybrid communication infrastructures. A successful dis-
tant learning technical course depends strongly on the avail-
able technological assets it exploits. In that direction spe-
cific guidelines and technical standards are given for the 
implementation of hybrid networks using satellite and ter-
restrial configurations. In the near future it is expected that 
low cost and easily implementable architectures of the hy-
brid type will gain even greater popularity among academia 
and will be systematically deployed for distant learning con-
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trol courses enriching the educational experience of the end 
user.  

It is evident that much further work needs to be accom-
plished, towards fully scalable, end-to-end and integrated e-
learning solutions capable of fulfilling the academic needs 
of educators and. students. 
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Abstract - In recent years, we have witnessed a growing interest in optimizing the high performance computing (HPC) solutions 
using advanced CPU and Interconnect technologies. These advances are driven by the fact that CPU manufacturers are facing 
extreme challenges in doubling the processors’ speeds due to various reasons, such as the high temperatures and power 
consumptions. Therefore and as a continuation to Moore’s law, recent trends in HPC systems have shown that future increases in 
performance can only be achieved through increases in system scale using a larger number of components, such as multi-cores and 
faster interconnects. In this paper, we evaluate a large-scale Infiniband cluster, equipped with Intel’s latest Westmere processor 
using two MPI implementations. The paper presents the cluster configuration and evaluates its performance using various High 
Performance LINPACK (HPL) and Intel MPI (IMB) benchmarks. Our results show that system scalability can still be achieved 
with up to 87% efficiency when considering the right combination of MPI, interconnect and CPU technologies. 

Keywords — HPC, Linpack, Pallas, Infiniband. 

 

I. INTRODUCTION 

In recent years, we have witnessed a growing interest in 
optimizing the high performance computing solutions using 
advanced CPU and Interconnect technologies. This interest 
is driven by the fact that single CPU-chips are reaching their 
physical limits in terms of heat dissipation and power 
consumption. Therefore and as a continuation to Moore’s 
law, recent trends in HPC systems have shown that future 
increases in performance can only be achieved through 
increases in system scale using a larger number of 
components, such as multi-core CPUs and ultra-fast 
interconnects. Accordingly, scaled-out computing is clearly 
becoming the trend. 

In terms of HPC interconnects, there are several network 
interconnects that provide ultra-low latency (less than 1 
microsecond) and high bandwidth (several gigabytes per 
second). Some of these interconnects may provide 
flexibility by permitting user-level access to the network 
interface cards for performing communication, and also 
supporting access to remote processes’ memory address 
spaces [1]. Examples of these interconnects are Myrinet 
from Myricom [6], Quadrics [5] and Infiniband [8]. The 
focus of this paper is on the Infiniband architecture, which is 
one of the latest industry standards, offering low latency and 
high bandwidth as well as many advanced features such as 
Remote Direct Memory Access (RDMA), atomic 
operations, multicast and QoS [10]. Currently, available 
Infiniband products can achieve a latency of 200 

nanoseconds for small messages and a bandwidth of up to 3-
4 GB/s [1]. As a result, it is becoming increasingly popular 
as a high-speed interconnect technology option for building 
high performance clusters. 

In terms of compute power, Intel and AMD are still the 
leaders in the CPU industry, dominating the top500.org list 
of the most powerful supercomputers worldwide, and taking 
over 80% of HPC as of 2010 [17]. Nowadays, most of the 
high performance clusters use multi-core CPUs in their 
compute nodes, ranging from 2 to 4 cores per nodes, while 
6-cores sockets will be become more common on clusters as 
Intel and AMD released their Westmere and Phenom II 
multi-core CPUs, respectively [15]. 

Our objective in this paper is to evaluate the performance 
of a large-scale Infiniband cluster using two of the most 
commonly used MPI implementations. As systematically 
described in the evaluation section, we first built a 
performance baseline for our HPC machine using 
LINPACK [1] benchmarking utility, to ensure that our HPC 
cluster is tuned properly. Subsequently, we evaluated two of 
the most commonly used MPI implementations in the HPC 
industry, which are MVAPICH2 and Intel MPI using the 
Intel MPI Benchmark utility (IMB). Our results show that 
HPC systems’ scalability can still be achieved with up to 
87% efficiency when considering the right combination of 
MPI, interconnect and CPU technologies. To the best of our 
knowledge, this is the first paper that evaluates the 
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performance of Westmere-based clusters using a large-scale 
Infiniband Quadratic-Data Rate (QDR) interconnect. 

The rest of the paper is organized as follows: In section 2, 
we briefly shed some light on the Infiniband interconnect 
technology, the Intel Westmere CPU architecture, and the 
MPI implementations used to benchmark our HPC cluster. 
In section 3, we present our cluster design, while in section 
4, we describe our methodology of measuring the compute 
power of the cluster using LINPACK. Section 5 describes 
our experimental evaluation and interprets the benchmark 
results. We state our conclusion and future work in the last 
section. 

II. BACKGROUND 

In this section, we briefly describe the technologies used 
to benchmark our HPC cluster. These are: the Quad Data 
Rate (QDR) Infiniband interconnect technology, the Intel 
Westmere architecture, and the MPI implementations. 

A. Infiniband Architecture 
Infiniband is a technology that provides a high bandwidth 

I/O communication over a high speed serial data bus. It uses 
a switched fabric topology, as opposed to a hierarchical 
switched network like Ethernet [3]. It is designed to directly 
route data from one point to another point through a switch, 
where all transmissions begin or end at a channel adapter 
(HCA). Each Infiniband processor contains a host channel 
adapter (HCA) and each peripheral has a target channel 
adapter (TCA).[3] The Infiniband serial connection 
signaling rate is 2.5 Gbit/s in single data rate (SDR) 
technology, 5.0 Gbit/s in double data rate (DDR) technology 
or 10 Gbit/s in quad data rate (QDR), in each direction per 
connection. Moreover, the links can be aggregated in units 
of 4 or 12, designated as 4X and 12X. However, Infiniband 
uses 8B/10B encoding, which implies four fifths of the 
traffic is useful, therefore DDR 4X link curries 20 Gbit/s 
raw, or 16 Gbit/s of useful data. Table-1 summarizes the 
different Infiniband technologies with their associated 
theoretical performance numbers.  

Table 1: Performance numbers of different Infiniband technologies 

IB 
technology 

SD IB Data 
Rate 

DD IB Date 
Rate 

QDR IB Data 
Rate 

1x 2Gbps 4Gbps 8Gbps 
4x 8Gbps 16Gbps 32Gbps 
12x 24Gbps 48Gbps 96Gpbs 

 
Infiniband uses a hardware-offload protocol stack [3]. 

Extra memory copies that are sent from the application to an 
adapter can be avoided by the zero copy mechanism that 
optimizes the message transfer time. Moreover, Infiniband 
allows moving data from local memory to remote memory 
using RDMA (Remote Direct Memory Access), which 
allows the zero copy mechanism without involving the 
receiver host processor [2]. The number of user-kernel 

context switching and memory copies can be reduced by the 
direct access to the Infiniband HCA. Obviously, enabling 
communication between devices and hosts, without the 
traditional system resource overhead associated with 
network protocols, off-loads data movement from the server 
CPUs to the Infiniband HCA. Through virtual lanes (VLs), 
Infiniband offers traffic management, creating multiple 
virtual links within a single physical link that allows a pair 
of linked devices to isolate communication interference 
from other connected devices. 

B. Intel Westmere Specifications 
Westmere is the code name for the latest in the series of 

multi-core processors by Intel. This is Intel’s true hexa-core 
processor with L2 cache sharing and utilizing the 
revolutionary Quick Path Interconnect (QPI) architecture 
[15] that provides two separate lanes for the communication 
between the CPU and the chipset. The QPI technology 
allows the CPU to transmit and receive I/O data in parallel, 
as opposed to the traditional architecture using a single 
external bus where the external bus is used for both input 
and output operations reads and writes cannot be done at the 
same time. The latest version of the QPI works with a clock 
rate of 3.2 GHz, transferring two data per clock cycle 
(Double Data Rate), making the bus to work as if it was 
using a 6.4 GHz clock rate [15].  

Further, Intel Westmere generation is equipped with 
Turbo Boost Technology [15] that automatically allows 
processor cores to run faster than the base operating 
frequency if it's operating below power, current, and 
temperature specification limits. This frequency change is 
dependent on the number of active cores, estimated current 
consumption, estimated power consumption and processor 
temperature. When the processor is operating below these 
limits and the user's workload demands additional 
performance, the processor frequency will dynamically 
increase by 133 MHz on short and regular intervals until the 
upper limit is met or the maximum possible upside for the 
number of active cores is reached. 

C. MPI Implementations 
The Message Passing Interface (MPI) is the dominant 

programming model for parallel scientific applications. 
Given the role of the MPI library as the communication 
substrate for application communication, the library must 
ensure to provide scalability both in performance and in 
resource usage. In our experiments, we used two of the most 
commonly used MPI implementations in the HPC industry, 
which are MVAPICH2 and Intel MPI. 

- Intel MPI 
Based on MPI-2 specifications, Intel MPI Library focuses 

on making applications perform better on Intel architecture-
based (AI) clusters. This MPI implementation has the ability 
to function on multiple HPC fabrics using an accelerated 
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universal, multi-fabric layer for fast interconnects via the 
Direct Access Programming Library (DAPL) methodology 
[15]. Thus, developers can deal with MPI codes, 
independent of the fabric, knowing that it will run on 
whatever fabric is chosen at runtime. In addition, Intel MPI 
supports various runtime environments and modules to 
integrate with other HPC job schedulers, such as Load 
Sharing Facility (LSF) by Platform Computing and Torque 
scheduler that is provided by Cluster Resources. 

Further, the latest version of Intel MPI supports dispersive 
routing, which load-balances traffic among multiple 
pathways by using QLogic’s prepraiaratory Performance 
Scaled Messaging (PSM) technology to automatically 
ensure that packets arrive at their destination for rapid 
processing. Dispersive Routing leverages the entire fabric 
for maximum communications performance for all jobs, 
even in the presence of other messaging-intensive 
applications. 

- MVAPICH 
Maintained by the Department of Computer Science and 

Engineering at Ohio State University, this implementation 
of MPI is based on MPICH and MVICH. MVAPICH [17] 
implementation is mainly known for its support for 
InfiniBand interconnect technologies as well as having high 
performance scalability support for clusters running 
thousands of cores. As for the Intel MPI, MVAPICH also 
supports various runtime environments such as SLURM and 
PBS. 

III. THE CLUSTER DESIGN  

To perform benchmark evaluation, a DELL cluster of 
PowerEdge M610 Blade Servers was used. The cluster 
consisted of 512 nodes with dual sockets and Intel hexa-
Core x5670 (Westmere) 2.93GHz processors. The operating 
system running on the nodes was RedHat Enterprise Linux 
Server 5.3 with the 2.6.18-128.el5 kernel. Each node was 
equipped with an Infiniband Host Channel Adapter (HCA) 
supporting 4x Quad Data Rate (QDR) connections with the 
speed of 32Gbps. Each node also had 24 GB (6 x 4GB) 
DDR3 1333Mhz of memory, thus the total amount of 
memory the system had was around 12 TB. 

The physical layout of the cluster consisted of sixteen 
racks, each rack contains two chassis, and each chassis hosts 
up to 16 blade nodes. That is, each rack supports 32 nodes. 
From each node we had a 4x-QDR Infiniband connection 
going to a central 512-port Qlogic Infiniband switch. Figure 
1 shows the Infiniband interconnection design as described. 
It is important to mention that this design is considered non-
blocking as each node guarantees to have the full 4x QDR 
32Gbps interconnect speed. This fast interconnect would 
drive the cluster to a higher utilization, which in theory, may 
affect the diskless concept.   
 

Infiniband 
Top-level switch

32 Blade
 enclosures 

(512 compute 
nodes)

16 IB interconnect 
fabric from each 

enclosure

     
Figure 1. The DDR Infiniband interconnect topology of a 512 nodes cluster 

 
Our Infiniband interconnect topology uses seven 

switches: A top-level switch and other 6 leaf switches. 
Under this configuration, IPC communication among nodes 
of 32 sub-clusters is localized to one leaf switch, but for the 
cluster of 512 nodes, the top-level switch is involved to 
support more nodes.   

IV. PERFORMANCE BASELINE USING LINPACK 

In this section, we present our configuration to setup and 
perform (HPL) benchmark for our HPC cluster. We used 
“LINPACK” benchmark to measure and compare 
performance, while we used PALLAS benchmark to 
measure the interconnect performance of the cluster. The 
following two subsections describe these two packages in 
more details. 

A. High Performance Linpack 
This is the first benchmarking tool used to make sure that 

the actual TFlops (trillion Floating Point Operations Per 
Second) of our HPC cluster is very close to the theoretical 
figure, which means that the cluster components (Infiniband 
interconnect, OS, firmware configuration …etc) are tuned 
perform at their best performance. 

LINPACK is one of the standard benchmarking tools for 
HPC, is a collection of Fortran subroutines that analyze and 
solve linear equations and linear least-squares problems. 
The package solves linear systems whose matrices are 
general, banded, symmetric indefinite, symmetric positive 
definite, triangular, and tridiagonal square. In addition, the 
package computes the QR and singular value 
decompositions of rectangular matrices and applies them to 
least-squares problems. LINPACK uses column-oriented 
algorithms to increase efficiency by preserving locality of 
reference” [1].  

The HPL benchmark uses Basic Linear Algebra 
Subprograms (BLAS), which is a collection of routines to 
perform basic vector and matrix operations. Therefore, the 
HPL benchmark performance heavily depends on the 
implementation of the BLAS package being used. In our 
evaluation, we used the version provided by Intel’s Math 
Kernel Libraries (MKL) since it is the one recommended to 
be used with Intel’s Westmere processor in order to make 
the most use of the processor’s enhanced features. 

Tuning the input file parameters for HPL can be a 
challenging task. For each cluster size that we were 
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evaluating, a different tuned HPL input file had to be 
generated. We describe next HPL’s main input parameters 
that were of interest to us to tune. We also discuss our 
methods and criteria in choosing these input parameters. 
The four parameters of interest were P, Q, N, and NB.      

The (P x Q) value represents the size of the computational 
grid that HPL resolves, which is equal to the number of 
processors the system has. We have noticed that the best 
performances were achieved when we chose the value of (P 
x Q) to be as “square” as possible as a grid shape, so we 
chose them to be approximately equal keeping in mind that 
Q needs to be slightly larger than P.  

The next important parameter for HPL’s input is “N”, 
which is the size of the problem. Our goal was to find the 
largest problem size N that would fit in our system’s 
memory and would gives us the tuned performance. We 
have chosen “N” to be close to our system’s total memory 
size (in double precision 8 bytes), but keeping in mind not 
to make it equal to 100% of the memory size since some of 
the memory needs to be used by the system. It is important 
to notice that when we choose a small value for “N”, this 
will result in not enough work performed on each CPU and 
will give us low performance results and low efficiency. 
While if we choose a value of “N” exceeding our memory’s 
size, swapping will take place and the performance will go 
down. From our experiment with various values of N, the 
best performance was achieved when N was equal to 92% of 
the size of the system’s total memory. 

 
HPLinpack benchmark input file 
Innovative Computing Laboratory, University of   Tennessee 

HPL.out      output file name (if any) 
6    device out (6=stdout,7=stderr,file) 
1    # of problems sizes (N) 
1179648 1179148      Ns 
1    # of NBs 
192  NBs 
0    PMAP process mapping (0=Row-,1=Column-major) 
1    # of process grids (P x Q) 
64   Ps 
96   Qs 
16.0 threshold 
1    # of panel fact 
1    PFACTs (0=left, 1=Crout, 2=Right) 
1    # of recursive stopping criterium 
8    NBMINs (>= 1) 
1    # of panels in recursion 
2    NDIVs 
1    # of recursive panel fact. 
1    RFACTs (0=left, 1=Crout, 2=Right) 
1    # of broadcast 
1  BCASTs (0=1rg,1=1rM,2=2rg,3=2rM,4=Lng,5=LnM) 
1    # of lookahead depth 
0    DEPTHs (>=0) 
2    SWAP (0=bin-exch,1=long,2=mix) 
64   swapping threshold 
0     L1 in (0=transposed,1=no-transposed) form 
0     U  in (0=transposed,1=no-transposed) form 
0    Equilibration (0=no,1=yes) 
8    memory alignment in double (> 0) 

 
Figure2. The HPL file configuration with N value set to 92% of available 

memory    

The last parameter that we discuss is “NB”, which is the 
block size in our grid. Usually block sizes giving good 
results are within the (96, 104, 112, 120, 128, …, 256) 
range, and from our experimental runs, the value of 192 for 
NB has shown to give the best results compared to the 
various test runs we did with other values of NB. Figure 2 
shows an example of the HPL input file that was used for 
our 512-node benchmark runs with the tuned input 
parameters.  

To evaluate the performance of our system, the theoretical 
peak execution speed of the system had to be calculated in 
GFLOPS to know the maximum theoretical speed which 
cannot be exceeded. In the Top500 supercomputers 
terminology [17], the maximum theoretical system speed is 
referred to as “Rpeak”, while “Rmax” is the actual speed 
obtained when HPL is run. The “Efficiency” of the system 
is the ratio of Rmax to Rpeak (Rmax/Rpeak). The efficiency 
can be affected by the underlying interconnect technology 
used for IPC communication among compute nodes, the 
amount of RAM available for individual compute nodes, as 
well as the MPI implementation used for communication 
among cluster nodes of the system. 

For example, to calculate the theoretical Rpeak value for a 
system that consists of 512 nodes each with 12 Westmere 
cores (dual sockets per node) capable of 4 operations per 
cycle with a speed of 2.93GHz per core, the following 
formula is used:  

 

al)(theoretic GFLOPS  72007

4)51212(93.2

/)(




 CyclesOpsCoresTotalGHzSpeedCPURpeak
 

 
Once we calculated the theoretical performance (Rpeak) 

for the system, we proceeded with running the HPL 
benchmark, using the corresponding HPL input file to get 
the actual performance (Rmax). The HPL binary was built 
over the Intel compilers version 11.1 and Intel’s MKL 
libraries version 10.2.0.013 as this was the recommendation 
by Intel in order to make the most use of their Westmere 
processor’s new features to enhance the performance. The 
HPL source code was used to build the HPL binary. The 
HPL Make file was pointing to the path of the Intel MPI 
binaries and libraries since it was the MPI implementation 
that was used for the evaluation. The Make file was also 
directed to use the Intel compilers and Intel MKL which has 
BLAS (Basic Linear Algebra Subprograms) as part of it. 
The use of Intel’s MKL BLAS is an essential component for 
having successful HPL runs with high efficiencies on the 
Westmere processor. The standard Infiniband driver and 
DAPL that came with the RedHat EL 5.3 operating system 
were used. 

B.	 The	Intel	MPI	Benchmark	(IMB)	
IMB 3.2 was used during this evaluation and it is the 

successor of PMB 2.2 from Pallas GmbH, Intel MPI 
Benchmarks 2.3, 3.0, and 3.1. This is a popular set of 
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benchmarks which provides an efficient way to measure the 
performance of some of the important MPI functions. It 
consists of three parts: IMB-MPI1, IMB-MPI2 and IMB-IO. 
We will focus on IMB-MPI1 which is used in our 
evaluation and it mainly replaces the formerly known Pallas 
benchmarks. The IMB-MPI1 benchmarks are classified into 
3 groups, single transfer benchmarks, parallel transfer 
benchmarks, and collective benchmarks. 

Single transfer benchmarks focus on measuring startup 
and throughput of a single message sent between two 
processes. For our evaluation we used the two benchmarks 
in this category, the ping-pong and ping-ping benchmarks. 
In ping-pong a process sends a single message to another 
process then the second process sends it back to the first 
process. As for the ping-ping benchmark, both processes 
send a message to each other at the same time.  

Parallel Transfer benchmarks focus on calculating the 
throughput of concurrence messages sent or received by a 
particular process in a periodic chain. For our evaluation we 
used two benchmarks in this category, the sendrecv and 
exchange benchmarks. The sendrecv is based on the 
mpi_sendrecv function where each process in the 
communication chain sends to the process on its right and 
receives from the process on its left. In the exchange 
benchmark, each process exchanges data with both right and 
left process in the communication chain. 

Collective benchmarks measure the time needed to 
communicate between a group of processes in different 
behaviors. There are several benchmarks of this category 
and the following is description of the collective 
benchmarks that was used in our evaluation: 

 Reduce: each process sends a number to the root then 
the total number is calculated by the root. 

 Allreduce: same as reduce but the final result is sent to 
all processes. 

 Scatter: the root of the process sends a message to all 
processes. The size of the message equals to the chosen 
size * number of processes. 

 Reduce_scatter: same as reduce but followed by scatter. 

Gather: all processes send the same message to the 
root. 

 Alltoall: all processes send a message of a size equal to 
the chosen size * number of processes to all processes.  

 Bcast: the root process broadcasts data to all processes. 

 

V. PERFORMANCE EVALUATION AND RESULTS 

In this section, we discuss our measurement criteria and 
interpret the obtained IMB benchmark results. In order to 
evaluate the performance of the two implementations of the 
MPI, the benchmarks were run on the cluster starting with 8 
and up to 6144 processes of the entire 512 nodes (remember 
that each node has 6x2 cores). 

In figure 3, we used IMB Ping Pong test, which is the 
classical pattern for measuring startup and throughput of a 
single message sent between two processes. In this test, we 
compared the latency for the two different types of MPI; 
they are about the same (~200 ns). As the message size gets 
bigger (>128k), Intel MPI starts to pickup and match the 
performance of MVAPICH. Both are capable of delivering 
up to 3100MB/s with a message size of 16M. We notice a 
dip in performance when using Intel MPI at a message size 
of 64k due to caching effect. 

 

 

Figure 3. Ping Pong Test 

In the Pallas send recev test, each process sends to the 
right and receives from the left neighbor in the chain. The 
turnover count is two messages sample (1 in, 1 out) for each 
process. It is observed that MVAPICH gets faster between 
message sizes 4 Kbytes to 256 Kbytes, as shown in figure 4. 
For larger message sizes, both MPI versions turn to be equal 
at around 1600MB/s. 

 

 

Figure 4. SendRecv Test 



BASEM MADANI et al: PERFORMANCE BENCHMARK AND MPI EVALUATION . . .  
 

DOI 10.5013/IJSSST.a.12.01.03                                                                                  ISSN: 1473-804x online, 1473-8031 print 25

Pallas Exchange test is a communications pattern that 
often occurs in grid splitting algorithms. The group of 
processes is seen as a periodic chain, and each process 
exchanges data with both left and right neighbor in the 
chain. Figure 5 shows the Pallas Exchange test and it is 
observed that for large size message > 16MB, MVAPICH 
performance starts to decrease, matching the performance of 
Intel MPI. We can notice a dip in performance at message 
size of 16k.  This is due to caching effect in exchange since 
each processor will have essentially 32k. 

 

 

Figure 5. Exchange Test 

The following set of tests measures the time needed to 
communicate between a group of processes in different 
behaviors. Figure 6 shows IMB Allreduce test. Allreduce 
reduces vectors of length L float items from every process 
to a single vector and distributes it to all processes. As 
shown in the figure, the time increases as we increase the 
message size for all type of interconnects. Intel MPI 
performs better when the message size exceeds 256KB. 

 

 

Figure 6. AllReduce Test 

Reduce test, which also reduce vectors of length L float 
items from every process to a single vector but in the root 
process. The root of the operation is changed cyclically. 
Clearly, Intel MPI performs better when the message size 
exceeds 512KB, as shown in figure 8. 

 

 

Figure 7. Reduce Test 

Figure 8 shows the same case for Reduce Scatter test, 
which as well reduces vectors (of length float items) from 
every process to a single vector but, this time, the L items 
are split as evenly as possible between all processes.  

 

 

Figure 8. Reduce Scatter Test 

On All Gather test, as in figure 9, every process sends X 
bytes and receives the gathered X*(#processes) bytes from 
the receivers. 

 

 

Figure 9. All Gather Test 

In Pallas Bcast test, the root process broadcasts X bytes to 
all other processes, Intel MPI is still faster than MVAPICH, 
see figure 10. In particular, as we increase the message size, 
the number of performance difference increases. For large 
message size (16MB) we see the time to do bcast using Intel 
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MPI is about 15000 usec where the time using MVAPICH 
is about 18000 usec. 

 

 

Figure 10. Bcast Test 
 

VI. CONCLUSION 

Multi-core CPUs have been the path to continued reliance 
and benefits of Moore's Law while reining in the growth of 
power consumption and temperature rates. Specifically, 
recent trends in HPC systems have shown that future 
increases in performance can only be achieved through 
increases in system scale using a larger number of 
components, such as multi-cores and faster interconnects. In 
this paper, we evaluated a large-scale Infiniband cluster, 
equipped with Intel’s latest Westmere processor using two 
MPI implementations. The paper presents the cluster 
configuration and evaluates its performance using High 
Performance LINPACK (HPL) and Intel MPI (IMB) 
benchmarks. Our results show that system scalability can 
still be achieved with up to 87% efficiency when 
considering the right combination of MPI, interconnect and 
CPU technologies. Further, our tests showed that in such a 
cluster, MVAPICH implementation excels in single-transfer 
communication where a single message is sent between two 
processes, while Intel MPI performs better in collective 
communication between groups of processes. 
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Abstract — This paper introduces new methods to extract stress features from electroencephalogram (EEG) signals during two 
cognitive states; Closed-Eyes (CE) and Open-Eyes (OE) using Relative Energy Ratio (RER), Shannon Entropy (SE) and Spectral 
Centroids (SC). The group with the stress features was identified and classified using k-Nearest Neighbor (k-NN). The RER in term 
of Energy Spectral Density (ESD) for each frequency band (delta, theta, alpha and beta) in four different groups consisted of 180 
EEG data were calculated and analyzed. Then, the SE was used to confirm the pattern of stress features. Meanwhile, SC was 
applied to the RER of each group and then the results were selected as input features to k-Nearest Neighbor (k-NN) for the 
classification purposes. The training and testing of the classifier were evaluated at 50:50 ratios and 70:30 ratios.  The proposed 
method showed promising results where the combination of RER, SE and SC techniques with the training and testing of k-NN set 
at 70:30 able to detect and classify the group with the unique stress features at 88.89% accuracy. 

Keywords - Stress features, EEG; Relative Energy Ratio, Shannon Entropy, Spectral Centroids, k-NN  

 
 

I. INTRODUCTION  

Stress is caused by human resistance towards new 
challenges or stressors (stress factors) emotionally, mentally 
or physically [1]. In other word, stress caused the imbalance 
of sympathetic and parasympathetic level in human 
Autonomous Nervous System (ANS) [2]. Even though stress 
can be categorized into positive stress (“eustress”) such as 
joy and negative stress (“distress”) such as depression, most 
human suffered negative stress which affects their lifestyle 
(affective style). Negative stress can make human feel 
tension, anxious, angry and frustrated [3-5]. Meanwhile, 
unable to sustain stress may lead human to symptom of burn-
out or fatigue [6]. Beside the release of cortisol (stress 
hormone), stress can be quantified from human bio-signals 
such as EEG, Electrocardiogram (ECG), Electromyogram 
(EMG), Galvanic Skin Response (GSR), Blood Volume 
Pulse (BVP), Blood Pressure (BP), Skin Temperature (ST) 
and Respiration [3-4]. Among these bio-signals, the changes 
in ANS system due to stressors can be apparently and 
effectively represented by EEG signals [3, 7]. Stress pattern 
can be indicated by high Beta power and low Alpha power at 
anterior side of human brain [3].  

Researchers had studied the characteristic of EEG signals 
from the change of human cognitive state after performing 
some mental tasks or due to stressors such as noisy working 
area, high workload, unfinished job, improper sleep and 
family conflict. The change of human cognitive state affects 
human emotion where stress belongs to negative emotion [8-
11].  
 
 

II. LITERATURE SURVEY 

Beside the questionnaires based method such as Cohen’s 
Perceived Stress Scale (PSS), Stress Response Inventory 
(SRI) and Hamilton Depression Rating Scale (HDRS) to 
determine the level of stress and depression, feature 
extraction from EEG signals also offers a good alternative. 
For example, Discrete Wavelet Transform (DWT) was used 
to extract features from EEG signals before feeding to k-NN 
to classify human emotion in term of disgust, happy, 
surprise, fear and natural with classification accuracy of 
83.26% [12]. Teplan used slope of EEG linear regression to 
be a feature to determine the relaxation level of an individual 
[13-14]. Sulaiman et al. [15] used a combination of EEG 
Asymmetry and Spectral Centroids techniques as a feature to 
detect unique pattern of human stress. Spectral Centroids 
feature extraction technique was widely used in speech and 
audio recognition because of its robustness to recognize the 
dominant frequency [16-18]. Poulus et al. [19] used EEG 
spectral power and mean frequency of Alpha band to be a 
feature to NN (Neural Network) in order to identify person 
characteristic. In addition, k-NN classifier was used to detect 
and classify human personality and characteristic from the 
EEG pattern when listening to music [20-23].  Statistical 
features from EEG signals were used to be an input to Neural 
Network to classify human emotion at 95% rate after 
undergone emotion stimuli [24]. Neural Network which was 
trained using EEG Power Spectral Density and 
generalization techniques from a subject performed five 
mental tasks able to improve the discrimination rate of 
mental tasks with 80-86% accuracy [25-26]. 
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III. PROPOSED STRESS DETECTION TECHNIQUES 

     From previous studies, researchers had developed various 
feature extraction and classification techniques including 
various stress inducement methods to relate human 
physiological signals with stress but yet to come out with a 
reliable stress index.  
     This paper proposes a new technique to recognize stress 
unique features from the healthy subjects by using k-NN 
classifier and parameters such as RER, SE and SC. The 
function of each parameter that was used in this study is 
described below. 

A. Relative Energy Ratio (RER) 

     RER is used to observe the changes in EEG frequency 
bands due to the stressors. When stress occurred, energy of 
Alpha band will be reduced. Meanwhile, energy of Beta 
band will be increased. 

B. Shannon Entropy (SE) 

     SE is used to quantify the energy distribution from the 
Power Spectrum of EEG signals. It is another method to 
translate the change in EEG Power Spectrum due to stressors 
[27]. 

C. Spectral Centroid s (SC) 

     SC finds the dominant energy from the group with stress 
features. It is widely used in audio and speech recognition 
system to detect the dominant frequency from the audio or 
speech signals 

D. k-NN Classifier 

     k-NN is a robust supervised classifier which is trained 
with the features obtained from  RER and SC to classify the 
group with a unique stress features from two difference 
cognitive states (CE and OE). 

IV. MATERIALS AND METHODS 

A. Subjects and Data Re-generation 

     The study employed 185 EEG data from different 
experiments which were categorized into 4 groups. All data 
were taken from healthy subjects. Group 1 consisted of 51 
EEG data represent Closed-eyes (CE) state with 
psychoanalysis test [28]. Group 2 consisted of 50 data 
which represent EEG data during Open-eyes (OE) state 
(performed IQ test) [29]. Meanwhile, Group 3 and 4 
consisted of 42 data each which represent EEG data during 
CE state (before performing Horizontal Rotation and after 
performing Horizontal Rotation) [31]. However, due to data 
corruption, 37 data were removed; 8 EEG data from Group 
1, 3 EEG data from Group 2, 13 EEG data from Group 3 
and 4 respectively. Hence, data re-generation technique in 
equation (1) and (2) was used to replace the corrupted data 
to each group yielding 180 EEG data; 50 EEG data for 
Group 1, 50 EEG data for Group 2, 40 EEG data each for 
Group 3 and 4. The data re-generation was implemented by 
adding acceptable noise to the raw data in each group as 
shown in (2). The maximum difference between raw data 

and re-generated data was checked not to exceed 10% 
difference by comparing the maximum and minimum values 
of the original data with re-generated data. Otherwise, the 
noise factor needs to be adjusted to appropriate scale as 
shown in (3). F in (1) serves as a noise factor which can be 
adjusted to produce a required data.  
     The data were re-generated using normally distributed 
pseudorandom numbers which can generate negative and 
positive data and can be added to the EEG original data.  
 

                (1) 
         (2) 

                             (3) 

B. EEG Measurement and Protocol 

     The EEG signals were recorded using EEG Data 
Acquisition instrument (g.MOBILab). Bipolar EEG gold-
plated EEG electrodes were placed at prefrontal area of 
brain region, Fp1, Fp2, Fpz (ground) and references to 
earlobes A1 and A2 as shown in Fig. 1. This montage 
followed the International 10-20 system [30]. The 
impedance for EEG electrodes was checked below 5 kΩ. 
The sampling rate for EEG measurement was set to 256 Hz. 
Prior to EEG measurement, subjects were asked to sit on a 
chair quietly, relax and close their eyes. In addition, the 
EEG waveforms conditions were checked for any errors.  
The recording period was 3 minutes for CE state and 10 
minutes for OE state which requires more time since 
subjects needed to answer IQ test while their brain activities 
were recorded at the same time. For OE state, subjects were 
asked to answer 20 IQ test questions with maximum time of 
10 minutes using GUI (Graphical User Interface) software 
based on Excel Visual Basic (VB). The captured EEG 
signals were sent to a Personal Computer or Laptop through 
Bluetooth. The data were processed and analysed using 
intelligent signal processing technique developed in 
SIMULINK and MATLAB. The Bioinformatics Toolbox, 
FIR Filter Design and Spectral Analysis were used to 
analyse EEG signals. 
     The questions for IQ test were developed based on the 
modified Raven’s Standard Progressive Method (SPM) [28].  
During IQ test, subjects were required to minimize their 
movement in order to reduce noise on EEG recording. All 
the research activities were performed with the ethical 
approval from local ethical committee.  
 
           Channel 2 (Left) 
                              
                               Channel 1 (Right) 

                                                                
                     Fpz  
                 Fp1     Fp2 
         A1                                A2 
 
         
 
                 Electrodes position               EEG Amplifier             Computer  

Figure 1.  EEG measurement set-up. 
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C. EEG Signals Analysis 

     The EEG data from channel 1 brain Right Hemisphere 
and channel 2 brain Left Hemisphere were analysed in off-
line manner. The artifacts caused by eye-movements, eye 
blinks, muscle movement and power line were removed by 
setting threshold values of 100 µV where any data above the 
threshold values were rejected. This data can be considered 
as an addition of noises [30]. The EEG data were filtered 
using band pass filter set from 0.5 Hz to 30 Hz to produce 
Delta band, δ (0.5 – 4 Hz), Theta band, θ (4 – 8 Hz), Alpha 
band, α (8 – 13 Hz) and Beta, β band (13 – 30 Hz). The 
power for EEG frequency band was calculated by 
performing Fast Fourier Transform (FFT) with Hamming 
window. The window was set to 256 with 50% overlapping. 
The FFT length was set to 1024. Then, the Energy Spectral 
Density (ESD) was calculated by dividing the area of Power 
Spectral Density (PSD) curve with frequency range of the 
band as shown in Fig. 2 below. ESD is selected for feature 
calculation instead of PSD because it covers overall energy 
distribution for each frequency band (range of frequency). 
Meanwhile, PSD selects the highest power or energy at peak 
frequency.  Thus, the ESD value will be lower than PSD 
value. 
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Figure 2.  PSD plot of Beta band. 

 

D. Experiment Flow Chart   

     The flow chart of experiment methodology is shown in 
Fig. 3.  SE and SC were applied to the RER for each group 
after EEG raw data for all frequency bands were converted to 
ESD using Fast Fourier Transform (FFT). Then, all the 
selected features were put into k-NN classifier to classify the 
potential group that might have stress features. K-NN was 
evaluated for two sets of training and testing ratios; 50:50 
and 70:30 in order to know whether the training and testing 
ratios affect the classifier performance or not. The classifier 
was also evaluated at different k-value, distance and rule 
setting in order to determine whether the distance and rule 
have affected the classifier accuracy besides the training and 
testing ratio. Here, the classifier was trained with EEG 
features (RER and SC) to identify the group that might have 
stress features. In classification process, Spectral Centroids 
across the frequency bands for each group were calculated 
and selected as a class. Here, there will be four values of 
Spectral Centroids for four groups which representing four 
classes for classification process. 

 
 

 

 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3.  Experiment methodology. 
 

E. Formula of Relative Energy Ratio (RER) 

      The power spectrum for each bands and groups are 
calculated in term of Energy Spectral Density as shown in 
(4).   

 
   (4) 

 
      Power Spectrum ratio for each frequency bands are 
calculated using equations in (5), (6), (7) and (8). 

 
   (5) 

 
(6) 

 
  (7) 

 
 (8) 

EEG Raw Data 

Frequency filtering to produce 4 frequency bands; 
δ, θ, α, β 

FFT 

Energy Spectral Density (ESD) 

Relative Energy Ratio (RER) 

Spectral Centroids (SC) 

k-NN classification 
(k value, testing/training ratio, distance, rule)

Classification accuracy 

Shannon Entropy (SE) 

Stress Features Identification 

Artifacts Removal 
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F. Shannon Entropy (SE) 

     The SE can be expressed as shown in (9). Here, index i 
represents the subject and index n represents the total 
number of subjects. RER is a relative energy ratio per 
frequency band.  For example, β power ratio represents the 
RER at β band. 
 

       (9) 

G. Spectral Centroids (SC) 

     The Spectral Centroids are calculated using formula in   
 (10).  
                                                                                                                                     

                 (10) 
 
     Here, Si is an energy obtained from the spectrogram of 
the RER. Fi is the average frequency weighted by the 
amplitude of  Si where i is an index represents the subject 
and index n represent the total number of sample in the 
group [16-18].  
     RER of δ, θ, α, β as shown in (5), (6), (7) and (8) were 
used as input features to k-NN classifier. In addition, 
Spectral Centroids for each group as shown in (10) was used 
as classification’s class. Since there are four groups, there 
will be four Spectral Centroids values and four classes. The 
Spectral Centroids are used to find the centre value of the 
groups for each frequency bands. The accuracy of the 
classifier will be calculated based on input features and 
classes. Hence, RER and Spectral Centroids are the 
important parameters in classification process. The classifier 
cannot run without these parameters. Meanwhile, SE as 
shown in (9) is not used in classification process. Instead, it 
is used to find the abnormality or uncertainty in the data that 
might be related to stress. Basically, the data that contain 
abnormality features will have smaller value of SE 
compared to normal data [6]. Thus, SE is used to indicate 
which groups might have stress features before starting the 
classification process. 

H. k-NN Classification 

     k-NN is a supervised, simple and robust learning 
algorithm [5, 12]. It is a powerful technique for pattern 
classification of non-parametric analysis [5]. The classifier 
works by comparing a new sample (testing data) with the 
baseline data (training data). The classifier finds the k 
neighborhood in the training data and assign class which 
appear more frequently in the neighborhood of k. The value 
of k needs to be varied in order to find the match class 
between training and testing data. In this research, the k 
values are varied from 1 to 10. The value of k is typically 
small [5]. The default value of k is 1. For example, if k=1, 
the testing data will be assigned to the class of its nearest 
neighbors where k must be positive integer [5].  
     In order to identify neighbors, the distance and rule of k-
NN classifier must be chosen. There are 5 types of k-NN 
distance; “Euclidean”, “Cityblok”, “Cosine”, “Correlation” 
and “Hamming”. Meanwhile, there are 3 types of k-NN rule; 

“Nearest”, “Random” and “Consensus”. The default 
neighborhood setting is “Euclidean” and “Nearest”.  In this 
study, only k-NN distance of “Euclidean”, “Cityblock” and 
“Cosine” along with all types of rule are used to find the 
object similarity in the k neighborhood as shown in equation 
(11), (12) and (13). 

 
                              (11) 

  
     Equation (11) defines the formula for “Euclidean” 
distance. Here, Xi or Xj is either testing or training data 
where i and j represent the index of the data. 
  
                                      (12) 
                                                                                                          
     Equation (12) defines the formula for “Cityblock” 
distance. Here, Xik or Xjk is either testing or training data 
where i and k is the index of the data. Here, the “Cityblock” 
distance is the summation of the difference between the data 
and then the results are assigned to the class that come out 
most frequently in the neighborhood of k. 
                                         

(13) 

                                            

     Equation (13) defines the formula for “Cosine” distance. 
Here, Xik  or Xjk  is either testing or training data where i and 
j is the index of the data. Meanwhile, k is the index of the 
subject and n is the total number of sample. Here, “Cosine” 
distance involve the summation of the multiplication of the 
data over square root of the data that assigned to the class 
that come out most frequently in the neighborhood of k. 
     Beside the k value and training and testing ratio, the 
classifier default settings are changed in order to find the 
best setting that is able to produce high accuracy of 
classification. The k-NN classifier was also evaluated by 
changing the default setting of distance from “Euclidean” to 
“Cityblock” and “Cosine”. The k-NN classifier rule was 
changed from the default setting of “nearest” to “random” 
and “consensus”.  

V. RESULTS AND DISCUSSION  

EEG power spectrum obtained from the Fourier 
Transform of EEG raw data were verified and tested for 
normality using statistical software (SPSS). Then, the EEG 
power spectrum in term of ESD was plotted against 
frequency band in order to verify the characteristic of the 
EEG power as shown in Fig. 4. 
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        Figure 4.  A plot of Power Spectrum versus Frequency. 
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     The graph in Fig. 4 indicates that Delta and Theta band 
have high amplitude at lower frequency. However, Alpha 
and Beta band have low amplitude at higher frequency. It is 
vital to inspect the characteristic of EEG power after 
filtering process per respective frequencies. It can be used to 
validate the filter setting. The normality of EEG data and 
their characteristics will assist classifier in producing a good 
classification results. 
     Since the purpose of the study is to identify the stress 
features, there is compulsory to observe the change of 
amplitude of RER of Alpha and Beta bands. For a clearer 
view of the changes in the energy, the relative energy ratios 
of both bands are plotted as shown in Fig. 5. It is difficult to 
see the stress features in RER of Delta and Theta band since 
these bands represent the brain in deep sleep and light sleep 
activity respectively [30-31]. Hence, the pattern of stress 
can be seen well in the change of RER of Alpha and Beta 
band. The Alpha band represents the relaxation state of the 
brain activity [30-31]. Meanwhile, Beta band represents the 
alertness state of the brain activity [30-31]. Average RER of 
Alpha and Beta band in Group 2 will serve as benchmark to 
RER of Alpha and Beta band in other groups since it 
represents change of brain activity due to stress. When the 
stress occurred, the amplitude of Alpha band will decrease 
and the amplitude of Beta band will increase. RER of Beta 
band in Group 2 is higher than RER of Beta band in Group 
1, Group 3 and Group 4. Conversely, RER of Alpha band in 
Group 2 is lower than RER of Alpha band in Group 1, 
Group 3 and Group 4. This scenario indicates that subjects 
in Group 2 might experience stress during answering IQ test 
questions. 
 

0

1

2

3

4

5

6

7

8

9

10

1 2 3 4

R
E

R
 (%

)

Group

Average α and β of RER

α

β

 
 

Figure 5.  Histogram plot of average RER of Alpha and Beta bands. 

 
     The result of SE for all groups as shown in Fig. 6 depicts 
a significant decrease in SE values for Group 2. This 
observation tallies with the results shown in Fig. 5. Thus, it 
confirms that change in energy distribution was due to 
stressors.  
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Figure 6.  Histogram plot of SE per group. 

 
     After verification of RER pattern from each group by SE, 
the Spectral Centroids were applied to the RER for all 
frequency bands. The results of the Spectral Centroids 
calculation per bands and group are shown in Fig. 7. Here, 
only centroids values of Alpha and Beta was shown since 
these frequency bands were reliable indicator for existence 
of stress. A Centroids value of Beta band in group 2 was 
higher than Centroids value of Alpha band. For the rest of 
the groups, Centroids values of Beta band were lower than 
Centroids values of Alpha band. 
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Figure 7.  Histogram plot of Centroids of Alpha & Beta Energy Ratio  
per band 

 
     However, the overall or average Centroids values per 
frequency bands in group 2 were smaller than the average 
value of Centroids for other groups as shown in Fig. 8. The 
results for Centroids confirmed the stress pattern shown in 
Fig. 5 and Fig. 6. The results of the experiments indicate 
that the Centroids values can be used as unique features to 
indicate the pattern of human stress.  The overall Centroids 
values for all groups were used as target or class in training 
the k-NN classifier. The stress pattern was confirmed by k-
NN classifier. 
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Figure 8. Histogram plot of Overall Centroids values per group. 
 

     The values of Spectral Centroids together with EEG 
power band ratio were used as features in the k-NN 
classifier. The results of the classification are shown in Fig. 
9 and Fig. 10. In Fig. 9, the training and testing ratio was set 
to 50:50. The classification produced the highest accuracy, 
63.33% where the distance was set to “cosine” and rule was 
set to nearest, “random” and “consensus” respectively.  The 
highest classification was obtained at k = 1 and k = 2 for the 
combination of “cosine” and “nearest”.  In addition, the 
highest classification was also obtained at k = 1 for the 
combination of “cosine” with “random” and “consensus”. 
The classification results indicate that the default value of k 
(k = 1) is enough to determine the highest classification 
accuracy. 
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cosine & random 63.3 51.1 53.3 44.4 52.2 47.7 46.6 51.1 46.6 47.7

cosine & consensus 63.3 27.7 18.8 13.3 13.3 11.1 10 5.56 3.33 3.33
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Figure 9. k-NN classification accuracy for 50:50 ratio and k from 1 to 10. 

  
     From the experiment results, besides the features used to 
train the classifier, the classifier setting in term of training 
and testing ratio, distance and rule, also play a vital role in 
deciding the similarity of testing data in the k neighborhood.  
The highest classification accuracy occurred at k=1 and k=2.  
In addition, the highest classification accuracy does not 
always occurred at the default setting of distance and rule 
(“Euclidean” and “nearest”). Hence, it is extremely 
important to evaluate k-NN at all settings. However, it is 

obvious that it is not necessary to vary k neighborhood 
values more than 2. 
     In Fig. 10, the training and testing ratio was changed to 
70:30. It improves the classification accuracy from 63.33 % 
to 88.89 %.  The highest classification was obtained at k= 1 
and 2 from the default setting and from the combination 
setting of “Euclidean” and “random”, “Euclidean” and 
“consensus”.  The combination setting of “cityblock” with 
“nearest”, “cityblock” with “random” and “cityblock” with 
“consensus” also produced good classification accuracy 
(88.89%).  
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Figure 10. k-NN classification accuracy for 70:30 ratio and k from 1 to 10. 
 
     From the experiment results, besides the features used to 
train the classifier, the classifier setting in term of training 
and testing ratio, distance and rule, also play a vital role in 
deciding the similarity of testing data in the k neighborhood.  
The highest classification accuracy occurred at k=1 and k=2.  
In addition, the highest classification accuracy does not 
always occurred at the default setting of distance and rule 
(“Euclidean” and “nearest”). Hence, it is extremely 
important to evaluate k-NN at all settings. However, it is 
obvious that it is not necessary to vary k neighborhood 
values more than 2. 

VI. CONCLUSION AND FUTURE WORK  

     The combination of RER and SC as features to k-NN 
classifier have enabled the classifier to detect and classify 
the group with the stress features. The stress features in the 
group is confirmed by SE. The classifier settings in term of 
training ratio, testing ratio, distance and rule affects the 
classifier performance, the major effect came from the 
feature selection to train the classifier. If the features are 
reliable, classifier will produce high accuracy of 
classification result. Hence, it is important to ensure only the 
correct features are selected for the k-NN classifier. It is also 
observed that the highest accuracy of k-NN classification is 
obtained from a lower value of k.  
     The future work is to use the classification results, RER 
and SC to assign stress indexes to each group.  
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Abstract — This paper discusses an analysis of human radiation frequency and classify the characteristic of human body radiation 
based on gender. The frequency radiation of the human body is experimentally studied from 33 healthy subjects on 23 points 
around the body. The characteristic difference of human radiation is evaluated using statistical analysis of multivariate analysis of 
variance. Then, kNN classifier is employed for classification of gender. The number of training to testing ratio is evaluated at 50 to 
50, 60 to 40 and 70 to 30, to determine best classification accuracy. The data is analyzed separately of raw dataset and post-
processing dataset to compare the classification results. At first, the data was classified using raw dataset and followed by the post-
processing data to the classifier. It is found that the classification accuracy yields the perfect classification on k = 5, 7, 11 and 13 to 
15 in post-processing data. 

Keywords – Frequency, human radiation wave, multivariate analysis, gender classification, kNN 

 
 

I. INTRODUCTION 

The concern about scientific investigations of the 
endogenous electromagnetic field (EM) generated by the 
human body have receive much attention in recent decades. 
The human body is believed to having their own radiation 
which emits into space on their surrounding body. With the 
advancement of science and technology, the existence of 
human radiation is identified as electromagnetic field 
generated by and contained within the biological system of 
body [1, 2]. The vibration of electromagnetic field generated 
by human body is referred as frequency radiation of human 
body, which emits their radiation around the body due to 
electromagnetic activities of the human body. 

The radiation of the human body encircles the physical 
body as a sphere of radiation and vibrates at their own 
characteristic of frequencies [3, 4]. In this paper, the EM 
vibration is studied to classify the characteristic of frequency 
radiation particularly in gender. For the purpose of pattern 
recognition, the k-nearest neighbor (kNN) rule is used for 
classification. 

II. LITERATURE SURVEY 

The electromagnetic radiation is described as self 
propagating wave consisted of electric and magnetic 
components. The wave oscillates in a periodic fashion 
exhibiting a characteristic amplitude, wavelength, and 
frequency. In wave motion, frequency is defined as the 
number of waves that pass through a given point per second. 
The EM radiation of the human body is generated associated 
with electrical properties in the human body [5, 6]. The 
human body is a biological system that consists of solid 
properties such as bones, muscles and organs, where they are 
all linked together by blood vessels, nervous tissue, 

connective tissue and muscle tissue. Every activity of living 
tissue is correlated with an electrical change [5]. As the flow 
of electrical current creates a magnetic field in the 
surrounding space, the electrical current within the human 
body also creates electromagnetic field surround the body. 
Since the human body is a biological system, the 
electromagnetic field will vary with activity and health of the 
body [7]. Therefore, the human radiation wave is a collection 
of electromagnetic waves of varying intensities flowing in 
and around the body, which vibrates a on their own 
characteristics radiation of frequency [3, 4]. This radiation 
namely aura, emits their radiation around the body into 
surrounding space [8].  

In this study, the unique characteristics of body radiation 
frequency are detected at a distance, as non-invasive 
technique using a body radiation wave detector. The 
frequency of human radiation wave is captured on 23 points 
radiation in the human body included chakra, and layer 
encloses the body, namely left-side and right-side. The word 
chakra is derived from the Sanskrit word and literally 
meaning wheel [9]. A chakra is described as energy center in 
human being and it also defined as focal points for the 
reception, absorption and transmission of radiation wave to 
and from the human body. A chakra exists in the subtle 
body, a nonphysical body that is superimposed on the 
physical body and does a similar function within the human 
body. In general, there are seven major chakra points in the 
human body that are located along a central axis from the 
base of the spine to the top of the head [3]. Each chakra is 
believed to having specific function related to certain organs 
and glands that are usually associated with their position. 

Previously, much research work in genders classification 
has been discussed based on face images and gait 
appearances [10, 11]. Additionally, some other techniques in 



SITI ZURA A. JALIL et al: FREQUENCY RADIATION CHARACTERISTIC AROUND THE HUMAN BODY 

DOI 10.5013/IJSSST.a.12.01.05                                                                                  ISSN: 1473-804x online, 1473-8031 print 35

gender identification systems have been done based on voice 
of speaker [12]. In pattern recognition methods, the k-nearest 
neighbor (kNN) rule is frequently used for classification 
because it is simple and robust. KNN classifier has been 
employed for gender classification from human face images 
and gaits [13, 14]. Nazir et. al. [13] used kNN classifier 
which the data splitting of training to testing ratio of 50 to 50 
and yields classification rate of 99.3%. Hu and Wang [14] 
achieved 92.33% of classification accuracy with the used of 
gait principal component image (GCPI) as the gait 
appearance feature with kNN classifier.  

However, some of other researchers have described the 
problem of classifying gender in image recognition 
techniques. Indeed, the problem that based on hand shape 
and facial images was discussed in [15] and [16], 
respectively. Moreover, other approach based on gait also 
discussed the challenge of classifying gender [17]. 
Therefore, search to improved gender classification is still 
going on. 

 

III. MOTIVATION 

This paper proposes a new system that can distinguish 
between males and females subject using frequency 
radiation of human body. The frequency radiation of human 
has become an attractive biometric feature that is based on 
holistic body information. The radiation frequency is 
analyzed using statistical technique of multivariate analysis 
of variance and the characteristic of frequency radiation is 
classified into genders. The gender classification from 
human radiation frequency is examined using kNN 
classifier. 

 

IV. METHODOLOGY 

A. Apparatus 

The human radiation frequency is captured through body 
radiation wave detector on Mega Hertz range. Body radiation 
wave detector is a hand-held frequency meter. The detector 
has telescopic whip antenna which can detect a broad range 
of electromagnetic waves of human radiation fields. 
Moreover, the frequency meter comes equipped with a filter 
unit and ultra sensitive synchronous detector. The filter unit 
will scrutinize the interference that presents in order to 
prevent display of random noise, while the ultra sensitive 
synchronous detector on the other hand, indicate the relative 
field strength of electromagnetic waves or field interacting 
with the antenna in order to check some form of interference. 

 

B. Subjects  

The frequencies of human body radiation are taken from 
33 healthy subjects in a group of 17 males and 16 females, 
between the ages of 19 – 26 years. The frequency radiation 
obtained from human on 23 points throughout the body. It 
included 7 points of chakra located along the central axis of 
body, and 16 points for layer encloses the body, namely left-
side and right-side. In particular, 8 points is represents for 

each part of left-side and right-side, giving a total of 16 
points for layer encloses the human body. 16 point of the 
human body included 4 points in the feet, 4 points on the 
hand, 2 points on the palms, 2 points in the trunk and 4 
points of the head. The arrangement of these 23 points is 
illustrated in Fig. 1 [18]. 
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Figure 1.  23 points of the human body 

 

C. Measurement Configuration & Procedures 

The frequency measurements of the human body are 
conducted in controlled environment to allow similar 
comfort to all subjects. All measurements are performed in 
an anechoic chamber with the temperature of the chamber is 
maintained at 23 ± 2C. The subject must stand on a ferrite 
floor at fixed position and relax during measurement. The 
subjects are also notified to limit their body part movement 
during measurement to diminish variation of reading 
frequency. Besides, the ambient frequencies for background 
conditions are measured immediately before and after the 
experiment [1], and to establish reliable data for all the 
subjects are measured at the same location. 

In all measurements, the antenna is placed parallel to the 
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ground on horizontal position to the human body. The 
procedure of the experiment involved in capturing 
frequencies of all 23 points on human subjects is shown in 
Fig. 2. The antenna is set on the 6th segment length of the 
frequency meter. The frequencies are remotely detected at a 
distances of 1 to 5 cm from body to antenna [19]. All 
frequencies are then transferred to a computer and analyzed 
as off-line processing. 
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Figure 2.  Frequency data acquisition procedure 

 

D. Data Analysis 

Fig. 3 shows a flow diagram of the experimental studies. 
Data are presented as the mean frequency for each particular 
point of body radiation. The characteristic differences of 
human frequency radiation in gender are explored by 
performing multivariate analysis of variance in data 
processing phase. For classification purposes, the raw dataset 
that consists of 23 points of frequency data are initially fed 
directly to the classifier. Then, the post-processing dataset of 
multivariate analysis is used as the input of the classifier.  

The statistical technique of univariate and multivariate 
analysis of variance (MANOVA) has been employed to 
identify the characteristic differences of human frequency 
radiation in gender and minimize the variables for 
classification analysis [20]. MANOVA is an extension of 
analysis of variance and basically used to establish statistical 
significance of group differences among variables and 
provides the univariate results for each variable individually. 
As a result, the number of variables is reduced to retain only 
the variables that will contribute more for the classification.  
 

 

 

 

 

Figure 3.  Experiment flow diagram 

E. kNN Classification 

The kNN classifier was employed for classification. In 
kNN, an object is classified according to the space distance 
where k parameter is number of neighbors. Typically, the 
closest neighbor is labeled when k=1. In this experiment, the 
default neighborhood setting of euclidean distance in 
Equation (1) is used to find closest neighbors.  
 

        (1) 

 
The distance between two scenarios is compute using 

some distance function d(x,y), where x, y are scenarios 
composed of n features, such that x = {x1, … , xn}, and y = 
{y1, … , yn}. Here, the value of k is varied from 1 to 15 in 
order find the match class between training and testing data.  

 

V. RESULTS  

A one-way multivariate analysis of variance was 
conducted to investigate the differences of frequency 
characteristic of human body radiation in gender. In this 
analysis, the 23 points of human radiation frequencies were 
analyzed separately into three groups: chakra, left-side and 
right-side. Several preliminary assumptions were performed 
prior to MANOVA analysis. This included testing of 
normality, outliers, linearity, multicollinearity, and 
homogeneity of variance-covariance matrices.  

MANOVA is relatively sensitive with the outliers. For 
that reason, it is necessary for MANOVA analysis to come 
together with the test for outliers. There are univariate and 
multivariate engaged in this analysis. Basically, univariate 
outliers are determined separately for each dependent 
variable, while multivariate outliers will be determined by 
checking multivariate normality. Fig. 4 (a) – (c) shows the 
boxplot analysis for each group of chakra, left-side and 
right-side, respectively. In these figures, the frequencies 
data of body radiation were split by gender of males and 
females in order to separately analyze their characteristic 
differences. The univariate outliers were displayed as little 
circles in the plot while the extreme point indicated with an 
asterisk, *. Refering to Fig. 4, there are 8 outliers at high 
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frequencies, 3 outliers at low frequencies and one extreme 
high frequency exists in the data as a total for both males 
and females.  

Since significance tests for MANOVA are based on 
multivariate normal distribution, the multivariate normality 
was performed by calculating Mahalanobis distance to 
determine the existence of multivariate outliers. With a 
criterion  = 0.001 of chi Square table, the maximum value 
of Mahalanobis distance was observed less than critical 
value for each group as shown in Table I, thus denied the 
existence of multivariate outlier in the data. 

 
 

 
(a)  Chakra 

 

 
(b)  Left-Side 

 
(c)  Right-Side 

Figure 4.  Boxplot analysis for detection of univariate outliers 

 
Additionally, the multicollinearity of the variables is 

determined by checking of high relationship for dependent 
variables. MANOVA works well if dependent variables 
have only moderate correlation to each other. From the 
correlation analysis performed for each group, the strength 
of correlations among dependent variables were found not 
more than 0.9, thus, multicollinerity is absence in the 
results. Furthermore, the assumption of homogeneity of 
variance-covariance matrices is examined by using the 
Box’s M test of equality of covariance matrices. The 
significant  value was found greater than 0.001 in all 
groups, thus reject violation for the assumption of 
homogeneity of variance-covariance matrices. 
 

TABLE I.  MAHALANOBIS DISTANCE VALUES FOR ASSESSING 
MULTIVARIATE OUTLIER 

Group 
Number of 
variables

Critical 2 a Maximum 
Mahal. Distance 

Chakra 7 24.32 16.20

Left‐Side 8 26.13 14.43

Right‐Side 8 26.13 18.20
 

 a. Extracted from a table in Tabachnick and Fidell [21]; originally from E. S. Pearson 
and H. O. Hartley (New York: Cambridge University Press, 1958). 

 
The multivariate test of MANOVA for all groups of 

chakra, left-side and right-side indicates there are 
statistically significant differences among gender of males 
and females on a linear combination of frequencies, which 
the Pillai’s trace obtained the significant value of  not more 
than 0.05 as shown in Table II. The average power to detect 
the effect in all three groups is 99 percent. Therefore, the 
difference among gender of males and females in human 
radiation frequencies is confirmed. 
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TABLE II.  MULTIVARIATE TESTSC 

PILLAI’S TRACE
GROUP

CHAKRA LEFT‐SIDE RIGHT‐SIDE

Value 0.595 0.726 0.621

F 5.250b 7.937b 4.908b

Sig. 0.001 0.000 0.001
Observed 
Powera

0.986 1.000 0.986

 
 a. Computed using alpha = 0.05 

 b. Exact Statistic 

 c. Design: Intercept+GENDER 

Further investigation on individual characteristic of 
dependent variable in gender differences was examined 
from univariate analysis. New alpha levels of Bonferroni 
adjusted were calculated to determine statistical significance 
of gender differences in univariate test. The result shows 
that the number of dependent variables was reduced to 13 
points, which represents as post-processing data. 
Particularly, it included 1 point of chakra (CF), and 6 points 
for each left-side and right-side on L3 to L8 and R3 to R8. 

For kNN analysis, the raw data and post-processing 
datasets were evaluated into three ratios varies in size of 
training set to testing set from 50 to 50, 60 to 40 and 70 to 
30. The results for these experiments are given in Fig. 5 and 
Fig. 6. As shown in the graph in Fig. 5, the raw data input is 
correctly classified at k = 3, 4 and 10 to 15. In this 
experiment we suggested that the kNN classifier of 70 to 30 
training to testing ratio of dataset is suitable.  
 

 
Figure 5.  kNN classifier fed with raw data 

 

Meanwhile, for the classifier fed with post-processing 
data as shown in the graph in Fig. 6, a perfect classification 
is found in classifier with training to testing ratio of 70 to 30. 
The highest classification was obtained at k = 5, 7, 11 and 13 
to15. 
 

 
Figure 6.  kNN classifier fed with post-processing data 

VI. DISCUSSION 

The frequencies of human radiation are studied on 23 
points around the human body. All frequencies were 
obtained in the anechoic chamber to establish reliable data. 
The ambient frequencies before and after measurement were 
observed constant, which confirmed the stability of the 
detecting system.  

A one-way between-group MANOVA analysis was 
performed to compare the frequency characteristic of human 
body. Prior to MANOVA analysis, preliminary assumptions 
testing of normality, linearity, multicollinearity, 
homogeneity of variance-covariance matrices, and 
univariate and multivariate outliers were examined. No 
serious violations noted in the tests.  

The multivariate F value of Pillai’s trace is the sum of 
explained variances on the discriminant variates, which the 
variables are computed based on the canonical coefficients 
for a given root. Although there are other statistics involved 
including Hotelling's trace and Wilks’ lambda, the preferred 
statistic in this study is Pillai's trace, a more robust test for 
small sample and unequal sample size. The results obtained 
the significant value of  lower than 0.05 for all three 
groups, therefore, confirmed the difference among gender of 
males and females in human radiation frequencies. 

In the univariate test, the Bonferroni adjustment is used 
in multiple-comparison procedures to calculate an adjusted 
probability. It is commonly used when several dependent or 
independent statistical tests are being performed 
simultaneously, where a given alpha level may be 
appropriate for each individual comparison, but it is not for 
the set of all comparisons. Therefore, the alpha level is 
lowered to account for the number of comparisons being 
performed. The new alpha levels of Bonferroni coefficient 
was 0.0071 for chakra and 0.0063 for both left-side and 
right-side. 

For the classification results using kNN, the data used to 
train the classifier, and the classifier setting for training to 
testing data size plays important role in deciding the k of 
nearest neighbor. Besides, the classification algorithm is 
strongly affected by the size and the quality of the training 
data as well. 
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VII. CONCLUSIONS 

The experiments described above have shown that the 
characteristic of human body radiation frequency can be 
used to classify the gender. Particularly, frequency 
measurements were carried out from 23 points around the 
human body, involving 33 healthy human subjects. The 
classification of difference vibration of body radiation on 
gender dependency found that 13 points of human body are 
significant to differentiate males and females.  

The kNN analysis was used to classify gender using 
training to testing ratio of 50 to 50, 60 to 40 and 70 to 30. 
The data was analyzed separately of raw data and post-
processing data. The results show that kNN is able to classify 
human radiation frequency. The success rate was improved 
to perfect classification when varying the training to testing 
ratio to 70 to 30. The selection of splitting data of training to 
testing ratio depends upon the resultant accuracy. 
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Abstract – Analytical models are often developed to characterize probabilistic behavior of wireless channels using Finite State 
Markov (FSM) model approach. The paper presents Outage Tolerant FSM (OTFSM) channel model based on maximum 
acceptable   ‘Tolerance time’. These are the short outage times, a wireless channel can tolerate without compromising 
telecommunication system quality in terms of acceptable Bit Error Rate (BER).  The model is used to estimate channel availability 
and   its   further improvement with tolerance time. The rationale of the tolerance time threshold with error correction capability is 
also discussed. Constant and arbitrary distributed tolerance time is considered in model development and is applied over wireless 
channel. Further fading parameters of the wireless channel such as Average Fade Duration (AFD), frequency of outage and 
probability of outage are derived in terms of tolerance time. The case study demonstrates the improvement in channel availability 
by eight to ten percent with tolerance times of approximately one forth of estimated AFD. The proposed methodology will help in 
efficient characterization of the fading channel which can be used in deciding error correction codes to alleviate the multipath 
effects and to evaluate performance of the wireless system including higher order protocols. 

 
Keywords – Channel availability, Fading statistics, FSM model, Tolerance time, Channel coding, Weibull distribution function.
 

I. INTRODUCTION 
 

 Fading channel characterization plays an important 
role in deciding physical layer parameters such as 
modulation and coding techniques and for performance 
evaluation of the system including higher layer protocols 
[1, 2, 3]. The fundamental technique used to characterize 
a fading channel is to construct the suitable stochastic 
model and to analyze it. In order to simplify the fading 
channel modeling and to reduce the analytical complexity 
various approaches based on Finites State Markov [FSM] 
model have been presented in the past [4, 5, 6, 7]. These 
approaches were also applied to estimate fading 
parameters such as   AFD, frequency of outage and 
probability of outage of the wireless channel. Further 
channel models were developed with more than two states 
based on partitioning of received signal to interference 
ratio (SIR), appeared in literature [8, 9, 10, 11]. 
 In a wireless communication system, channel 
bandwidth and transmitted power constitute two primary 
communication resources. Availability of equipments and 
other practical constraint like battery limit the power level 
in transmitted signal. Further limitations of physical 
medium and electronic components used to implement 
transmitter and receiver put upper limit on the channel 
bandwidth. Moreover different applications have different 
requirements in terms of data rate, range and mobility. In 
present days complex telecommunication system, spectral 
efficiency is the key design parameter to meet the 
challenges and to fulfill the requirements of emerging 
mobile networks [2, 3]. ITU also has announced for better 
spectrum efficiency as the goal for 3G IMT 2000 system. 
Channel availability estimation and techniques for its 
improvement may help in achieving such desired goals.  
The paper presents estimation of channel availability and 
its improvement using   Outage Tolerant FSM (OTFSM) 

 
 
 
 
channel model based on concept of ‘Tolerance time’. 
These are the short outage times, a wireless channel can 
tolerate without compromising telecommunication system 
quality in terms of acceptable bit error rate (BER). In 
wireless communication when received signal falls below 
than the threshold level, outage starts and channel 
becomes unavailable. Techniques such as channel coding, 
interleaver and diversity are applied to mitigate the fading 
effects [12, 14, 15]. The motivation for introducing the 
‘tolerance time’ is to reduce the frequency and immediate 
need of using these techniques during outage time. From 
this perspective, the channel can be finely forced to 
operate during these tolerable outage times. Investigations 
are also made to analyze the effect of tolerance time on 
fading parameters of wireless channel, channel coder and 
interleaver.  Paper is arranged in following sections.  In 
Section II, a brief survey of existing channel models with 
their assumptions and limitations is presented. The new 
model with the concept of ‘Tolerance time’ is introduced 
in Section III. Methodology to estimate the channel 
availability and fading parameters of wireless channel 
with and without ‘Tolerance time’ is developed in Section 
IV.  The case study and results are presented in Section V 
with conclusion in Section VI.  

 
II. THE EXISTING CHANNEL MODELS 

 Channel modeling is often done to investigate 
influences of noise and signal transmission perturbations 
on the performance of a wireless system. An ideal 
Additive White Gaussian Noise (AWGN) channel model 
[1] is often used for communication system analysis as it 
provides upper bound on system performance such as 
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channel capacity. However, in  wireless communication 
systems the channel is subjected to various impairments 
in addition to additive noise thus  results in large and 
small scale fading [2, 3]. Wireless channels suffer with 
time and location dependent fading resulting in 
fluctuation of received signal power. Simple AWGN 
model is, therefore, no longer valid and there is a need for 
more  and suitable channel model. Traditional Radio 
channel models are usually large scale fading models 
based on Maxwell’s equations in free space propagation. 
These models were developed and evaluated while 
considering specific channel condition which leads to an 
empirical characterization of channel which lacks 
generalization. [3]. 
 Analytical models representing fast fading channels 
are proposed in terms of Probability Density Function 
(PDF) of received signal envelope. However it is difficult 
to analysis PDF of continuous channel since these models 
involve complex integration [3, 6, 8]. In order to simplify 
the fading channel modeling and to reduce its analytical 
complexity a FSM model is often adopted specially to 
fulfill the need of 3G and 4G Networks. The FSM model 
is an abstraction    of physical channel in which channel is 
completely characterized by small set of parameters.  
Binary Symmetric Channel (BSC) is the simplest one 
among discrete Markov models.  Gilbert [4] and Gilbert 
Elliott [5] channel models were proposed in 1960 and 
1963 respectively, which are based on   FSM channel 
modeling. Various approaches for characterization of 
fading radio channels as FSM have appeared in literature 
over last five decades [ 8, 9, 10, 11, 12].  All these 
channel models are based on identification of suitable 
probability density function (pdf) of received signal. In 
mobile communication system, wireless channel suffers 
with multipath propagation and therefore the received 
envelope is approximated according to certain pdf like 
Rayleigh, Rician and Nakagami, which are theoretically 
motivated from multipath point of view. The complete 
range of received signal strength normalized to its rms 
value is divided in finite number of non overlapping 
intervals. Each interval of received signal envelope 
amplitude represents a particular state corresponds to 
different channel quality. Fading is said to be occurred 
and channel is said to be in   outage state whenever the 
received signal falls below than the specified SIR 
threshold. Rest of the time channel will be in satisfactory 
state.  The channel model is further classified as finite ‘N’ 
state and variable state FSM model [7, 8]. Most of the 
wireless channels have slow time varying signal strength 
parameter and may be considered stable over a short 
period of time interval. Wang and Mayor [8] proposed 
FSM channel model with more than two states based on 
SIR partitioning for Rayleigh channel. Binary Symmetric 
Channel (BSC) is associated with each state and 
transitions with Markov property are assumed between 
states. Deterministic channel modeling and long range 

prediction of fast fading mobile radio channels has also 
appeared in literature [6]. The statistics of residual error is 
studied by Zorzi [9], in which block of data  transmission 
is considered over the burst channel. Zang and Kassam 
[10] pointed out that SNR and number of partitions 
depends on fading speed of the channel. Babich et al. [11] 
proposed a technique to improve FSM description and as 
a method to build higher order model with Context Tree 
Pruning (CTP) algorithm.  
 Stochastic channel models are proposed to compute 
and estimate  first and higher order fading channel 
statistic like frequency of outage, (frequency of transitions 
from and to outage states), AFD  (average time during 
which channel experiences fade), average satisfactory 
time between two outages and outage probability,  
(probability of channel being in fading) [12]. The state 
interval cannot be made too large; otherwise variance of 
received signal strength will not be distinguished [7]. In 
[13, 17] the minimum duration of outage was discussed 
using specific fade duration distribution (FDD) function.  
It is revealed from literature survey that a major 
contribution to channel characterization is based on FSM 
channel modeling and evaluation of traditional fading 
parameters [18]. It has been observed that the Markov 
model approach was not applied for estimation of channel 
availability and its improvement. However in recent years 
Mobile systems are emerging as 3G and 4G networks. For 
such systems the different frequency components 
contained in the transmitted bandwidth experience hostile 
channel environment  and operate  at high data rate up to 
2Mbps. Hence, there is a need to reform the existing FSM 
models and to   evaluate additional channel 
characterization parameters such as tolerable outage time 
and channel availability.  
 This paper presents development of OTFSM channel 
model based on tolerance time and estimation of channel 
availability using the same.  
 

III. THE PROPOSED CHANNEL MODEL 
 

 In the proposed model concept of combined states is 
considered. The state space ‘S’ consists of  ‘n’ states, each 
state corresponds to non overlapping interval of received 
signal strength. Further ‘S’ is partitioned in to two disjoint 
subsets S1 and S2 where 

                                      (1)                    
                   (2)                      

Where states ‘1’ to ‘k’ are considered as satisfactory 
states and ‘k+1’ to ‘n’ are the outage states. Transitions 
‘qij’ indicate transition from one of the satisfactory state 
 ‘ i  S1’ ‘to one of the outage state ‘j  2’  vice versa is 

‘ ’. Let ‘ ’ is the probability that the channel is in one 
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of satisfactory states and ‘ ’ is the probability that the 

channel will be in one of outage states. These quantities 
are computed using frequency duration analysis, as 
follows [16] 

                        1                           (3) 

        k+1                      (4)                          
‘Pi ’  is steady state probability of  being in state ‘i’  and   
‘Pj’  is steady state probability of being in state ‘j’. 
Frequency of transitions from subset ‘S1’ to subset ‘S2’ is 
denoted by ‘f ’ and computed as follows  [16] -          

                                  (5) 

 The transition frequency includes all transitions that leave 
‘S1’ and enter ‘S2’, but ignores all transition that occurs 
among states in a subset. Let ‘Tout’ is the random variable 
indicates the fading interval. Then ‘ ’ is   the AFD for 
which channel will be in outage and is evaluated as 
follows 

           =                                                         (6)                                                  

Let ‘Ts’ is the random variable indicates the satisfactory 
interval. Average satisfactory time ( ) between two 
outage can be computed as  

=                                         (7)                                    

 Above fading parameters are used to evaluate 
channel availability and fading parameters with tolerance 
time. 

 
A. Formulation of tolerance time  
 
 In this section concept of ‘Tolerance time’ is 
introduced. GSM system employed with convolution 
channel code and interleaver for case study purpose [15].  
Let  the convolution code used in the system be of code 
rate ‘r’ , and hamming distance of ‘dfree’ , then the length 
of the burst error can be  corrected by such codes defined 
as error correction capability ‘Ec’ in terms of number of 
bits  is given as  [2,3] 

             Ec dfree -1                                   (8) 

If ‘Tb’ is the bit duration, the transmission corresponding 
to error correction time ‘ c’ is given by 

                                                   (9)             

Further, if interleaver of length ‘d’ is used, then  is 

defined as                                                                                                                         
                                     (10)     

Table 1 indicates the ‘ c’  for the various code rate and 

interleaver depth with constraint length = 9.  
 

 
 
 
 
 

TABLE 1 – CHANNEL CORRECTION TIME FOR VARIOUS CODE 
RATE AND INTERLEAVER DEPTH 

Convolution 
Coder 

c , Channel correction time 

With Interleaver depth  
 

dfree Rate Without 
Interleaver 

d = 5 d = 9 

12 ½ 18 µsec 90 µsec  162 µsec 

24 ¼ 39.6 µsec 198 µsec 
 
 

356 µsec 

Let denote maximum tolerance time as  ‘ttol’ and  some 
value of tolerance time  is denoted as ‘τ’. When tolerance 
time is considered, the states which fall under tolerable 
outages will be considered as satisfactory states. This 
results in OTFSM channel model.                      
Value of the tolerance time can be selected according to 
past outage statistic, error correction time and acceptable 
BER. In terms of  threshold value of the tolerance time, 
two cases may be considered  
Case 1 - Constant tolerance time of value ‘ttol’. 
Case 2- Variable tolerance time distributed according to 
some distribution function. 
Let take range of ‘τ’  from ‘τ1’ to ‘τ2’ with 

 τ1 < τ   <   τ2              (11)  

                  For  τ = 0,                        (12) 

OTFSM model would behave same as the original model. 
For  τ  = ∞,                                       (13) 

 OTFSM will never be in fading. Tolerance time  may be 
considered as non-negative random variable with certain 
distribution like Weibull, Beta or Exponential with 
distribution function F(τ). In the paper Weibull 
distribution  function with parameters α and β is 
considered, given as  

          (14)            

For α = β =1, It will be negative exponential distribution 
function.  
 
 

IV. METHODOLOGY TO  ESTIMATE CHANNEL 
AVAILABILITY 

 
 For the proposed study constant and arbitrary 
distributed  tolerance time are considered  and therefore 
FSM model evolved as OTFSM model. If outage time is 
greater than ‘t –TC’, but less than τ , the channel is 
supposed to be in satisfactory state, otherwise in outage 
state for the OTFSM model.  
 Table 2 indicates the channel availability at different 
observation time. 
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TABLE 2 - CHANNEL AVAILABILITY AT DIFFERENT 
OBSERVATION TIME FOR THE EXISTING /  OTFSM  CHANNEL 

MODEL 
Channel model t  <    ttol         t  > ttol  

FSM model 
state/Availabilit
y 

Satisfactory/ 
Available 

Outage/ 
Unavailable 

Outage/ 
Unavailable 

OTFSM model 
state/Availabilit
y 

Satisfactory/ 
Available 

Satisfactory 
/Available 

Outage/ 
Unavailable 

Following part of the section presents the methodology to 
estimate channel availability (the probability that the 
channel is operating satisfactorily at time‘t’) while 
accounting for the constant and arbitrary distributed 
tolerance time. 
 
A. Case 1: Constant tolerance time 
 
 Let ‘ ’ represents the stochastic process describes 
existing channel model without  tolerance time and ‘ ’  
represents OTFSM channel model that includes  tolerance 
time.  and  are considered as instantaneous 
availability of existing  and OTFSM channel model 
respectively. Probability (at time t’ channel is in 
satisfactory state) is denoted by the summation of the 
probability that the stochastic process ‘ ’ are 
in satisfactory state and the probability that ‘ is in 
outage but ‘  is in satisfactory state, given as follows 
[14]                                                                      
  

=  P(Y  
                             Y                   (15)                                                                                                                                 

 is the channel availability for the 
existing channel model and represented as .  
Channel availability for the OTFSM channel model   
can be  shown as below 

       (16)                                                           
For the first order two state Markov process channel 
availability is computed as follows [14] 

   +                                (17) 

 ‘λ’ and ‘µ’ are the  rate to arrive and departure from the 
outage state. The computation is required which denote 
the probability that the channel is in satisfactory state and 
surviving while it is in fading. This is shown as follows  

P(Y )  = 

 (18)    

 
When  tolerance time is denoted as a random variable ‘τ’  
with distribution function of   F(τ ), “(18)” indicates the 
probability of transition of the existing model from 

satisfactory state to outage state in time  to 

 and the outage time is greater than  

‘  ’ but less than ‘ ’. For constant tolerance time 

it is  derived as follows - 

.      (19) 
 
Value of is substituted from equation “(17)” 

therefore  
 ) 

         (20)                      
When  ttol, the existing channel model will be in 

outage state while OTFSM model will be considered in 
satisfactory state. It involves complex integration process 
hence   derived as  

 
                     

(21) 
Channel availability for the OTFSM  model is summation 
of  “(17)” and  “(21)”, given as  

 (22) 

As ‘t’ tends to infinity, channel steady state availability 
can be  expressed as follows   

      (23)    

                  (24) 

Channel instantaneous and steady state unavailability can 
be expressed as - 

   (1- ) and (1 -  )                         (25) 

B. Case 2: Variable tolerance time  
 
 When  tolerance time is denoted as a random variable 
‘τ’  with distribution function of   F(τ ) ,   
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   P (Y )   can be written [14] as 
follows 

=     

(26)                      
Then  we can  get steady state system availability as  

 
             = ) 

            =  1- f*( ) + d(f*( )/d )               

(27) 
Where f *( ) =                  (28) 

f *( ) is Laplace Stieltjes Transform (LTS).  
For Weibull distributed tolerance time with 

,  let α = 1, β = 1, “(28)”    can be 
evaluated as  

        f*( ) =                            (29) 

and using “(29)”,  channel steady state availability for 
OTFSM model “(27)”can be rewritten as  

            (30) 

 
    
C. Effect of tolerance time on fading statistics 
 
 Probability that outage time is less then time‘t’ is 
denoted as  P (t out ≤  t), hence   

    P (tout  ≥  τ) = (1 - F(τ) )                               (31)                                                                                                       
Let denote ‘tout’ and ‘ ’ are  the instantaneous outage 
time and AFD without   tolerance time .  
pdf of instantaneous outage time is shown as below- 

   =                                   (32)         

If outage time is Weibull distributed then                                    
P (tout ≥  τ) = 1- (1- ) =                (33)                                                               

Let denote  and are the instantaneous outage 
time and AFD of fading channel modeled as  OTFSM . 

 
- Density function of  outage time of OTFSM   

 ( ) =                   (34)         

Using “31”, “32” for any F(τ), “34” can be computed and 
used to evaluate AFD of OTFSM model. 
 
-   (AFD of OTFSM model )    

   =            (35)    

Using “34”,    can be computed. 
 

-   f’out  
  (Frequency of outage  of OTFSM model) 

=   Level crossing rate.  Pr (Crossing is an  
 outage) 

Using “5”, “31”, f ’out     can be given as                                           

             = f out     ( Pr ( ))                              (36) 
Substituting from “(33)” 

 = fout                                        (37) 
Let    ratio of tolerance time to AFD is termed as Tolerant 
Factor (TF) and denoted by ‘υ’. Equation “(37)” can be 
rewritten as  
               f ’out =  fout          (39) 
Using Equation “(33)”, the probability of outage time 
greater then tolerance time  can be rewritten as  

= P (tout ≥  )  =     (40) 
Figure 1 shows the probability of outage time greater then 
tolerance time with variation in tolerant factor, ‘υ’.      

                    
Figure - 1 Probability of outage time greater then tolerance time with 

variation in    Tolerant Factor , ‘υ’     . 
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Figure 2 - The variation in normalized frequency of outage of OTFSM 

with TF. 

 
Figure 2 demonstrates the variation in frequency of 
outage of OTFSM model normalized to its frequency of 
outage of existing model, with respect to TF.  

The comparison of frequency of outage with different 
values of ‘α’ is shown in the plots. It is observed that the 
frequency of outage decreases faster with smaller TF.  
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V. CASE STUDY AND RESULTS 
 
  Rayleigh channel is simulated using MATLAB. 
AFD is calculated using “(6)” and ‘λ’ and ‘µ’ are derived 
from simulation results with fade depth of = 10 dB. Two 
different values of ‘µ’ of 26 and 128 transition per unit 
time and two values of tolerance time according to AFD 
are considered for case study purpose.  
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Figure 3 – Channel availability   of OTFSM model and existing model 

with ‘µ’ = 26 and 128 tr. /time 
 

 In figure 3 the plots A1 to A3 and A4 to A6 indicate 
the variation in channel availability with lower and higher 
departure rates respectively. Plots   A2, A3 and A5, A6 
show the variation in channel availability of OTFSM 
model with tolerance time of 0.00195 sec and 0.0039 sec. 
A1 and A4 show the variation in channel availability of 
existing model. It can be demonstrated that the channel 
availability improves using OTFSM model by eight to ten 
percent and with increase in   departure rate ‘µ’.   
 
  

VI. CONCLUSION 
 
 Concept of channel availability and tolerable outage 
time were not discussed in past using FSM channel model 
approach. This paper first discusses existing channel 
models with their assumption and limitations. 
Development of outage tolerant FSM channel model is 
presented to evaluate channel availability. Concept of 
tolerance time is introduced as a technique to improve 
channel availability.  Fading parameters such as 
frequency of outage and probability of outage time greater 
than tolerance time are also evaluated using Weibull 
distributed tolerance time. It has been shown that 
tolerance time has large impact on channel availability 
and fading parameters of the wireless channel. Results 

may be used to decide physical layer parameters of the 
wireless channel and its performance evaluation including 
higher layer protocols.  
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