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Abstract 

Analytical sequence technique was designed and applied on normal and epileptically human 

electroencephalography (EEG) data. This technique was composed of three stages. First 

extraction of EEG spikes and rejection noise, slow and artifacts components. Second 

determining amplitude threshold which describe spike incidence. Third representation of 

spikes per second on a bar chart. A set of a band pass filter was designed for extraction of 

EEG spikes. An accurate detection of spikes was obtained with band pass digital filters of 

double zero at (z=±1), single pole placed on a circle radius (r1 and r2) and 4th order pole was 

placed at the origin. A threshold program was successfully used to recognize the spikes 

incidence. Bar chart program was carefully used to count the number of incidence spikes 

per second on EEG data. 
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 المستخلص

شييةستهصيقيبقهدرياطةخهصشيييةمهابيسهطويةنب ه ايييسب هطويةنب هنطييس هإفي هذي اهدراسد يي هصييهصويطبيه صقنبييلهصليبي هرص  بي ه
دروسعهركلاهدرجي ب .هصصك  هذ اهدرصليب هط هثلاث هطسد  :هصيهف هدرطس  ي هدص رياهد يصن ةاهدريصي اه دة دري هدر   يةاهةد شيةسته

شيةست.هاطيةهفي هدرطس  ي هدرثةيبي هفلياهصييهص ابياه ياهدر صني هر  ي  هر وي.ه يا  هدريصيي ا.هدر ي بة ه درصياديلااهدرط جي اتهفي هد 
 ف هدرطس   هدرثةرث هصيهصطثب هعااهدريص اداهرك هثةيبي هن  يةق هدصعطياتهدرط يصقب  .هصييهصويطبيهعيااهطي هدرطسشي ةاهدرس طبي ه

درياطةخ.ه  ياه جياهنيد هاالهكشي.هر يصي اههصيقبقإشةستهدرص هص طحهنطس سه  ط هط بي هط هد شةسته  ركهلا صن ةاهدريص اهط ه
  قييمهطةييساهط  يي عهفيي هادقييستهيويي.ه قسذييةهه(z=±1)كيية هنة ييصياديهدرطسشييحهدرس طيي هدريي  هبصكيي  هطيي هوييةسهطيي ا  هفيي ه

 اسن يي ها قييةمهط  يي ع هفيي هطسكيي هدرييادقست.هعييياهصقنبييلهنسيييةطكه يياهدر صنيي ةهصيييهدركشيي.هعيي هدريصيي اداهنيجيية .هه)2يييلهه1(يييل
طكهدصعطياتهدرط يصقب  هر  يةمهعيااهدريصي اداهركي هثةيبي هةهد يصق يةهطي هيلاريحهصشييبمهدر ةري هدرطس يب ه راىهصقنبلهنسيية

 ر طسب .

 .درةلاصسهدرس طب ةهص  ب هد شةستةهط ةرج هد شةستهدرس طب  كممات المفتاح:



Introduction 

The analytical sequence technique which 

is used in this study based on digital signal 

processing (DSP) for EEG analysis, which is 

help the EEGer indiscrimination between 

abnormal spikes and artifacts and normal. 

The designed analytical technique involves 

three stages: first stage was deal with 

extraction of spikes from slow wave, noise 

and artifacts. These tasks can be achieved by 

development of a set of z- transform digital 

filters. Second stage was for development of 

threshold routine which recognized point 

event sequence. Third stage was for 

developed bar chart program to illustrated 

number of incidence spikes per second on 

EEG data. 

Theory 

 Digital Filter 

Digital filters are a very important 

part of (DSP).  A digital filter is just a 

filter that operates on digital signals, 

such as sound represented inside a 

computer. It is a computation which 

takes one sequence of numbers (the 

input signal) and produces a new 

sequence of numbers (the filtered 

output signal)[1].

 

 

Figure (1):  A block diagram of a basic digital filter[2] 

Transfer Function 

The input xn and output yn sequences of a digital filter both represent signals sampled at discrete, 
uniformly spaced, time increments tn. A finite impulse response (FIR) digital filter takes N+1 of the 
most recent samples of xn, multiplies them by N+ 1 coefficient, and sums the result to form yn. For 
an infinite impulse response (IIR) filter, the M previous samples of yn are weighted and added in as 
well. In other words, an IIR filter uses feedback.  

This is expressed mathematically by [3]: 
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 Z-transform 

 The z-transform is used to describe the properties of a sampled data signal or system, and it 
provides useful methods of representing the sampled data signal or system by either a finite set of 
poles and zeros(frequency-domain representation)  or by a linear difference equation (time - 
domain representation )[4]. 

Just as analog filters are designed using the Laplace transform, recursive digital filters are 

developed with a parallel technique called the z-transform. To reinforce that the Laplace and z-



transforms are parallel techniques, we will start with the Laplace transform and show how it can 

be changed into the z-transform. The Laplace transform is defined by the relationship between the 

time domain and s-domain signals: 

    dtetxsX st
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where   x (t) and   X (s) are the time domain and s-domain representation of the signal, 

respectively. 

The Laplace transform can be changed into the z-transform                                   
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Eq.(3) represents the standard form of the z-transform, which defines the relationship between 

the time domain signal, x[n] , and the z-domain signal, X(z) [5]. 

The Digital filter transfer function 

The transfer function of the filter is the ratio Y(z) /X(z) ,where Y(z) and X(z) are the z-transforms of 

the output and input signals respectively .  
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Multiplying the input transform X(z) by the transfer function  H(z) gives the output transform Y(z) 

[4]. 

Transfer function in pole –zero form  

An important feature of the z-domain is that the transfer function can be expressed as poles 

and zeros. This provides the second general form of the z-domain: 
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Each of the poles (p1, p2, p3…) and zeros ( z1, z2, z3,……..) is a complex number*5+.  

 The behavior of the digital filter is governed by the location of its poles and zeroes in the z-

plane [5]. One of the most important characteristics of the z-plane is that the region of filter 

stability is mapped to the inside of the unit circle on the z-plane. Given the H (z) transfer function 

of a digital filter , the poles location of this function determine stability of the filter. If all poles are 

located inside the unit circle, the filter will be stable. On the other hand, if any pole is located 

outside the unit circle the filter will be unstable [6]. As shown in figure (2). 

 

 

 

 



 

 

 

 

 

 

 

  

  

 

 

 

 

 

 

 

 

 

 

 

 

 

  

 

 

 

 

 

 

 

Figure (2):Various H(z)pole location and their discrete time-domain[6] 
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Results 

A- Data plotting 

  EEG recordings were plotted on computer 

by using program MATLAB, so that the 

computer analysis could be compared with 

the original signal .In EEG analysis ,the 

sampling rate was chosen to be (160 Hz) to 

avoiding loss of  information .The recorded 

data was displayed on the computer and 

compared  to actual data, no loss of 

information was noticed , this was confirmed 

by medical specialist. 

 A computer printout of 16 channels of 

EEG recordings are shown in figure (3a) & 

figure (3b) respectively with  (40000-60000) 

points of data on each channel, each channel 

has been analyzed alone .In figures (3a)and 

(3b) the signal from the beginning to 

(8.5*104) points and the last (0.2*104) points 

represent the calibration of EEG .Calibration 

is selected simultaneously for all channels by 

a switch on the control unite .A calibration 

signal of (100μV,0.5Hz) square wave was 

recorded at the beginning of each record , 

which was used as a scaling signal of the 

actual absolute amplitude values. 

  To find the number of points per second  

we divided the total number of points over 

the total measuring time ,then we plot the 

EEG signal for one minute ,which consist of 

ten segments ,each segment represent 6 sec 

as shown in figure (4). This figure shows a 

computer print out of ten tracing (6 sec long 

)of one minute of data of channel two 

,channel two was chosen for the processing 

the signal which has lowest noise 

contamination .On each trace the 1250 

points correspond to (6 )seconds of data. 

B-Analytical Technique 

In this work, digital filtering operations 

form an important part of EEG signal analysis 

procedures. The signal to be analyzed 

consists of two main components, both of 

interest to diagnosis epilepsy cases and to 

the physiologist. These are action potential 

"spikes" and slow rhythmic wave. The tasks 

required a suitable filter for detecting and 

separating the spike from the slow wave and 

for noise reduction .For such operations, 

different configuration of band pass digital 

filters have been designed using z-transform 

techniques. 

The band pass filters were designed to 

extract spikes and reject (80Hz) on data 

sampled at (160Hz). 

Firstly, a very simple band pass filter was 

designed as shown in figure (5), this filter has 

a single zero at( z = ±1) to get a rejection of 

low frequencies and noise components .The 

second order poles were placed at origin for 

phase response. 
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Figure (5): Pole-Zero Configuration of Simple Band Pass Digital Filter with single zero at ( 

z = ±1) 

 



The z-transform function of this filter was found to be 
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To find recurrence formula: 

Since     
 
 zX

zY
zH    -------------------- (7) 
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      zXzzXzY 2   

In general, we may transform a term such  zXza m.1  into  mnXa 1  or a term  zYza k 2  into 

a term  knya 2  where m and k are integers. The reason of this is that z may be thought of as a 

shift operator multiplication by z is equivalent to time shift of  T seconds [2].  Then the recurrence 

formula becomes 

     2 nxnxny  -------------------- (9) 

 When this band pass filter was applied on the EEG signal low frequencies were extracted as 

shown in figure (6).  

A second band pass digital filter was designed as shown in figure (7), which had a double zero at 

(z=1) to achieve a complete rejection of zero frequency, and a single zero at (z =-1) to reject noise. 

The complex conjugate zero-pair were placed on the unit circle at (
jez   ) with (θ= ±45°) to 

extract frequency of (8-13) Hz and. (36-44)Hz.  In addition a 5th order pole was placed at origin to 

maintain the condition so that the filter output is calculated from previous output and nth earlier 

inputs. 

 

 

 

 

Figure (7): Pole-Zero Configuration of Band Pass Digital Filter with a double zero at (z=1), single 

zero at (z =-1), complex conjugate zero-pair at (
jez   ) with (θ= ±45°) and a 5th order pole at 

origin. 

 

The z-transform function of this filter was found to be 
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       Or  

                 532cos241cos21  nxnxnxnxnxnxny   

The recurrence formula of this filter is 

                 53224121  nxnxnxcnxnxcnxny ----- (12) 

Where c= cosθ 

When this filter was applied on EEG data, it was found that although noise artifact and low 

frequency have somewhat been reduced, but they were still present as shown in figure (8).  

An attempt was made to design ,digital filter using as few poles and zeros as possible in order 

to approximate desired frequency response characteristic since more z-plane poles and zeros are 

used, the more complicated is resulting recurrence formula and the more numerical calculations 

are involved in calculating any one out put sample value. Thus, the zero frequency and high 

frequency rejection are provided by the double zero at (z= ±1) and the complex conjugate pole-

pair were placed at z =
jre

on a circle of radius (r) which gives increased rejection of noise 

components a round (20) Hz and narrow pass band and a pole-pair on the origin for sharp cut off, 

as shown in figure (9). 

 

 

 



 

 

 

Figure (9): Pole-Zero Configuration of Band Pass Digital Filter with Double Zero at (z= ±1), Complex 

Conjugate Pole-Pair were Placed at z =
jre

on a Circle of Radius (r) and 2nd Order Poles at Origin. 

  The z-transform function of this filter was found to be 
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           zXzXzzXzzYrzzYrzzYz  242234 2cos2   

Then the recurrence formula becomes 

           nxnxnxnyrnyrny  22423cos24 2  

Which is equivalent to: 

           42221cos2 2  nxnxnxnyrnyrny   

The recurrence formula of this filter is. 

           42221cos2 2  nxnxnxnyrnyrny  ---------------- (15) 

 The pole-position used were at (θ=
6


) and (r =0.4). 

Figure (10) shows the result when this filter was applied to EEG data. The noise reduction in the 

signal was very good, when (θ= /6) and (r=0.2) which represent the best local (angle and 

distance) for a pairs of poles, but some slow wave can be seen.           

Figure (11) shows the output of filter of figure (9) with (θ=
4


) and (r=0.4), it is clear that there is 

some noise and artifact couldn't be removed.  

In this filter, double zero are placed at (z= ±1) and single pole  placed on a circle of radius (r1 and 

r2) and a pole-pair on the origin for sharp cut off was designed ,as shown in figure (12). 
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Figure (12): Pole-zero Configuration of Band Pass Digital Filter with Double Zero are Placed at (z= 

±1), Single Pole Placed on a Circle of Radius (r1 and r2) and a Pole-Pair on the Origin. 
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Then the recurrence formula becomes 

             nxnxnxnyrrnyrnyrny  2242334 2121  

Which is equivalent to: 

             422211 2121  nxnxnxnyrrnyrnyrny  

The recurrence formula of this filter is. 

             422211 2121  nxnxnxnyrrnyrnyrny ---------- (18) 

 When this filter was applied with (r1=0.8 & r2=0.3) to EEG data. As shown in figure (13), it was 

found that the noise has not been completely eliminated.  

 By varying the value of (r1 & r2 ) of the filter of figure (12) and applied on the same EEG data, the 

noise and artifacts components were also not completely rejected as shown in figure (14) with 

(r1=0.2 & r2=0.9).  

Finally ,the pervious filter can be modified to reduce the noise components completely by applying 

double zero at (z = ±1), single pole placed on a circle of radius (r1 and r2) and 4th order pole was 

placed at the origin to provide sharp cut off as shown in figure (15) . 
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Figure (15): Pole-Zero Configuration of Band Pass Digital Filter with double zero at (z = ±1), single 

pole placed on a circle of radius (r1 and r2) and 4th order pole was placed at the origin. 

   The z-transform function of this filter was found to be 
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   Then the recurrence formula becomes 

             nxnxnxnyrrnyrnyrny  2244556 2121  

Which is equivalent to: 

             6422211 2121  nxnxnxnyrrnyrnyrny  

Or 

             6422211 2121  nxnxnxnyrrnyrnyrny  ------ (21) 

 

When this filter was applied with (r1=0.4& 

r2=0.7), a reduction in the noise components 

and low frequencies was obtained as shown 

in figure (16). To be sure that the noise 

components was reduced accurately, another 

two applications of the above filter were 

applied to the same EEG data one with (r1 

=0.9 &r2 =0.1) and the other with (r1 =0.1&r2 

=0.8).The results of these applications are 

shown in figure (17) and figure (18) 

respectively. In comparison between there 

figures, it was found that the filter with (r1 

=0.1& r2 =0.8) yielded a useful reduction in 

noise components together with spikes 

which are sufficiently clear to be detected by 

means of a simple threshold technique.      

C-Threshold Technique for Detection of the 

Spike Sequence 

 In order to study the incidence patterns 

of the contraction spike they must be 

recognized and separated from the noise and 

presented as an event sequence in time. That 

is to say , a new signal must be generated 

which has the value 0 at all times except the 

sample point at which a spike is recognized 

,when its value must be 1 .Such signal is 

known as a point event series and it is 

obtained from the filtered spike signal by 

means of a threshold detection algorithm. 

 Several factors contribute to the design of 

such a routine. In our spike signal the 

r2 r1 

4 



amplitude of the spike is generally greater 

than all other   components so in principle a 

simple threshold system will detect its 

presence. 

Figure (19) shows the extraction process 

applied to one minute of EEG (channel two). 

The top trace (a) shows the original EEG 

record for one minute. The center trace (b) 

shows the signal after being filtered with the 

a band pass digital filter whose z-plane plot is 

shown on figure (15). The trace (c) shows the 

binary out put from the threshold program; it 

is the point process representation of the 

spike component incidence. It is clear from 

this figure that the incidence of spike has 

been successfully recognized. 

D-Bar Chart 

The bar chart is a convenient graphical 

device that is particularly useful for displaying 

nominal or ordinal data-data like ethnicity, 

sexes and treatment category. The various 

categories are represented along the 

horizontal axis. The height of each bar is 

equal to the frequency of items for the 

category [7]. Bar charts are usually drawn 

with a gap between the bars (rectangles), 

because each bar describes a different item 

[3].     

 Bar Chart Applied on EEG Data 

  The bar chart routine was applied to EEG 

data of normal subject, as shown in figure 

(20). The top trace (a) shows the original EEG 

record for one minute of EEG data. Trace (b) 

shows the results of filtered signal by using 

band pass digital filter of figure (15). The 

third trace (c) shows the point event 

representation of the spikes. The bottom 

trace (d) shows the number of spikes per 

second for one minute generated by program 

(Bar chart). Each bar represents one second. 

The height of the bar equals to the number of 

spikes per second.  

 As a check on the bar chart operation "by 

eye" count the number of spikes showed that 

the bar chart truly represented the number 

of spikes per second incidence patterns in the 

original data.   

Discussion 

Computer analysis of EEG aims to extract 

information from the signal and presents it in 

a more objective and convenient for 

interpretation. Many analytical techniques, 

such as spectral analysis standard deviation, 

have been developed. These techniques were 

based on their analysis on Fast Fourier 

Transform (FFT). Disadvantages with spectral 

analysis are the requirement of a fairly long 

observation time to achieve good spectral 

estimates. Another disadvantage is that the 

power spectrum doesn't give the desired 

result, when a certain characteristic values 

are need, like peak frequencies. 

In the present study, a new technique 

was developed and applied on one minute 

EEG record of normal and epileptically 

females and male. The develop band pass-

threshold-bar chart technique was based on 

z-transform signal process. This technique 

gives an accurate measure of the spike 

incidence patterns in EEG data. The problem 

of noise, slow wave and artifacts component 

can be effectively eliminated. 

  In addition, the development 

technique in actually counting spikes and 

displaying their incidence patterns is a great 

important on the technique. In which an 

adaptive spike detection algorithm was 

constructed by combining the different 

threshold value of discriminate function.  

Application the band pass threshold 

technique on EEG data for one minute 



duration of normal and epileptically female 

and male during open and closed eyes state, 

the application of this technique shows an 

increase in the number of spikes per second 

of epileptically female and male as compared 

to the EEG of normal female and male this 

increase reface to more action potential (an 

electrical phenomenon that occurs in nerve 

cells) occurs.  

Conclusion 

In EEG assessment, transient activities mixed 

with background activity play an important 

role in neurology. Spikes are sometimes 

hidden to the eye dominate noise. So, it was 

necessary to develop a technique of a great 

complexity to extract the spikes from slow 

wave and noise components. Thus, with 

original real time sampling of 160 Hz spikes 

could be adequately extracted by means of a 

band pass filter has a double zero at z=±1, 

single pole placed on a circle of radius (r1 and 

r2) and 4th order pole was placed at the 

origin. After this filtering operation spikes 

incidence could be recognized using a simple 

threshold routine. The output of threshold 

routine was used successfully to generate a 

bar chart to calculate the number of spikes 

per second. 

It is concluded that this method is potentially 

very useful in the analysis of EEG signal.
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Figure (3a): First 8th Channels of EEG Signal of Four Minutes Duration  
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Figure (3b): Second 8th Channels of EEG Signal of Four Minutes Duration  
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Figure (4):Ten Traces of Channel Two of One Minute off EEG1250 Points on Each Tracer 

Corresponding to Six Second Duration 
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Figure (6): Ten traces of channel two of one minute record of EEG data passed through band pass 

digital filter of figure (5)   
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Figure (8): Ten traces of channel two of one minute record of  EEG data passed through band pass 
digital filter of figure (7) 
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Figure (10) : Ten traces of channel two of one minute record of EEG data passed through band 
pass digital filter of figure (9)with (θ= /6) , (r=0.2) 

filter of figure (9)with (θ= /6) , (r=0.2) 
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Figure (11) : Ten traces of channel two of one minute record of EEG data passed through band 
pass digital filter of figure (9) with(θ= /4) , (r=0.4) 
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Figure (13) : Ten traces of channel two of one minute record of EEG data passed through band 
pass digital filter of figure (12) with (r1=0.8&r2=0.3) 
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 Figure (14): Ten traces of channel two of one minute record of EEG data passed through band 
pass digital filter of figure (12) with (r1=0.2&r2=0.9) 
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Figure (16) : Ten traces of channel two of one minute record   of EEG data passed through band 
pass digital filter of figure (15) with (r1=0.4&r2=0.7) 
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Figure (17) : Ten traces of channel two of one minute record                                                                                           
of EEG data passed through band pass digital filter of figure (15) with (r1=0.9&r2=0.1) 
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Figure (18) : Ten traces of channel two of one minute record of EEG data passed through band 
pass digital filter of figure (15) with(r1=0.1&r2=0.8) 

 

 

 

 

Figure (19): (a) Original EEG record,(b) the signal after being filtered with the digital filter whose z-

plane is shown on figure(15), (c) the point process representation of the spike sequence for one 

minute record of channel two 
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Figure (20): (a) Original record for one minute of EEG record on channel two for normal subject (b) 

the signal after being filtered with the digital filter whose z-plane is shown on figure (15), (c) the 

point process representation of the spike sequence (d) spikes per second bar chart  
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 Figure (21): (a) Original EEG record for 6 second for epileptically patient record on channel two (b) 
the signal after being filtered with the digital filter whose z-plane is shown on figure (15) (c) the 

point process representation of the spike sequence (d) spikes per second bar chart 

 

 

 

 

 

Figure (22): (a) Original EEG record for one minute for epileptically patient record on channel two 

(b) the signal after being filtered with the digital filter whose z-plane is shown on figure (15), (c) 

the point process representation of the spike sequence (d) spikes per second bar chart  
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