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Abstract- In the present paper is presented a method for on-line narrow spike detention from 
distorted signals. The method consists of successive derivations of the distorted signal till the only 
event remains significant in the sequence. A study for narrow spike form influence in detection will be 
performs. 
 

I. Introduction 
 
It is well known that nowadays, electric power quality plays a decisive role in life, reliability and well-
operating behaviour of almost all electric apparatus and devices. As known, the ideal voltage shape 
delivered by power distribution systems is sinusoidal. In practice, non-periodic disturbances caused 
mainly by electric and electronic switches under inductive or capacitive loads appear, leading to serious 
alter of power quality. These disturbances appear as transient events in the form of narrow spikes or 
gaps in the continuous sinusoidal voltage shape. Most of them have values as much as 2 to 2.5 times 
greater than the normal value. Obviously, if a spike occurs close to the peak value of the sinusoid, it 
means that unacceptable high-voltage peaks are generated, that may cause serious damages to 
insulators and electronic devices. 
 

II. Narrow spikes detections 
 
Our paper describes a method and an instrument based on digital techniques, designed to detect and 
measure spikes or gaps in periodical distorted signal as narrow as 1ms (covering the real situation) with 
respect to normal power frequency of 50Hz. 

The narrow spike represents a sudden change in voltage with microseconds duration. Causes: utility 
switching operations, starting and stopping equipment or machinery, static discharges, lightning. 
Effects: processing errors, data loss, burned circuit boards. 

One of the most utilised methods for detecting narrow spikes is using the Digital Fourier Transform 
[1-3]. The samples of a signal obtained from a DAQ device constitute the time domain representation 
of the signal. This representation gives the amplitudes of the signal at the instants of time during which 
it had been sampled. The representation of a signal in terms of its individual frequency components is 
known as the frequency domain representation of the signal. The frequency domain representation 
could give more insight about the signal and the system from which it was generated. The algorithm 
used to transform samples of the data from the time domain into the frequency domain is known as the 
discrete Fourier transform or DFT. The DFT establishes the relationship between the samples of a 
signal in the time domain and their representation in the frequency domain. A simple way to improve 
the spectral characteristics of a sampled signal is to apply smoothing windows. When performing 
Fourier or spectral analysis on finite-length data, you can use windows to minimize the transition edges 
of your truncated waveforms, thus reducing spectral leakage. When used in this manner, smoothing 
windows act like predefined, narrowband, lowpass filters. This method, however, supposes some 
restrictions like: 
• Necessity of acquiring a large number of periods;  
• The number of periods must be integer;  
• Windowing must be employed.  
Our instrument presents some features that make it useful in real condition of operation. Some of them 
are: signal frequency can be variable in time, the amplitude can be also variable, and the noise can be 



present in signal, on-line processing. 
In figure 1 are presented the main parameters of the narrow spike: tspike=t1-t0; dUspike=Uspike-

Uspike(t0) [4-6] 
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Figure 1. Spike parameters  

Because the event period is about 5% of the signal period, the signal must be sampled with a 
frequency 100 times greater than the signal frequency. The signal is continuously acquired by using a 
circular buffer. The sequence picked up and stored into the buffer at once covers an interval of nine 
signal periods, but data processing is performed on ten periods, in order to not fail to catch a spike 

occurring eventually at the boundary between two adjacent sequences. Nine periods come from the 
actual acquisitions, while the tenth represents the last period taken from the previous sequence. This 
one is stored in the cash memory by utilising a shift register. 

In figure 2, a real case where a short transient represented by a narrow spike is presented. The ten 
periods shown in the figure represent just the sequence processed according to the algorithm. 

In principle, for detecting the above event, three successive derivations are performed to the 
sequence, which in the digital technique means that we have to make iterative differences between 

adjacent samples.  

Figure 2. Narrow spike sequence 

Figure 3. Event detection 



Following to this technique, after the third derivative, the samples corresponding to the periodical 
distorted signal become insignificant in amplitude with respect to those corresponding to the transient.    

From figure 3 one observes that the event detection becomes very easy to accomplish when a level 
threshold is imposed. 

For subsequent analysis, only the sequences containing events are stored on the disk, thus 
considerably saving the disk space.  

Sampling frequency utilised in laboratory when testing the instrument was 5 kHz. The voltage under 
test had time variable amplitude whilst frequency oscillated in the 48 to 52 Hz interval [7,8]. The signal 
was accompanied by a white noise of 4% magnitude regarding the signal amplitude. The spike width 
was maximum 5 % of signal period. The virtual instrument responsible for signal acquisition and 
processing was developed in the graphical language LabVIEW. 

A National Instrument data acquisition board (AT-MIO-16E-10 type) performs the communication 
between VI and system devices. Several modules (subVIs) were developed in LabVIEW in order to 

perform signal acquisition, data processing, data analysis, and results display functions. Each module 
can be programmed and executed independently. This modular design concept simplifies program 
debugging and improves its reusability. Finally, the VI presents a user-friendly graphical interface, by 
means of some very useful graphical display tools. 

Figure 4. Front panel of testing virtual instrument 

 
III. Conclusions 

 
 The proposed paper describes a method for on-line detection of narrow transient events 
(spike) accidentally occurring in the voltage shape in electric power systems. The method consists of 
successive derivations of the signal till the only event remains significant in the sequence. The event 
detection is not influenced neither by the time variation of the signal parameters, nor by the presence of 
noise. In our upcoming research we will perform a detail study about narrow spike parameters 
influence in presented method.  

 
References 

 
[1] J.C.G. Lesurf, "Information and Measurement", Institute of Physics Publishing, Bristol and 
Philadelphia 1995. 



[2] G. Silverman, H. Silver, "Modern Instrumentation: A Computer Approach ", Institute of Physics 
Publishing, Bristol and Philadelphia 1995. 
[3] A.F.P. Van Putten, “Electronic Measurement Systems. Theory end Practice”, Institute of Physics 
Publishing, Bristol and Philadelphia 1995. 
[4] IEEE Std 519-1992 IEEE, Recommended Practices and Requirements for Harmonic Control in 
Electrical Power 
[5] D.S. Won, D.Y. Chong, and P.D. Wolf, “Effects of spike sorting error on information content in 
multi-neuron recordings,” in First International IEEE EMBS Conference on Neural Engineering, Capri 
Island, Italy, 2003. 
[6] A. Kansal and A. Karandikar, “Adaptive delay estimation for low jitter audio over internet”, Proc. 
IEEE Global Telecommun. Conf. (San Antonio, TX), vol. 4, pp. 2591-2595, Nov. 2001. 
[7] J. Pinto and K. J. Christensen, “An algorithm for playout of packet voice based on adaptive 
adjustment of talkspurt silence periods”, Proc. IEEE Conf. Local Computer Networks (Lowell, MA), 
pp. 224-231, Oct. 1999. 
[8] P. Agrawal, J.-C. Chen, and C. J. Sreenan, “Use of statistical methods to reduce delays for media 
playback buffering”, Proc. IEEE Int. Conf. Multimedia Computing and Systems (Austin, TX), pp. 259-
263, June 1998. 
 
 
 
 


