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ABSTRACT: Digital signal processing (DSP) is the employment of digital processing to carry out a variety of signal 

processing activities, such as those performed by computers or more specialized digital signal processors. A series of 

values representing samples of a continuous variable in an area like frequency, time or space to make up the digital 

signals analysed in this way. A pulse train, which is frequently created by the switching on and off of a transistor, is 

how a digital signal is presented in digital systems. In this article, we have discussed several signal processing 

techniques. 
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I. INTRODUCTION 
 
 Signal processing has two subfields: digital signal processing and analogue signal processing. DSP applications are as 

follows; signal processing for telecommunication services, process control, medical technology, and geoscience. They 

also include processing for audio and way of speaking, multibeam, laser scanners, and other sensor arrays, estimation 

of spectral densities, mathematical signal processing, computer graphics, and quantization [1-3]. 

 
II. RELATED WORK 

 

Computers can execute a number of signal processing tasks using digital processing systems, or DSP. It is the scientific 

modification of a digitized signal arithmetical quantities to improve the signal's effects and quality. To process and 

evaluate the incoming signals, DS processing can incorporate either linear or nonlinear operators. Nonlinear DSP 

processing is applicable in the T, F, and space-time areas and is strongly related to nonlinear system detection. 

Applications for the DSP include radar signal processing, telecommunication systems, biomedical engineering, digital 

image processing, voice identification mechanism [4-5].  Basic Building Block of DSP are shown in Fig 1. 

 

 
Fig 1: Basic Building Block of DSP 
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Signals must be processed in order for the data they comprised to be presented, examined, or changed into alternative 

signal type which might be useful. Real-world analogue goods sense and modify signals. The real-world signal is then 

transformed into the digital format of 1s and 0s using converters like an ADC converter. The DSP then takes control by 

gathering and processing the digitised data. The digitised data is then fed back into the real world for utilisation. Either 

digitally or analogy, using a DAC converter, is one of the two ways it accomplishes this. All of this happens pretty 

quickly. 

 
III. TYPES OF DISTORTATION IN SIGNAL PROCESSING 

 
In signal processing, it is the modification of a signal's primary form (or another feature). It refers to the modification of 

the waveform of a detail carrying packet in an electronic device or communication channel. Engineers work to reduce 

or remove distortion because it is typically unwanted. However, distortion could be preferred in other circumstances. 

For instance, an audio signal is purposefully distorted in noise removal methods to emphasize elements of the signal 

that are susceptible to electronic disturbance. 

 

 

Although the outcomes of quantization alteration are occasionally incorporated in noise, adding noise or other external 

signals does not constitute distortion. The SINAD ratio and total (THD+N) are two examples of quality measurements 

that take into account both noise and distortion. 

 

AMPLITUDE DISTORTION 
Amplitude distortion (fig. 2 [7]) happens in the network, component, or gadget when, under specified conditions, the 

output amplitude is not a linear function of the input amplitude. For a fixed portion of the transfer characteristics, 

output is often merely a linear function of input, follows the linear relation y=mx in this region. Two types of amplitude 

distortion may appear when the output is not in this area. A sine wave input to a system that produces harmonics of the 

fundamental frequency is known as harmonic distortion. 

 
Fig 2: Amplitude Distortion 

HARMONIC DISTORTION 
Resonance that are complete signal dpubles of the frequencies of a wave sound are added by harmonic distortion, Fig 3 

[8] The most common way of measuring anomalies that cause amplitude deformation in audio equipment is to add 

harmonics (overtones) to a perfect sinewave input. The THD represented as a percentage, can be calculated by taking 

the RMS of all harmonic elements and multiplying it by the relative intensity of each component, reported in dB. The 

amount of damage will determine the volume at which harmonic distortion becomes noticeable. Even when the THD 

measurements are the same, some distortions (like crossover distortion) are more audible than others (mild clipping). 
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Fig 3: Harmonic Distortion 

FREQUENCY DISTORTION 
When multiple frequencies are augmented by varying quantities in a filter, a distortion known as non-flat frequency 

response results. Frequency distortion (Fig 4[ 7]) is demonstrated, for instance, by the uneven frequency curve of an 

ACcascade amplifier.  

 

 
Fig 4: Frequency Distortion 

PHASE DISTORTATION 
This sort of distortion mainly happens owing to electronic reactance. Hence, all the constituents of the signal are not 

modified with the similar phase shift, thereby rendering some parts of the output waveform out of phase, Fig 5[7]. 
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Fig 5: Phase Distortion 

 

DISTORTION CONTROLLING TECHNIQUES  
a. Controlling Harmonic Distortion 

The fundamental possibilities for regulating harmonics are [9]: 

 lessen the harmonic currents that the load produces. 

 

Unless a load is being maintained improperly, there is frequently little that can be achieved to considerably lower 

the quantity of harmonic current it is generating. Arcing devices and the majority of electronic power converters 

are locked into their specified properties, but an overly excited device can be brought back to its normal state by 

reducing the applied voltage to the proper range.One alternative to this rule is PWM drives, which immediately 

charge the dc bus capacitor from the line without adding any intentional resistance. Harmonics will be 

considerably reduced by adding a line reactor or transformer in series, and this will also assist transient 

protection.In a 3-components systems, transformer connections can be used to lower harmonic currents. By 

significantly lowering the fifth and seventh harmonics, phase-shifting half of the 6-pulse power converters in a 

plant load by 30° can approach the advantages of 12-pulse loads. Transformers with delta connections have the 

ability to stop the line from receiving zero-sequence harmonics, most often triplens. Transformers that grind and 

zigzag can shunt triples off the line. 

 

 

 Include filters to either drain harmonic currents from the system, prevent harmonic currents from entering the 

system, or momentarily supply harmonic current. 

 

Harmonic currents that are as close as is conceivable to the distortion source power the shunt filter. As a result, the 

supply system is kept free of currents. Due to its economic viability and propensity to both reduce harmonic 

current and rectify load power component, this kind of filtering is used the most frequently.Applying a series filter 

that stops the harmonic currents is another strategy. This circuit is tuned in parallel and has a high impedance for 

the harmonic current. Because it is challenging to insulate and the load voltage is significantly distorted, it is not 

frequently employed. One typical use is to stop the flow of triplen harmonics while maintaining a good ground at 

fundamental frequency in the neutral of a grounded-wye capacitor. 

 

 Change the system's frequency response with filters, resistors, or inductances. 

 

b. Controlling Amplitude Distortion 
For audio creation, an adjustable amplitude distortion effect is shown. The authors take into account a flexible model of 

multiband waveshaping with a constrained range of logical parameters. We suggest a technique for the characteristic 

amplitude distortion transfer function's adaptive scaling. Other distortion characteristics can be automated using a 

variety of techniques, including make-up gain, adaptive anti-aliasing, and automatic balancing of clean and distorted 

signals for single band and multiband distortion. For a number of other typical transfer functions, generalised 
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automation formulas are available. The automation algorithms are subjected to a formal perceptual review, which 

validates the methodology and identifies its strengths and weaknesses[10]. 

 

c. Controlling Phase Distortion 
The main objective of signal consistency is to guarantee that there are few changes between two signals as they travel 

from a driver component on a PCB to a receiver device. Although the signal received at the receiver will never exactly 

match the signal transmitted by the driver, you may typically get close if you try. As much as there is no distortion in 

incredibly fast serial protocols, the receiver can simply restore the signal using equalisation. 

It's tempting to automatically associate nonlinear distortion with signal distortion, like harmonic distortion brought on 

by amplifiers. However, despite the absence of clipping, distortion is still produced by linear channels. What causes 

this linear distortion, then? Phase distortion in a transmission line, which alters the time-domain waveform observed at 

the receiver, is one form that is frequently disregarded. How, then, can transmission line designers take into 

consideration this kind of distortion? Learn more about this element of signal distortion and how it affects high-speed 

signals on a PCB by reading on. 

One type of signal distortion that might happen in a transmission line on a PCB is phase distortion. When various 

frequencies move at different signal speeds because to dielectric dispersion in the PCB substrate, phase distortion 

occurs. The signal velocity varies with frequency because the dielectric constant does too. Hence, the speeds of various 

frequency components in an actual transmission line vary. 

The main method for obtaining neural spike trains in vivo is extracellular recordings. One\sof the essential pre-

processing phases of this signal is the high-pass filtration utilised to isolate\sneuronal spiking activity. Changes in the 

magnitude and phase of various frequencies are characteristics of filters. While filters are frequently chosen based on 

how they affect magnitudes, their effects on each frequency's phase have received less consideration. In this work, we 

demonstrate that the signal is substantially distorted, leading to a change in the spike waveform, when nonlinear phase 

shifts are produced by the majority of online and offline filters. 

 

IV. CONCLUSION 
 
The distortion is repaired if the opposite function F1 may be discovered and utilised purposefully to skew either the 

system’s output or input, as the method output is determined by the noise.FM audio broadcasts are purposefully pre-

forced by a linear filter, the replicating system smears a reverse filter to produce the entire system unchanged. This is 

an example of a comparable correction.Repair is not achievable if the opposite doesn't arise, for example if the transfer 

function has smooth sections (the inverse would map multiple input points to a single output point). This causes a waste 

of information that cannot be recovered. When a transistor is overdriven, clips or slew rate degradation can result 

because, for a brief period, the outcome is determined only by the characteristics of the transistor and not by the 

original signal. 
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