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Abstract 

Innovative Signal Analysis Dealing With the Improvement Of The Network Technology, this idea basically deals with the 

Innovative Signal Analysis is a provider of high performance signalng and image processing solution using state of the art 

optical, digital, and analog technology. ISA has extensive experience in developing mission critical processing systems for the 

US Government. Signal processing is an area of system engineering, electrical engineering and applied mathematics that deals 

with operations on or analysis of analog as well as digitized signals, representing time-varying or varying physical quantities. 

Signals of interest can include sound, electromagnetic radiation, images, and sensor readings, for example biological measuremre 

like electrocardiograms, control system signals, telecommunication transmission signals, and many others. 

1. Introduction 
The analysis of electrical signal is a fundamental problem for many engineers and scientists. Even if the immediate 

problem is not electrical, the basic parameters of interest are often changed into electrical signals by means of 

transducers. Common transducer’s include accelerometers and load cells in mechanical work, EEG electrodes and 

blood pressure probes in biology and medicine, and  pH and conductivity problems in chemistry. The reward for 

transforming physical parameters to electrical signals are greatand as many instruments are available for the analysis 

of electrical signals in the time, frequency and modal domains. The powerful measurement and analysis capabilities 

of these instruments can lead to rapid understanding of the system under study conditions. A signal analyzer 

employ’s digital techniques to extract useful information that is carried by an electrical signal. In common usage the 

term is related to both spectrum analyzers and vector signal analyzers. While spectrum analyzers measure the 

amplitude or magnitude of signals, a signal analyzer with appropriate software or programming can measure any 

aspect of the signal such as modulation. Today’s high-frequency signal analyzers achieve good performance by 

optimizing both the analog front end and the digital back end. 

2. Categories Of Signal Processing 
2.1. Analog signal processing 

Analog signal processing is for signals that have not been digitized or been  advanced to their native state, as in 

legacy radio, telephone, radar, and television systems. This involves linear electronic circuits as well as non-linear 

ones. The former are, for instance, passive filters, active filters, additive mixers, integrators and delay lines. Non-

linear circuits include various  compandors, multiplicators (frequency mixers and voltage-controlled amplifiers), 

voltage-controlled filters, voltage-controlled oscillators and phase-locked loops. 
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2.2. Discrete-time signal processing 

Discrete-time signal processing is for sampled signals, defined only at discrete points in time, and as such of these 

are quantized in time, but not in magnitude. Analog discrete-time signal processing is a technology based on 

electronic devices such as sample and hold circuits, analog time-division multiplexers, analog delay lines and analog 

feedback shift register’s. This technology was a predecessor of digital signal processing, and is still used in 

advanced processing of gigahertz signals. The concept of discrete-time signal processing also refer to a theoretical 

discipline that establishes a mathematical basis for digital signal processing, without taking quantization error into 

consideration and leading to new technology. 

2.3. Digital signal processing 

Digital signal processing is the processing of digitized discrete-time sampled signals. Processing is done by general-

purpose computers or by digital circuits such as ASICs, field-programmable gate arrays or specialized digital signal 

processors (DSP chips). Typical arithmetical operations include fixed-point and floating-point, real-valued and 

complex-valued, multiplication and addition. Other typical operations supported by the hardware are circular buffers 

and look-up tables. Example of algorithms are the Fast Fourier transform (FFT), finite impulse response (FIR) filter, 

Infinite impulse response (IIR) filter, and adaptive filters such as the Wiener and Kalman filters. 

2.4. Nonlinear signal processing 

Non-linear signal processing involves the analysis and processing of signals produced from non-linear systems and 

can be in the time, frequency, or spatio-temporal domains. Nonlinear systems can produce highly complex behaviors 

including bifurcations, chaos, harmonics, and subharmonics which cannot be produced or analyzed using linear 

methods. 

3. Theory of operation 
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4. Modern Signal Analyzer Architecture 

Modern signal analyzers uses a super heterodyne receiver to down convert a portion of the signal spectrum for 

analysis. The signal is first converted to an intermediate frequency and then filtered in order to band-limit the signal 

and prevent aliasing. The down conversion can operate in a swept-tuned mode similar to a traditional spectrum 

analyzer, or in a fixed-tuned mode. In the fixed-tuned mode the range of frequencies down converted does not 

change and the down converter output which is then digitized for further analysis. The digitizing process typically 

involves in-phase/quadrature (I/Q) or complex sampling so that all characteristics of the signal are preserved, as 

opposed to the magnitude-only processing of a spectrum analyzer. The sampling rate of the digitizing process may 

be varied in relation to the frequency span under consideration’s or (more typically) the signal may be digitally 

resampled. 

5. The Unit Impulse Function 

5.1. Time Domain Description 

One of the more useful functions in the study of linear systems is the "unit impulse function."   An ideal impulse 

function is a function that is zero everywhere but at the origin, where it is infinitely high.  However, the area of the 

impulse is finite.  This is, at first hard to visualize but we can do so by using the graphs shown below. 

 

Consider first the ramp function .  It is zero for t<0 and one for t>T, and goes linearly from 0 to 1 as time goes 

from 0 to T.  If we let T→0, we get a unit step function, γ(t) (upper right).  If we take the derivative of our ramp 

function (lower left), we get a rectangular pulse with height 1/T (the slope of the line) and width T.  This 

rectangular pulse has area (height·width) of one.  If we take the limit as T→0, we get a pulse of infinite height, 
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zero width, but still with an area of one; this is the unit impulse and we represent it by δ(t).  Since we can't show 

the height of the impulse on our graph, we use the vertical axis to show the area.  The unit impulse has area=1 

 

Note: this derivation of an impulse function is not unique.  The important result is that the function has zero 

width and an area of one. 

 

5.2. Laplace Domain Description 

The relationship between step function and impulse function is even more obvious in the Laplace Domain.  The 

definitions for both are given below.  

          Step Function                      Impulse Function 

                      

Hence,  from these definition we have ∆(s)=s·Γ(s). multiplication by "s" in the Laplace Domain is equivalent to 

differentiation in time this tells us that the unit impulse function is simply the derivative of the unit step function. 

 

6. Conclusion 

6.1. Solution of network equations 

 

Sparse matrices is an important phenomenon in engineering. They occur regularly in network problems, and so, 

special methods used in their solution are of importance to us all. Matrix inversion is very inefficient for computing 

direct solution of the large sparse systems of linear equations that arise in many network problems. Optimally 

ordered triangular factorization of sparse matrix is more efficient and offers other important computational 

advantages in some applications. With this method, direct solutions can be computed from sparse matrix factors 

instead of from a full inverse matrix, thereby gaining a significant advantage in speed, computer memory 

requirements, and reduced round-off error. Improvement of tea to one or more in speed and problem size over 

present applications of the inverse can be achieved in many cases. 
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