
  

  

Abstract—In voice communications, the speech signal is 

degraded when gone through the system layers, since the best 

effort arrangement based IP network prompts the system 

degradations including Silence, packet loss jitter. This paper 

represents the impact system debasement calculates on VoIP 

system and the otherworldly analysis of the VoIP signal. The 

spectral analysis of VoIP signal is performed through the 

various signal processing algorithms. The outcomes are 

accepted through the quality assessment of the VoIP signal 

utilizing perceptual evolution of speech quality (PESQ) 

approximation for narrowband signal. For digital signal 

processing LTI System, an input signal can be mapped to an 

output signal where in mapping we can transform the signal in a 

manner that the voice quality can be enhanced than before 

extraordinarily in low bandwidth region. The mapping process 

can extract the noise and the resulting amplifying signal will 

have low SNR as compared to input signal. It can be shown that 

the voice bit rate can be drawn approximately to 5.3 kbps with 

excellent voice quality. 

 
Index Terms—Spectrogram, SNR (signal to noise ratio), LTI 

(linear time-invariant), MOS (mean opinion score), FIR (Finite 

impulse response). 

 

I. INTRODUCTION 

Once a call has been set up between two or more VoIP 

devices, the caller starts speaking. At this point the voice 

signal has to be converted into a digital signal, formatted for 

TCP/IP transmission and sent along the network to the 

destination, where all of the preceding steps have to be 

reversed [1]. 

The frequency range of human speech covers 300 Hz to 

3300 Hz. However, the telephone companies use the 

bandwidth for voice communications is usually limited to 

4000 Hz or 4 KHz, which is high enough to capture the major 

pitch and enough of the texture to make the voice sound 

human. The most common technique to change an analog 

signal to digital data (digitization) is called Pulse Code 

Modulation (PCM). PCM converts the 4 KHz voice signal of 

a phone call to a digital format by sampling the analog signal 

8000 times per second and converting each sample into a 

digital bit stream.  

According to the Nyquist Sampling theorem, the sampling 

rate must be at least 2 times the highest frequency contained 

in the signal [2].  
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The analog signal is sampled by the Nyquist sampling rate 

= 2 × fmax (where, fmax is the maximum voice frequency = 4 

KHz). Thus, the sampling rate is 8 KHz. The output of the 

sampling is converted into a series of amplitude pulses called 

Quantizing. After each sample is quantized, it is encoded to 

digital streams with an 8 bit rate known as Encoding. 

Thus, the required bandwidth for a telephone call that 

PCM produces is 8 KHz × 8 bit = 64 KHz or 64 kbps stream 

of digital data with excellent voice quality, which is mostly 

used in telecom world. The digitalization process is shown in 

Fig. 1. 
 

 
Fig. 1. Analog to digital conversion (ADC) process. 

 

It has been estimated that as much as 60% of a voice 

conversation is silence. Deleting these empty bits decreases 

the amount of data needed for the voice transmission. Silence 

Suppression, also called voice activation detection (VAD), is 

used in telephony to describe the process of not transmitting 

information over the network when one of the parties 

involved in a telephone call is not speaking.  

 

II. METHODOLOGY 

The impulse response and frequency response are two 

attributes that are useful for characterizing linear 

time-invariant (LTI) systems. They provide two different 

ways of calculating what an LTI system's output will be for a 

given input signal. A continuous-time LTI system is usually 

illustrated like this: 

In general, the system H maps its input signal x(t) to a 

corresponding output signal y(t). There are many types of 

LTI systems that can have apply very different 

transformations to the signals that pass through them.  

Let us assume we have an LTI system with input x(t), and 

output y(t) as shown in the Fig. 2. 
 

 
Fig. 2. LTI system. 

 

Let x(t) denote the voice signal with unwanted noise at bit 
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rate 5.3 is fed to the H maps, the output will generate a signal 

(let’s denote y(t)) will have improved voice quality with the 

same bit rate. 

In a real life environment it is tested practically in research 

that it is possible to transmit voice satisfactorily using 5.3 

kbps by changing some parameter [3], [4]. If the voice with 

5.3 kbps is fed to a noise extractor using FIR filter to 

eliminate unwanted raised peak, it is possible to improve the 

voice quality in low bandwidth areas. The extended voice 

quality will have low SNR as compared to the pre-processing 

signal. 
 

 
Fig. 3. Input and output signal analysis for LTI system. 

 

For a causal discrete-time FIR filter of order N, each value 

of the output sequence is a weighted sum of the most recent 

input values: 

 

                                  

           

 

   

 

where: 

     is the input signal, 

     is the output signal, 

N is the filter order; an Nth-order filter has (N+1) terms on 

the right-hand side 

   is the value of the impulse response at the i'th instant for 

       of an Nth-order FIR filter. If the filter is a direct 

form FIR filter then    is also a coefficient of the filter [5], 

[6]. 

The impulse response of the filter as defined is nonzero 

over a finite duration. Including zeros, the impulse response 

is the infinite sequence: 
 

                   
        
            

 
 

   

 

 

If an FIR filter is non-causal, the range of nonzero values 

in its impulse response can start before n=0, with the defining 

formula appropriately generalized. 

The filter's effect on the sequence x[n] is described in the 

frequency domain by the convolution theorem: 
 

           
    

      
    

      
    

 

 

and     
 

                              
 

where operators  and     respectively denote the 

discrete-time fourier transform (DTFT) and its inverse. 

Therefore, the complex-valued, multiplicative function 

     is the filter's frequency response. It is defined by a 

Fourier series: 
 

                           
     

 

   

 

   

 

 

where the added subscript denotes 2π-periodicity. Here  

represents frequency in normalized units (radians/sample). 

The substitution       favored by many filter design 

programs, changes the units of frequency    to 

cycles/sample and the periodicity to 1 [7]. When the x[n] 

sequence has a known sampling-rate,    samples/second, the 

substitution          changes the units of frequency 

   to cycles/second (hertz) and the periodicity to  . The 

value     corresponds to a frequency of   
  

 
 Hz  

 

 
 

cycles/sample, which is the Nyquist frequency. The output 

signal will reduce its bit rate with worse voice quality.   

Several techniques have been invented for measuring the 

quality of the voice signal that has been processed by 

different compression algorithms (CODECs). One of the 

standard techniques for measuring quality of voice CODECs, 

which is also an ITU standard, is called Mean Opinion Score 

(MOS). MOS values, which are subjective and expressed by 

humans, range from 1 (worst) to 5 (perfect or equivalent to 

direct conversation). 

MOS is an ITU standard method of measuring voice 

quality based on the judgment of several participants; 

therefore, it is a subjective method. Table I displays each of 

the MOS ratings along with its corresponding interpretation, 

and a description for its distortion level. It is noteworthy that 

an MOS of 4.0 is deemed to be Toll Quality [8]. 
 

TABLE I: MEAN OPTION SCORE 

Rating Speech Quality Level of Distortion 

5 Excellent Imperceptible 

4 Good Just perceptible but not annoying 

3 Fair Perceptible but slightly annoying 

2 Poor Annoying but not objectionable 

1 Unsatisfactory Very annoying and objectionable 

 

 
Fig. 4. Input signal x(n). 

 

III. SPECTROGRAM 

The spectrogram of the speech signal is an intensity plot of 

short time Fourier transforms (STFT) magnitude. STFT is a 

sequence of FFTs of windowed data segments where the 

windows are usually allowed to overlap in time. The data to 

be broken up into frames, which usually overlap to reduce 

artifacts at the boundary and then each frame, is Fourier 

x(
n) 

y(
n) 

H 
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transformed using K-point FFT [9]. The STFT procedure is 

shown in Fig. 4. 

The short time Fourier transform (STFT) is expressed as: 

                          

   

   

 

where     
   

  
          at given sampling 

frequency   ,      is the time domain signal and      is the 

window function. 

If the output signal with reduced bit rate is proceed thru 

amplification process up to 5.3 kbps, we can achieve 

imperceptible the voice quality. Also, the output y(t) signal 

will have excellent voice quality than x(t). 

 

IV. RESULT AND DISCUSSION 

To examine the impact of packet loss on the quality of the 

corrupted VoIP output, the spectral investigation was 

performed in listening to mark dB and frequency both. The 

signal processing algorithms utilized for spectral analysis is 

discussed [10].  

The spectrogram gives an effective description of the time 

variety of the spectrogram of voice. The spectrogram of input 

signal x(n) and the came about output signal y(n) is indicated 

in Fig. 5. The periods where voice is available can be clearly 

recognized from the pitch structure of the vocal line 

excitation. In fact looking at histogram, and depending on the 

pitch structure of speech, it is possible to manually segment 

the signal into voice periods with ease and with a high degree 

of accuracy. 
 

 
Fig. 5. Output signal y(n). 

 

As is shown in Fig. 6, the input signal x(n) has silence 

suppression and the associated SNR can be reduced up to a 

reasonable quality. The SNR of output signal y(n) has 

reduced silence suppression (Fig. 7). Thus, the voice quality 

will have an improvement. 

Quality of the dialer system administration can be 

measured by MOS, which gives the subjective perspective. 

The specialized parameters of the quality bring the more 

objective information. Signal-to-noise proportion is one of 

such specialized parameters. It is the proportion of the power 

of transmitted signal and the noise signal (distinction 

between transmitted signal and received signal) [11]-[13]. 

 

 
Fig. 6. SNR for input signal x(t). 

 

 
Fig. 7. SNR for output signal y(t). 

 

V. CONCLUSION 

We have shown an improvement in voice quality for an 

LTI System through a mapping procedure. The mapping 

procedure deals with functional analysis that can improve the 

voice quality. This study is applicable particularly in low 

bandwidth region where quality is main alarm.   The real time 

implementation of voice quality had been offered through 

practical experiment and the spectral analysis of speech 

signal was carried out in this work to evaluate the 

performance of voice quality with G729 CODEC 

[annexb=no] analysis. The voice signal quality was 

unfavorably influenced by packet losses, since with 

expansion of jitter and delay, sequential packet losses, which 

diminished the MOS scores of the signal. The spectral 

analysis results are related to that of the objective 

measurement results for the designed VoIP system. FIR filter 

is much of the time utilized as a part of voice 

communications, since it has the better ability to hide the lost 

packet amid voice transmission. To improve the execution of 

the framework, these debasement parameters ought to be 

appropriately addressed. In future, the study could be utilized 

for enhancing the VoIP speech signal quality utilizing 

different signal processing and filtering calculations 

performed at higher frequency digital signal processing 

algorithms. 

APPENDIX 

VOS switch, VPS switch, various dialer, SQL database, 

firewall system, STM device and CISCO router & switch, 
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OS-Windows server and Linux server etc. 
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