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Figure 1: Analysis and synthesis bank. 
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Abstract: In this paper a near perfect reconstruction of speech signal algorithms are used for reconstructing the original signal 

based on subband filters. In today’s scenario application of voice signal has been predominate in the field of technology for 

security purpose or for controlling the device. This paper deals with the optimum design of filter bank for subband coding 

system. Also the study of perceptual speech quality is done so that the reconstructed signal should not be degraded below the 

desired MOS-scale. 
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I. INTRODUCTION 

 Today the world is been surrounded by the handheld 

device which are integrating with voice-related applications 

(e.g., voice based search directory in mobile phone and 

security system in laptops) based on the speech signal. On the 

other hand the power consumption, growing need for 

bandwidth conservation and enhanced privacy in these devices 

has been become popular [1].   

From several applications almost more than 95% of 

applications require the speech signal to be in digital format 

due to flexibility it provide during processing of data, storage  

and opportunities for encryption. The main objective of speech 

coding is to represent speech with a minimum number of bits 

while maintaining its perceptual quality. 

Hence Speech Coding or Speech Compression can be consider 

as the technology for obtaining compact digital representations 

of voice signals for the purpose of efficient transmission or 

storage[2].  

On the other hand subband coding (SBC) [3] is a frequency 

domain coding technique in which the input signal is 

decomposed into a number of subbands so that each of these 

frequency bands can be encoded separately. The main 

objective is to reduce the effect of quantizing noise due to 

coding and therefore to improve the quality of speech coding 

systems [4].  

Encoding in subband offers several advantages that can be 

effectively used to achieve noise reduction [1, 3]. The main 

advantages of this approach are the following: 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

(a) the quantizing noise that is generated in a particular 

subband is limited to that band in the reconstruction, without 

being allowed to spread to other bands where there may be less 

signal energy. 

(b) bit resources can be allocated in such a way so that the 

number of quantizer levels and hence the reconstruction error 

variance can be separately controlled in each band.  

The important thing that is kept in mind during the analysis on 

the signal is to preserve the low-frequency content with more 

accuracy than high-frequency bands, given limited bit 

resources [5]. 

More often the coding method used are especially designed for 

the speech signal which been converted into digital format. As 

known that speech has the range from 300 Hz to 3300 kHz 
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Figure 2: Tree structure filter bank of analysis bank  
(a) 

(b) 

Figure 4 (a) Speech signal in time domain and  

(b) Speech signal in frequency domain. 
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Figure 3: Synthesis bank for reconstructing signal. 

hence it is generally a y band limited to 4 kHz (or 3.2 kHz) and 

sampled at 8 kHz. 

For telecommunication purpose the simplest non-parametric 

coding technique is Pulse-Code Modulation (PCM) which is 

simply a quantizer of sampled amplitudes [1]. On the other 

hand speech coded at 64 kbps using logarithmic PCM is 

considered as "non-compressed" and is used as a reference for 

comparisons. 

In this paper, we have design the subband coder for speech 

signal which exhibit the QMF (Quadrature Mirror Filter) 

properties [6]. The input signal  𝑥(𝑡)  is down sample at the 

transmitting end and passed through the filter’s banks and at 

the receiving end the signal [𝑥 (𝑡)] is reconstructed by up 

sampling the signal.  

II. ANALYSIS AND SYNTHESIS BANK 

 Generally the coding of speech is done at medium-

rates and below and this is achieved using an analysis-

synthesis process as shown in Figure1. In the analysis stage, 

speech is represented by a compact set of parameters which are 

encoded efficiently [6]. In the synthesis stage, these parameters 

are decoded and used in conjunction with a reconstruction 

mechanism to form speech.  

It can be easily observed from figure 1 that the original signal 

band is been split into frequency sub-band using bank of filter 

i.e. LPF (low pass filter) H0 (Z) and HPF (high pass filter) H1 

(Z) filter bank and then passed through the coder at the 

transmitting end and the same process is repeated at the 

receiving end. The reconstructed signal is obtained which 

resemble the original signal [4, 6].  

Analysis can be open-loop or closed-loop. In closed-loop 

analysis, the parameters are extracted and encoded by 

minimizing explicitly a measure (usually the mean square) of 

the difference between the original and the reconstructed 

speech [1].  

Therefore, closed loop analysis incorporates synthesis and 

hence this process is also called analysis by synthesis [2]. The 

main motive of the sub-band coder is to produce perceptually 

intelligible speech without necessarily matching the waveform 

hence they are capable of operating at very-low rates but also 

tend to produce speech of synthetic quality [3, 6]. 

. 

III. EXPERIMENTAL APPROACH 

Sub band processing is based on splitting the frequency range 

into M segments (subbands), which together encompass the 

entire range. Each subband is processed independently, as 

called for by the specific application. The subbands are 

recombined after processing, to form an output signal whose 

bandwidth occupies the entire frequency range. 
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Figure 5: Filter response of the LPF and HPF 

 

 
Figure 7 Power spectral densities for the original signal and 

reconstructed signal. 

 
Figure 6 shows the comparisons of original signal and 

synthesized signal. 

Here we have used tree structure filter bank for decomposing 

the speech signal i.e. splitting of a signal into 2
L
 channels, is 

possible for any integer L using a tree structured filter bank. 

The upper output of the two outputs of the first level is passed 

to a two channel bank at a second level. This process can be 

continued according to the desired number of subbands as 

shown in figure 2. On the other hand at the receiving end i.e. 

synthesis banks all the outputs from the analysis bank are 

combined to reconstruct the original signal as shown in figure 

3. 

The synthesis system performs the inverse of the analysis 

operation. Between every two samples in each band we put in 

the value zero to increase the sample rate. Then we merge the 

two lowest bands, for example: 0-1000 Hz and 1000-2000 Hz, 

into the reconstructed 0-2000 Hz band.  

The same operation is done to the other two bands, 2000-3000 

Hz and 3000-4000 Hz, are merged into one band of 2000-4000 

Hz. Again, we increase the sample rate in these two bands and 

merge them again. Figure 4 (a) shows the original speech 

signal in time domain and (b) shows the original speech signal 

in frequency domain. The signal is passed through the LPF and 

HPF filter having the filter response shown in figure 5. The 

process is followed for completed analysis bank.  At the 

receiver end the inverse operation is performed i.e. the 

synthesis of the signal is done as shown in figure 3 and all the 

output of the filter are combine together to form a single signal 

i.e. combination of the signal obtained after passing through 

the filter bank. Finally we have obtained the response of the 

original speech signal and reconstructed speech signal, which 

resemble the original signal. Figure 6 shows the comparison 

between the original speech signal and synthesized speech 

signal. 

IV. CONCLUSION 

From the above results we conclude that our design 

procedure reconstructed the signal almost same as that of 

original signal. Also we have calculate the power and energy 

of the signal and there was only the little difference in the 

original signal and reconstructed signal. Figure 7 shows the 

power spectral density of the original signal and the 

reconstructed signal. Hence it can be observed from psd of 

these two signal that there is the change in high frequency 

region where as the lower frequency region is preserved, which 

should be exactly the case which has to be kept in mind while 

designing the filter. Since the most of the information is 

present in the low frequency region hence we have design the 

optimum filter for speech signal. 
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