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Abstract - Multi rate signal processing means processing of 

different signals at different Sampling frequency. This 

Sampling frequency can be sometimes increased or decreased 

depending upon the types of signals we normally encounter 

while transmitting. Usually while transmitting we may have 

to transmit several signals simultaneously with different 

sampling frequency no doubt digitization is must for 

processing. Suppose over a conventional telephone line we 

may have to transmit voice signal in addition to other signals 

unlike teletype, facsimile, video signal etc. In such situation 

we have to undertake different sampling frequencies which 

best suits to the situation. If we simply adopt normal ways of 

using mutlirate signal processing then large amount of datas 

needs to be stored and processing. So unnecessarily the 

bandwidth will be increased. Since bandwidth being a limited 

and precious commodity, it must be most optimally and 

indiciously utilized. 
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I. INTRODUCTION 
 

The process of Sampling rate Conversion can be viewed 

in digital domain as a linear filtering operation. The input 

signal x(n) gets characterized by the Sampling rate 

𝑭𝒔 =  
𝟏

𝑻𝒚
 . 

Here Ty represents Sampling intervals. Since Multirate 

signal processing involved with up-sampling as well as 

down sampling that means the original input signal will be 

interpolated whereas the output signal will be decimated. 

Let three factors are I & D respectively. Then  
𝑭𝒚

𝑭𝒙
=

𝑭𝒔
𝑫 

𝑭𝒔.𝑰
=

𝑰

𝑫
  with I & D are prime integers. 

Let the linear filter gets characterized by a time –variant 

impulse response represented by h(m,n), therefore the 

output y(m) can be represented as 

𝒀 𝒎 =  𝒙 𝒏 𝒉 (𝒎 − 𝒏) 

In our problem solving approach a variety of techniques 

have been developed to efficiently representing speech 

signals in digital form either for transmission or for storage 

purpose this is illustrated in the figure 1. 

In our heuristic approach for solving problem, let us 

assume that the speech signal is sampled at a rate Fs 

Samples/Sec. The first frequency subdivision splits the 

signal spectrum into two equal width segments into low 

frequency signals as well as a high pass signal in the 

respective range of (0 ≤ F ≤  𝑭𝒔
𝟒 ) and ( 𝑭𝒔

𝟒  ≤ 𝑭 ≤

  𝑭𝒔
𝟐 ) because the original information carrying speech 

signal is nothing but the baseband signal whose sampling 

frequency Fs ≥ 2Fm,that means it must be at least Fs = 

2Fm . 

 
Fig 1: Block Diagram of Subband Speech Coder 

 

 
Fig 2: Frequency Subdivision 

 

 
Fig.3. Original Speech Signal 

 

The Original signal will be splitted into two LP and HP 

 
Stage -1 
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After this when it is splitted into low frequency as well 

as high frequency signals, the low frequency signals 

remains in the low frequency band ranging from (0 ≤ F ≤ 
 𝑭𝒔

𝟒 ) i.e. (𝟎 ≤ 𝑭 ≤   𝑭𝒔
𝟐 )  and the relatively high 

frequency remains in the range of ( 𝑭𝒔
𝟒  ≤ 𝑭 ≤   𝑭𝒔

𝟐 ) 

i.e. ( 𝑭𝒎
𝟐  ≤ 𝑭 ≤  𝑭𝒎) which more or less occupy the 

two spectrum of the original speech signals. The second 

frequency subdivision splits the low pass signal from the 

first stage into two equal bands of 
𝑭𝒔

𝟖
 each comprising of 

the low frequency signal in the range of (0 ≤ F ≤  𝑭𝒔
𝟖 ) 

and the high frequency in the range of ( 𝑭𝒔
𝟖  ≤ 𝑭 ≤

  𝑭𝒔
𝟒 ) respectively. In a similar way the third frequency 

subdivision splits the low pass signal from the second stage 

into two equal bandwidth signals. 

 
Stage -2 

 

 
Stage -3 

 

Here the original Low frequency signal gets splitted into 

four equal bands of (𝟎 ≤ 𝑭 ≤
𝑭𝒔

𝟏𝟔
), (

𝑭𝒔

𝟏𝟔
≤ 𝑭 ≤

𝑭𝒔

𝟖
), (

𝑭𝒔

𝟖
≤

𝑭 ≤
𝑭𝒔

𝟒
), (

𝑭𝒔

𝟒
≤ 𝑭 ≤

𝑭𝒔

𝟐
) respectively which covers three 

octaves (
𝟏

𝟐𝟑 =
𝟏

𝟖
) . 

    Decimation by a factor of 2 is performed after frequency 

subdivision by allocating a different number of 

bits/samples to the signal in the four subbands because the 

original subbands gets subdivided into four subbands. We 

can achieve a reduction in the bit rate of the digitized 

speech signal. 

     Here the design of a filter is of prime importance in 

achieving good performance in subband coding. The 

aliasing effect must be negligible which results from 

decimation of subband signals. The filter characteristics 

which can’t be physically realizable will be used due to 

which the brickwell filter characteristic can’t be used. 

 
                Fig 4: Brickwell Filter characteristics 

   

This can be achieved by using (QMF) Quadrature mirror 

filters to avoid the aliasing problem. 

 
                  Fig 5: QMF Filter characteristics 

     

In QMF filter, two decimators are employed in signal 

analysis and two interpolators are used in the signal 

synthesis section. The low pass and high pass filters in the 

analysis section employs impulse response h0(n) and h1(n) 

respectively and its counterparts g0(n) and g1(n) in the 

synthesis section. 

The synthesis method for subband encoded speech signal 

is the reverse of the encoding process. The signals are 

adjacent low pass and high pass, frequency bands get 

interpolated, filtered and combined as given in the figure 6. 

 
Fig.6. Synthesis of Subband Encoded Signal 

 

II. PROBLEM STATEMENT 
          

For corroborating this we can consider the case of a 

telephone channel. Normally its bandwidth is taken to be 4 

KHz, although it ranges over 300 Hz to 3300 Hz. It takes 

guard band into account in order to overcome Crosstalk as 

well as Overlapping. So while digitizing the sampling 

frequency must be at least 8 KHz as Fs ≥ 2Fm. 
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If each sample is encoded by 8 binary bits then in 

accommodating all time division multiplexed signals the 

data rate will be   

8000   
 𝑺𝒂𝒎𝒑𝒍𝒆𝒔

𝑺𝒆𝒄
 x 8    

𝒃𝒊𝒕𝒔

𝑺𝒂𝒎𝒑𝒍𝒆
 = 64 Kbps 

This requires huge storage capacity. Since our problem is 

mainly focused on speech signal whose spectral 

components Power Spectral Density (PSD) are mainly 

concentrated in the lower range of the frequencies, whereas 

it becomes very feeble in the higher frequency range. So 

the PSD is not uniform. From its PSD, we can derive the 

conclusion that more information can be derived out of 

those spectral components remaining in the low frequency 

zone rather than in the high frequency zone. We can better 

say that it is no harm in telling these information carrying 

speech signals to be compressed that means the original 

encoded signals can be further encoded by a sub division  

of the band which is “Subband Coding”. When the 

Sampling frequency is increased it is known as 

“Interpolation” and when it is decreased it is known to be 

“Extrapolation” or “Decimation”. 

 

III. PROBLEM SOLUTION 
 

Acoustic wave produced in speech signal of 32mS 

duration. If 8000 samples are taken in 1Second then in 

32mS,256 samples will be taken. i.e., Fs = 8000 Hz = 8 

KHz = 8000 
𝑠𝑎𝑚𝑝𝑙𝑒𝑠

𝑆𝑒𝑐
 , Fm = 4 KHz. The Δ standard speech 

signal while sampling can be subdivided into different 

amplitudes v1, v2, v3, v4, v5 respectively. 

      
Δ1, Δ2, Δ3, Δ4, Δ5 are the step sizes of the v1, v2, v3, v4, v5 

respectively. After digitization the codes (N) are 

represented by 20 bits, 10 bits, 5 bits,2.5 bits, 1.25 bits 

respectively. 

𝛥1 =  
2𝑣1

2𝑁
=  

2𝑣1

220
=  

𝑣1

219
 

𝛥2 =  
2𝑣2

2𝑁
=  

2𝑣2

210
=  

𝑣2

29
 

𝛥3 =  
2𝑣3

2𝑁
=  

2𝑣3

25
=  

𝑣3

24
 

𝛥4 =  
2𝑣4

2𝑁
=  

2𝑣4

22.5
=  

𝑣4

21.5
 

𝛥5 =  
2𝑣5

2𝑁
=  

2𝑣5

21.25
=  

𝑣5

20.25
 

For uniform quantization the step sizes are equal. 

If Δ1 = Δ2 = Δ3 = Δ4 = Δ5 = Δ  

Then  
𝑣1

219  =  
𝑣2

29 =
𝑣3

24 =
𝑣4

21.5 =  
𝑣5

20.25  

⇒  
𝑣1

𝑣2

=  
219

29
= 210 = 1024  

      
𝑣2

𝑣3

=  
29

24
= 25 = 32  

⇒  𝑣2 = 32𝑣3 

       
𝑣3

𝑣4

=  
24

21.5
= 22.5  

⇒  𝑣3 = 22.5𝑣4 

       
𝑣4

𝑣5

=  
21.5

20.25
= 21.25   

⇒  𝑣4 = 21.25𝑣5 

∴    𝑣1: 𝑣2: 𝑣3: 𝑣4: 𝑣5 

= 2550935555 ∶ 2491148.003 ∶ 77848.37508

∶ 13761.728 ∶ 5792.64 

   =  
219

220 𝑥 3
=  

1

2 𝑥 3
=  

1

6
 

⇒  
𝑆

𝑁𝑄1

= 10 𝑙𝑜𝑔10

1

6
=  −7 𝑑𝐵  

Similarly 

   
𝑆

𝑁𝑄2

=
219

22  𝑥 3
=

217

3
= 170𝑙𝑜𝑔10  2 − 10𝑙𝑜𝑔10  3

= 51.18 − 4.77 = 46.41 𝑑𝐵  

   
𝑆

𝑁𝑄3

=
219  𝑥 210

22 𝑥 3
=

227

3
= 270𝑙𝑜𝑔10  2 − 10𝑙𝑜𝑔10  3 

           = 81 − 4.7 = 76.3 𝑑𝐵 

   
𝑆

𝑁𝑄4

=
219  𝑥 181.022

22 𝑥 3
=

217𝑥 181.022

3
 

           = 170𝑙𝑜𝑔10  2 + 20𝑙𝑜𝑔10 181.02 − 10𝑙𝑜𝑔10  3 

           = 91.55 𝑑𝐵 

   
𝑆

𝑁𝑄5

=
219  𝑥 430.0542

22 𝑥 3
=

217𝑥 430.0542

3
 

 = 170𝑙𝑜𝑔10  2 + 20𝑙𝑜𝑔10 430.054 − 10𝑙𝑜𝑔10  3 

          = 98.90 𝑑𝐵 

Hence the tabulation for the above S/N ratio is given 

below in the table 

 

0 – 8000 Hz 

0 – 4000 Hz 
LF 

 

4000 – 8000 Hz 
HF 

0 – 2000 Hz 
LF 
 

2000 – 4000 Hz 
HF 

1000 – 2000 Hz 
HF 

0 – 1000 Hz 
LF 

 

500 – 1000 Hz 
HF 

0 – 500 Hz 
LF 

 

250 – 500 Hz 
HF 

0 – 250 Hz 
LF 

 

0 – 4000Hz = v1 

0 – 2000Hz = v2 

0 – 1000Hz = v3 

0 – 500Hz    = v4 

0 – 250Hz    = v5 
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For Subband Coding, if we use five QMF (Quadrature 

Mirror Filter) bank we can easily solve our formidable task. 

Considering a 7 KHz audio signal and subdividing it into 

number of bands with different bits allocation then we can 

proceed like in a tabular form. 

 
 

The Following results are followed the above Description

 
Result 1: Original Signal Plot. 

 

 
Result 2: Original Signal Spectrum. 

 

 
Result 3: Recovered  Signal Plot. 

 

 
Result 4: Recovered Signal Spectrum . 

Tools Platform:- Mat lab & Lab View  

 

IV. CONCLUSION 
 

Subband Coding is quite an effective method to achieve 

data compression in many signals processing application. 

This is effectively applied in speech processing. Subband 

coding with vector quantization can also be applied of 

many others challenging applications. 
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