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 الملخص 

 

 المنخفض  التمرير  لمرشحات  النبضة  استجابة  وكيفية ايجاد  الترددات  حيث  من   الرقمية  المرشحات  من  أنواع  أربعة  يتم دراسة  الورقة    هذه  في

 استجابة  Matlab برنامج  كما يظُهر.  العكسي DTFT تعريف  باستخدام  النطاق  وإيقاف  النطاق،  وتمرير  المثالي،   العالي  والتمرير  المثالية،

  من   نبضة  استجابة  لكل  السريع  فورييه  لتحويل  المطلقة  السعة, و تحديد القيم  تردد  استجابة  رسم  خلال  من  الأربعة  المرشحات  لأنواع  النبضة

  مقطع   تطبيق  تم  حيث  للخرج  السعة  تردد  استجابة  رسم  وتم  الأربعة  المرشحات  لأنواع  كمدخل  عشوائية  إشارة  توليد  المرشحات وسوف يتم

 .للخرج التردد استجابة رسم وتم الأربعة المرشحات لأنواع كمدخل

 

Abstract: 

The basic principles of this paper about the four types of digital filters are studied in terms of frequencies 

and how to find the impulse response of ideal low-pass, ideal high-pass, band-pass, and band-stop filters 

using the inverse DTFT definition. Moreover, the Matlab program displays the impulse response of the four 

filter types by plotting the amplitude-frequency response and determining the absolute values of the fast 

Fourier transform for each filter impulse response. A random signal will be generated as an input to the four 

filter types, and the amplitude-frequency response of the output will be plotted. A segment was applied as 

an input to the four filter types, and the output frequency response was plotted. 

 

Key words: Definition of the inverse (DTFT), Ideal low pass, Ideal high pass, Cut-off frequency, Filters 

impulse response, Random signal, Frequency response, Rectangular filters H(ω)  
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1. Introduction: 

In this papers it shows four types of digital filters in terms of frequencies and finds the impulse response 

for ideal low pass, ideal high pass, band pass, and band stop filters by using the definition of the inverse 

DTFT. Moreover, the Matlab program shows the impulse response for the four types of filters by plotting 

the Amplitude frequency response. Also, it shows absolute values of the FFT’s of each of the filter’s impulse 

response. In addition, it introduces the Blackman window to give an idea how it changes the characteristic 
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of the filters. In the second part of these papers, it has been generated a random signal as an input to the 

four types of filters and amplitude frequency response of the output were plotted. 

2. work and Background: 

First, it has been calculated the impulse response for ideal  low pass, high pass, band pass and band stop 

filters. 

 

3. The ideal law pass filter: 

Inverse DTFT:- 

ℎ[𝑛] =
1

2𝜋
∫ 𝐻(𝑒𝑗𝑤𝜋

−𝜋
). 𝑒𝑗𝑤𝑛𝑑𝑤       -------------- (1) 

=
1

2𝜋
[∫ 𝑒𝑗𝑤𝑛𝑑𝑤

𝑤𝑐

−𝑤𝑐
]                    

1

2𝜋
[(

𝑒𝑗𝑤𝑐𝑛−𝑒−𝑗𝑤𝑐𝑛

2𝑗
)]                      

∵ sin 𝑥 (
𝑒𝑗𝑥−𝑒−𝑗𝑥

2𝑗
)                          ----------------(2) 

∴ ℎ[𝑛] =
1

𝜋𝑛
(sin 𝑤𝑐𝑛)                 ----------------(3) 

lim
𝑛→0

(
sin( 𝑤𝑐𝑛)

𝜋𝑛
) =

𝑤𝑐 cos(𝑤𝑐𝑛)

𝜋
=

𝑤𝑐

𝜋
    ----------------(4) 

 

ℎ[𝑛]𝐿𝑃𝐹 = {

𝑤𝑐

𝜋
                     ;    𝑛 = 0      

sin(𝑤𝑐𝑛)

𝑛𝜋
                   ; 𝑛 ≠ 0

           ----------------(5) 

 

4. The ideal High pass filter: 

Inverse DTFT:- 

ℎ[𝑛] =
1

2𝜋
∫ 𝐻(𝑒𝑗𝑤𝜋

−𝜋
). 𝑒𝑗𝑤𝑛𝑑𝑤       ----------------(6) 

 

           =
1

2𝜋
[∫ 𝑒𝑗𝑤𝑛𝑑𝑤 + ∫ 𝑒𝑗𝑤𝑛𝑑𝑤

𝜋

𝑤𝑐

−𝑤𝑐

−𝜋

] 

 

           =
1

2𝜋
[
𝑒𝑗𝑤𝑛

𝑗𝑛
|

−𝑤𝑐

−𝜋
+

𝑒𝑗𝑤𝑛

𝑗𝑛
|

𝜋

𝑤𝑐
] =

1

2𝜋𝑗𝑛
[𝑒−𝑗𝑤𝑐𝑛 − 𝑒−𝑗𝜋𝑛 + 𝑒𝑗𝜋𝑛 − 𝑒𝑗𝑤𝑐𝑛] 

 

            =
1

2𝜋
[(

−𝑒𝑗𝑤𝑐𝑛 + 𝑒−𝑗𝑤𝑐𝑛

2𝑗
) + (

𝑒𝑗𝜋𝑛 + 𝑒−𝑗𝜋𝑛

2𝑗
)] 

 

           =
1

2𝜋
[− sin 𝑤𝑐𝑛 + sin 𝜋𝑛] =

1

𝜋𝑛
[sin 𝜋𝑛 + sin 𝑤𝑐𝑛] 
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∵
sin 𝜋𝑛

𝜋𝑛
= 𝛿[𝑛]    ----------------(7) 

∴ ℎ[𝑛] =
1

𝜋𝑛
[𝛿[𝑛] − sin 𝑤𝑐𝑛]      ----------------(8) 

So,      ℎ[𝑛]𝐻𝑃 = 𝛿[𝑛] − ℎ[𝑛]𝐿𝑃    ----------------(9) 

ℎ[𝑛]𝐻𝑃 = {

−𝑤𝑐

𝜋
+ 1                      ;    𝑛 = 0      

− sin 𝑤𝑐𝑛

𝜋𝑛
                       ; 𝑛 ≠ 0

           ----------------(10) 

 

5. The correlation between the low pass and high pass filter is: 

 

     ℎ[𝑛]𝐻𝑃 = 𝛿[𝑛] − ℎ[𝑛]𝐿𝑃   or        𝐻(𝑤)𝐻𝑃 = 1 − 𝐻(𝑤)𝐿𝑃  ----------------(11) 

 

6. The ideal Band pass filter: 

Inverse DTFT:- 

ℎ[𝑛] =
1

2𝜋
∫ 𝐻(𝑒𝑗𝑤𝜋

−𝜋
). 𝑒𝑗𝑤𝑛𝑑𝑤    ----------------(12) 

 

  =
1

2𝜋
[∫ 𝑒𝑗𝑤𝑛𝑑𝑤 + ∫ 𝑒𝑗𝑤𝑛𝑑𝑤

𝑤𝑏

𝑤𝑎

−𝑤𝑎

−𝑤𝑏

] 

 

 =
1

2𝜋𝑗𝑛
[𝑒−𝑗𝑤𝑎𝑛 − 𝑒−𝑗𝑤𝑏𝑛 + 𝑒𝑗𝑤𝑏𝑛 − 𝑒𝑗𝑤𝑎𝑛] 

 

=
1

2𝜋
[(

𝑒𝑗𝑤𝑏𝑛 − 𝑒−𝑗𝑤𝑏𝑛

2𝑗
) − (

𝑒𝑗𝑤𝑎𝑛 − 𝑒−𝑗𝑤𝑎𝑛

2𝑗
)] 

=
1

𝜋𝑛
[sin 𝑤𝑏𝑛 − sin 𝑤𝑎𝑛] 

 

ℎ[𝑛]𝐵𝑃𝐹 = {

1

𝜋𝑛
(sin 𝑤𝑏𝑛 − sin 𝑤𝑎𝑛)                ;   𝑛 ≠ 0    

1

𝜋
(𝑤𝑏 − 𝑤𝑎)                                        ; 𝑛 = 0

       ----------------(13) 

 

7. The ideal Band stop filter: 

Inverse DTFT:- 

ℎ[𝑛] =
1

2𝜋
∫ 𝐻(𝑒𝑗𝑤𝜋

−𝜋
). 𝑒𝑗𝑤𝑛𝑑𝑤   ----------------(14) 

 

 

           =
1

2𝜋
[∫ 𝑒𝑗𝑤𝑛𝑑𝑤 + ∫ 𝑒𝑗𝑤𝑛𝑑𝑤

𝑤𝑎

−𝑤𝑎

−𝑤𝑏

−𝜋

+ ∫ 𝑒𝑗𝑤𝑛𝑑𝑤
𝜋

𝑤𝑏

] 
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1

2𝜋𝑗𝑛
[𝑒−𝑗𝑤𝑏𝑛 − 𝑒−𝑗𝜋𝑛 + 𝑒𝑗𝑤𝑎𝑛 − 𝑒−𝑗𝑤𝑎𝑛 + 𝑒𝑗𝜋𝑛 − 𝑒𝑗𝑤𝑏𝑛] 

 

=
1

2𝜋
[(

𝑒𝑗𝑤𝑎𝑛 − 𝑒−𝑗𝑤𝑎𝑛

2𝑗
) − (

𝑒𝑗𝑤𝑏𝑛 − 𝑒−𝑗𝑤𝑏𝑛

2𝑗
) + (

𝑒𝑗𝜋𝑛 − 𝑒−𝑗𝜋𝑛

2𝑗
)] 

=
1

𝜋𝑛
(sin 𝑤𝑎𝑛 − sin 𝑤𝑏𝑛 + sin 𝜋𝑛) 

∵
sin 𝜋𝑛

𝜋𝑛
= 𝛿[𝑛]   ----------------(15) 

∴ ℎ[𝑛] =
−1

𝜋𝑛
(sin 𝑤𝑏𝑛 − sin 𝑤𝑎𝑛) + 𝛿[𝑛]    ----------------(16) 

ℎ[𝑛]𝐵𝑆𝐹 = 𝛿[𝑛] − ℎ[𝑛]𝐵𝑃𝐹 

ℎ[𝑛]𝐵𝑆𝐹 = {

−1

𝜋
(𝑤𝑏 − 𝑤𝑎) + 1                           ; 𝑛 = 0  

−1

𝜋𝑛
(sin 𝑤𝑏𝑛 − sin 𝑤𝑎𝑛)                  ;   𝑛 ≠ 0

 

          ----------------(17) 

8. The correlation between the band pass and stop pass filter is: 

   ℎ[𝑛]𝐵𝑆𝐹 = 𝛿[𝑛] − ℎ[𝑛]𝐵𝑃𝐹   or      𝐻(𝑤)𝐵𝑆𝐹 = 1 − 𝐻(𝑤)𝐵𝑃𝐹  ----------------(18) 

Second, it has been used the impulse response formula that derived in the first part for each filter and 

using MATLAB to truncate the filter impulse response using 31 samples {n=[-15,15]}. The cut-off 

frequency that it used in filters are; π/4 for the LPF and HPF and (π/4,π/2) for the BPF and BSF. The 

impulse response of each filter is shown in the following figure (1). 

 
Fig.1. Impulse response of the four types of ideal digital filters. 
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Then, the FFT’s each of the filter’s impulse response is computed. Then the amplitude frequency response 

of the filters H(ω) is plotted as shown in figure(2). 

 
Fig.2. Amplitude frequency response of the four types of digital filters. 

 

As it is clear from the four subfigures, the DTFT is defined from –pi to pi and the function fftshift() center 

the FFT about zero. 

 

Also, the amplitude frequency response in dB for each filter is plotted as shown in figure (3). From this 

figure it can be can noted that the -3db (cut-off frequency) (half-power point) of the LPF and HPF is 

approximately corresponds to π/4. Also, for the BPF and BSF approximately corresponds to π/4 and π/2. 
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Fig.3. Amplitude frequency response in dB of the four types of ideal digital filters. 

 

In this section, it is also used a windowing filter which is known as Blackman window filter and then the 

amplitude frequency response of Blackman window and rectangular filters H(ω) are plotted for the four 

types of filters as shown in figure (4). 

 
Fig.4.  Amplitude frequency response of the four types rectangular filters compared with Blackman 

window filters 
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In order to see clearly the differences between using rectangular and  Black window filter, it is plotted the 

Amplitude frequency response of the four types in dB as shown in figure (5) 

 
Fig.5.  Amplitude frequency response of the four types Rectangular filters compared with Blackman 

window filters in dB. 

 

It is obvious that using Blackman window gives better characteristics for filters in terms of stop band and 

pass band. 

In the second part of the report, a random signal of size 1024 samples centered at zero is generated. Figure 

(6) shows the amplitude frequency response H(ω). 
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Fig.6.  Amplitude Frequency Response of the Random signal 

 

Then, the four filters applied to filter the random signal which it generated using convolution command. 

Then, the FFT of the filter impulse response is computed as shown in figure(7) 

  
Fig.7.  Absolute value of the FFT’s of the four filters. 
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The last four subplots it makes sense, because in the first subplot the LPF allow to pass the frequencies 

from zero (DC component) up to certain frequency 𝜔𝑐(cut-off frequency). In the second subplot the HPF 

pass the frequencies from 𝜔𝑐(cut-off frequency) to π and attenuate the frequencies from zero to 𝜔𝑐. In the 

third subplot, the BPF pass band of frequencies between ωa and ωb and reject other frequencies. In the 

last subplot, the BSF attenuate the frequencies between ωaand ωb and allow others to pass. Finally, a clip 

to all types of filters are applied as shown in figure (8). 

 
Fig.8. Absolute value of the FFT’s of the filtered clip 

9. Conclusion: 

According to the results we got from this paper that the signal processing the function of a filter is to remove 

unwanted parts of the signal or to extract useful part of the signal. In these papers, it concentrates on the 

most popular filters (LPF, HPF, BPF, and BSF). In addition, it found that there are a correlation between 

LPF and HPF and also a correlation between BPF and BSF. From the results low-pass, high-pass, band-

pass, and band-stop filters demonstrate useful characteristics. The process of filtering by the convolution of 

a signal with the impulse response of an ideal filter, and then obtaining the frequency response by taking 

the Fourier transform of the magnitude of that result are demonstrated in this study. Overall, the behaviors 

of four different types of ideal filters are learned from this filter study. Low-pass, high-pass, band-pass, and 

band-stop filters are all unique and useful in their own rights and also related by convolution, the Fourier 

transform, and as described in the section containing theoretical results. Using the impulse response of these 

filters and applying Blackman window, it shows how could filters are improved in terms of their 

characteristics. Moreover, it generates a random signal and applies to those filters and observes the result, 

it shows how those filters work such as some of them pass some frequencies while others reject other 
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frequencies. Finally, it applies a clip to the four filters which shows how those filters affect on the clip by 

rejecting and passing some frequencies. 
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