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Abstract

Removing unwanted background noise from sound signals using Discrete Fourier Transform and

its inverse (DFT/IDFT) manually by varying a threshold value.

1 Introduction

The sound file being used is a .wav file, produced in previous work, and is represented in Figure.1 this

is a simple filestream data format where the data is simply stored as numerical values representing the

amplitude, it is often considered the simplest audio format and as such is very useful for the task at

hand. A .wav file can be read and written with ease, as it was partially designed for this purpose by

IBM and Microsoft WAV standard 2019. When the file is read, it will be converted into numbers and

then it will be ready for processing. When processing has finished, it can simply be written to a new file

and stored. The processing that will be performed will remove all background/unwanted noise.

Figure 1: Speech Cutout from Original Signal
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2 Method

The file that is being worked is 1.64 seconds long and consists of a woman saying ”Let us go then, you

and I” with a high pitch beeping noise in the background. To remove this noise we must perform a

spectral analysis based method of removing amplitudes higher than a threshold. Mingham 2019

2.1 Discrete Fourier Transform

The discrete Fourier transform, or DFT, is the primary tool of digital signal processing. The foundation

of the product is the fast Fourier transform (FFT), a method for computing the DFT with reduced

execution time. Equation 1 gives the DFT Equation.

cn ≈ Fn =
1

N

N−1∑
k=0

s(kT )e−2πikn/N (1)

It can be noted that the negative values equate as shown in Eq.2

F−1 = FN−1, F−2 = FN−2 (2)

Equation 1 takes a sequence of N sample values of an analogue signal s(t) and then transforms then to

N complex numbers, this is called the Discrete Fourier Transform. Owens 1992

The inverse discrete fourier transform takes a sequence of N complex numbers and transforms them back

into the original time sequence, as defined in Eq.3

s(nT ) =

N−1∑
k=0

Fke
2πikn/N (3)

for n = 0, 1, . . . , N − 1

The MATLAB environment provides the functions fft and ifft to compute the discrete Fourier transform

and its inverse, respectively. These are based on a C implementation documented in FFTW 2020. For

the input sequence x and its transformed version X (the discrete-time Fourier transform at equally spaced

frequencies around the unit circle), the two functions implement the relationships defined in Eq.1 and

Eq.3. (It must be noted that the MATLAB convention is to use a negative j for the fft function. This

is an engineering convention; physics and pure mathematics typically use a positive j.)(Ingle 2017)

By viewing a signal in the frequency domain it may be possible to remove unwanted frequency components

by setting them to zero then going back to the time domain (via the IDFT).
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To perform these algorithms the signal must be folded around 0, the folding process is performed by

Listing 1 and unfolding process is performed by Listing 2.

1 f unc t i on y=f o l d (x ,M,N)

2 y=ze ro s (1 ,N) ;

3 y ( 1 :M)=x(M+2:N) ;

4 y (M+1)=x (1) ;

5 y (M+2:N)=x ( 2 :M+1) ;

6 end

Listing 1: Matlab Folding Code Snippet

1 f unc t i on y=unfo ld (x ,M,N)

2 y (1)=x(M+1) ;

3 y ( 2 :M+1)=x(M+2:N) ;

4 y (M+2:N)=x ( 1 :M) ;

5 end

Listing 2: Matlab Un-Folding Code Snippet

To remove the noise, specific values must be removed. This process is done by using a threshold value,

α, due to using a .wav file we are able to use MATLAB logical expressions to find all values exceeding

α and set them to 0, as shown in Listing 3.

1 alpha=5000;

2 Index=f i nd ( abs ( f r e q ) > alpha ) ;

3 indexedF=foldedF ;

4 indexedF ( Index )=0;

Listing 3: Matlab Threshold Removal Code Snippet

It is important to remove background noise whilst keeping as much detail as possible, to do this we

visually inspect the plots produced (See Sec.3) and listen to the output file.

3 Results

The initial α value is 10000 and the results can be seen in Figure 2a, in the residual signal there is very

little removed, so α is halved. α = 5000 displays significantly more removal, however only for a small

section. So α must be reduced further. Since the high pitch noise remains in α = 4000 (shown in Figure

3a), it is again reduced to 3000, the residual signal in Figure 3b shows removal across the entire signal,

however the high pitch noise can still be heard For α = 2500, the high pitch noise is gone, however it is

important to keep as much detail as possible, so a higher interval is chosen, α = 2700, shown in Figure

4 The final threshold value is 2663, as α = 2664 keeps the high pitch noise we know this is the clearest
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(a) α =10000 Signal (b) α =5000 Signal

Figure 2: Initial α Values

(a) α =4000 Signal (b) α =3000 Signal

Figure 3: Secondary α Values

threshold value whilst still removing any background noise. Shown in figure 5 Figure 5b demonstrates

the folding and unfolding process of the audio clip, from top to bottom. The middle subplots show the

threshold value being applied, the solitary spike is at x = 2664, hence why 2663 is the optimum threshold

value.

4 Conclusions

Removing unwanted noise can be a trial and error process, whereby you must remove enough frequencies

to remove the noise, whilst retaining enough frequencies to accurately represent the signal. Although a

threshold is used here, each individual frequency could be selected and removed or kept, however this

would be incredibly hard and time consuming. But would probably produce a better representation,

with only the noise being removed. The final output signal produced sounds dull, this is due to higher
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(a) α =2500 Signal (b) α =2700 Signal

Figure 4: Tertiary α Values

frequencies being removed with the noise.
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(a) α =2663 Signal (b) α =2663 Spectrum

Figure 5: Final α Value
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A Full Matlab Code

1 % Kieran Molloy Submission f o r MMU Year 3 : D i g i t a l Communications & Sound

2 % Proces s ing Coursework Part 2

3

4 c l e a r ; c l c ; c l f

5 % Read F i l e

6 readFilename=’ cu t s i g n a l . wav ’ ;

7 [ s , f s ]= audioread ( readFilename ) ;

8

9 % Number o f Samples

10 N=length ( s ) ;

11 % Sampling I n t e r v a l

12 T=1/ f s ;

13 % Length o f S i gna l

14 P=N∗T;

15 % T vector

16 t=0:T:P−T;

17 % f0 Value

18 f 0=1/P;

19

20 % Dis c r e t e Four i e r Transform

21 F=f f t ( s ) /N;

22

23 % Folding Logic

24 M=(N−1) /2 ;

25 fo ldedF=f o l d (F ,M,N) ;

26 % Outl ine x−ax i s domain

27 f r e q=−M∗ f 0 : f 0 :M∗ f 0 ;

28 % Remove Frequences h igher than abs ( alpha ) hz

29 alpha=5000;

30 Index=f i nd ( abs ( f r e q ) > alpha ) ;

31 indexedF=foldedF ;

32 indexedF ( Index )=0;

33

34

35 % Return to time domain but r eo rde r F be f o r e tak ing i t s IDFT.

36 newF=unfo ld ( indexedF ,M,N) ;

37

38 % Inve r s e D i s c r e t e Four i e r Transform

39 s f i l t=N∗ r e a l ( i f f t (newF) ) ;

40

41 % Di f f e r e n c e between o r i g i n a l \& f i l t e r e d

42 s d i f f = s ’− s f i l t ;

43
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44 % Write to f i l e

45 writeFi lename = ’ f i l t e r e d S i g n a l . wav ’ ;

46 aud iowr i t e ( writeFi lename , s f i l t , f s ) ;

47

48 % //////////

49 % PLOTTING

50 % //////////

51

52 % Figure 1 − Spec t r a l Ana lys i s Comparisons

53 f i g u r e (1 )

54 % Subplot 1 − Or ig ina l Spec t r a l Ana lys i s

55 subplot ( 4 , 1 , 1 ) , stem ( abs (F) , ’ .− ’ ) ; % p lo t the abso lu t e va lue aga in s t index number

56 t i t l e (” Amplitude Spectrum of ’ c u t s i g n a l . wav ’ ” , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

57 x l ab e l ( ’ index $n$ ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

58 y l ab e l ( ’ $\ l e f t |Fn\ r i g h t | $ ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

59 % Subplot 2 − Folded Aamplitude Spectrum

60 subplot ( 4 , 1 , 2 ) , stem ( f req , abs ( fo ldedF ) , ’ .− ’ ) ;

61 t i t l e (” Folded Amplitude Spectrum ” , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

62 x l ab e l ( ’ index $n$ ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

63 y l ab e l ( ’ $\ l e f t |Fn\ r i g h t | $ ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

64 % Subplot 3 − F i l t e r e d + Folded Amplitude Spectrum

65 subplot ( 4 , 1 , 3 ) , stem ( f req , abs ( indexedF ) , ’ .− ’ ) ;

66 t i t l e (” F i l t e r e d Spectrum of Folded S igna l ” , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

67 x l ab e l ( ’ index $n$ ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

68 y l ab e l ( ’ $\ l e f t |Fn\ r i g h t | $ ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

69 % Subplot 4 − F i l t e r e d + UnFolded Amplitude Spectrum

70 subplot ( 4 , 1 , 4 ) , stem ( f req , abs (newF) , ’ .− ’ ) ;

71 t i t l e (” Unfolded Amplitude Spectrum of ’ c u t s i g n a l . wav ’ ” , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

72 x l ab e l ( ’ index $n$ ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

73 y l ab e l ( ’ $\ l e f t |Fn\ r i g h t | $ ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ ) ;

74

75 % Figure 2 − Ful l S i gna l Comparison

76 f i g u r e (2 )

77 % Subplot 1 − Or ig ina l c u t s i g n a l . wav

78 subplot ( 3 , 1 , 1 ) , p l o t ( t , s , ’ b ’ )

79 ax i s ( [ 0 1 .65 −0.4 0 . 4 ] )

80 t i t l e ( ’Un−F i l t e r e d ( Or i g i na l ) S i gna l ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )

81 x l ab e l ( ’Time ( s ) ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )

82 y l ab e l ( ’ Ampltitude ( khz ) ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )

83

84 % Subplot 2 − F i l t e r e d cu t s i g n a l . wav

85 subplot ( 3 , 1 , 2 ) , p l o t ( t , s f i l t , ’ r ’ ) ;

86 ax i s ( [ 0 1 .65 −0.4 0 . 4 ] )

87 t i t l e ( ’ F i l t e r e d S igna l ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )
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88 x l ab e l ( ’Time ( s ) ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )

89 y l ab e l ( ’ Ampltitude ( khz ) ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )

90

91 % Subplot 3 − F i l t e r e d cu t s i g n a l . wav

92 subplot ( 3 , 1 , 3 ) , p l o t ( t , s d i f f , ’ g ’ ) ;

93 ax i s ( [ 0 1 .65 −0.4 0 . 4 ] )

94 t i t l e ( ’ Res idua l S i gna l ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )

95 x l ab e l ( ’Time ( s ) ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )

96 y l ab e l ( ’ Ampltitude ( khz ) ’ , ’ i n t e r p r e t e r ’ , ’ l a t e x ’ )

97

98 % ////////////////////

99 % AUXILLARY FUNCTIONS

100 % ////////////////////

101

102 f unc t i on y=f o l d (x ,M,N)

103 y=ze ro s (1 ,N) ;

104 y ( 1 :M)=x(M+2:N) ;

105 y (M+1)=x (1) ;

106 y (M+2:N)=x ( 2 :M+1) ;

107 end

108

109 f unc t i on y=unfo ld (x ,M,N)

110 y (1)=x(M+1) ;

111 y ( 2 :M+1)=x(M+2:N) ;

112 y (M+2:N)=x ( 1 :M) ;

113 end
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