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Introduction 

 

 The Fast Fourier Transform Guitar Tuner requires the following components:  

 

● computer with built-in microphone 

● DSK board + cables 

● speaker 

 

Figure 1.  Setup of FFT Guitar Tuner 

 
 

The tuner helps a guitarist tune his guitar to desired notes, such as an A4 (440 

Hz). Using some type of microphone setup, the guitarist can play a string and observe 

the fundamental frequency of note played and closest note on the computer display. In 

addition, a speaker connected to the DSK board will output a tone with frequency equal 

to that of the closest note. For example, if the guitarist plays a note with fundamental 

frequency 430 Hz, our algorithm will recognize that the guitarist wants to play an A4 

(440 Hz), so the speaker will output a 440 Hz tone to offer an auditory aid for guitar 

tuning. 

 

 We used the following note chart for our project. The numbers correspond to 

frequency (Hz). 

 



Figure 2.  Table of Accepted Pitches from C2 to B5 

 
(Sapp) 

 

The following block diagram illustrates the high level system components of the 

Fast Fourier Transform Guitar Tuner. 

 

 
 

Project Development 

 

Guitar Signal Input 

 

 Unfortunately, we cannot connect a microphone directly to the DSK, since there 

is not enough amplification. Therefore, a laptop with a built-in microphone must be 



used. To start off, we open the C Code Composer to run our code. While the code is 

running, we record a guitar note using the microphone, save the sound file, then play 

the sound file. We connect the laptop to the DSK “line in” jack, so the input signal y(t) 

comes from the laptop. 

 

Analog to Digital Conversion 

 

 Using the lowest possible sampling frequency of 8 kHz, we sample the analog 

input signal to generate a discrete time signal y(n). We set the y(n) buffer array size to N 

= 2048. 

 

Fast Fourier Transform  (FFT)  

 

We use an FFT.h file provided by TA Chao-Yi Wang. The FFT is a faster version 

of the traditional Discrete Fourier Transform (DFT) that we previously implemented in 

the course. 

 

DFT    

 

 While the DFT has algorithm complexity proportional to , the FFT has 

complexity proportional to , a significant improvement as N gets very large. To 

better understand the difference in complexity, consider a 2048 point Fourier Transform, 

. .  Clearly, the difference increases as N 

increases. 

 We set the FFT size equal to the buffer size of 2048. Using a sampling frequency 

of 8 kHz and N = 2048, the frequency resolution = . This means that the 

difference in frequency between each index on the FFT is approximately 3.9 Hz. In 

order to improve frequency resolution, we must increase FFT size N, but we noticed lag 

when trying N = 4096. Therefore, we stuck with N = 2048. Due to the poor frequency 

resolution, we ruled out auto-tuning the guitar notes, since an accurate pitch shifting 

factor cannot be obtained. Suppose a 439 Hz note is played. The computer will 

recognize this note as a 437.5 Hz note (index = 111) with closest note = A4 (440 Hz). 

This will lead to a pitch shift factor of  when it should actually be 

. This type of pitch shifting error renders the auto-tune application 

ineffective. 



 There are multiple FFT algorithms available, but we use one provided by TA 

Chao-Yi Wang. The FFT.h code is a non-recursive, radix-2, decimation in frequency 

algorithm used in the following fashion: 
 
// set up twiddle factors 
for(k = 0; k < buffer_size; k++)         //set up DFT twiddle factors 
{ 

twiddle[k].real = cos(pi * k / buffer_size); 
twiddle[k].imag = -sin(pi * k / buffer_size); 

} 
// take FFT: input y becomes FFT y 
fft(y, buffer_size, twiddle); 
 

 The “fft” function takes complex input y and uses the twiddle factors to generate 
a complex Fourier Transform plot in the input variable y. 
 
Radix-2 Decimation in Frequency Algorithm 
 

Consider the definition of the DFT:  
 
We can split the summation into two parts. 

+ ) 
 

For the second summation term, substitute . Consequently, the limits of 

summation will change to . This summation looks similar to the first term. 

+ ) 

 

 
 

We observe that  is 1 for even k values and -1 for odd k values. Therefore, we can 
write FFT expressions for even and odd k values. 
 



Even k values:  

 
Odd k values:  
 

 

Both expressions represent a -DFT. Computing two -DFT’s is faster than 
computing one N-DFT. Extending this idea, we can continue splitting a N-DFT into 
halves until we reach the trivial 2-DFT. 
 

 

 

 

 
 
To illustrate this idea of continuous halving process, we can draw the following butterfly 

diagram for an 8-FFT. This diagram can easily be extended to any FFT with size =  
 
 
 
 
 
 
 
 
 
 
 
 
 



 
 
Figure 3.  Butterfly Diagram for 8-FFT 

 
(Jones) 
 
As we move towards the right, the DFT continually halves. The upper half, even k 
values, is called the upper butterfly, and the lower half, odd k values, is called the lower 
butterfly. Additions are represented by two arrows converging at a node. The “-1” 

indicates a subtraction. The  represents the twiddle factor multiplication for odd 
terms. In the 4-DFT, the step size between twiddle factor is doubled, since N is halved. 
 

 
 
Notice how the output indices do not match up with the input indices. The output indices 
are in bit-reversed order, so a bit reversal must be done to correct the sequence order. 
To bit reverse, write the index in binary, flip the binary number, then convert back to 
decimal. Consider the following example for a 2048-FFT. 
 

 

 

 
 
This means that X[1024], which should be in the 1024th index, is initially in the 1st 
index. The bit reversal code moves X[1024] from the 1st index to the 1024th index. 
Similarly, X[264] is moved from the 132nd index to the 264th index. 
 
To illustrate that radix 2 decimation in frequency works, let’s compute X[5] using the 
traditional DFT definition and compare that to the FFT result. 



 

 

 

  
 

 

  
 

 

  
 
Using the butterfly diagram, we can also compute 
 

 
 

 
 

 

  
 

 

  
 
Both expressions are the same, proving that radix 2 decimation in frequency coupled 

with bit reversal outputs a DFT of input x significantly faster than the  DFT. 
 

Harmonic Product Spectrum (HPS) 

 

 Before we describe how the HPS works, we need to first understand the physics 

of sound.  When a musical instrument plays a sound, it produces a series of 

frequencies, which we will go over later.  However, the human auditory system 

responds the most sensitively to the equivalent of the lowest common denominator of 



the produced frequencies.  Therefore, the fundamental frequency of a sound we hear is 

the frequency that the human auditory system responds to most sensitively.  

 

The goal of the HPS is to find the fundamental frequency, which is the first 

occurring peak in the FFT magnitude plot.  While this is a trivial problem to the human 

eye, it is not trivial for a computer. If there are multiple peaks, which peak is considered 

to be the first peak? Also, noise can also create small peaks, so how do we account for 

that? The following diagram provides an overview of HPS. 

 

Figure 4.  Harmonic Product Spectrum Technique 

 
(Middleton) 

 

 When a single tone is generated from a signal generator, the FFT magnitude plot 

will show a single peak at the frequency of the sine wave.  However, when a guitar note 

is played, the FFT magnitude plot will show several peaks.  This is because oscillators 

such as guitar strings naturally vibrate at normal modes of a frequency, where the first 

mode is the fundamental frequency, while the latter modes are harmonics.  Therefore, if 

an A4 (440 Hz) is played, harmonics A5 (880 Hz), A6 (1760 Hz), etc. will show up in the 

FFT magnitude plot.  However, the peak at fundamental frequency 440 Hz is not 

necessarily the largest, so it is not obvious for the computer to find the fundamental 

frequency. Therefore, we use the HPS to simplify this problem. In our code, we down-

sample the FFT magnitude plot by factors of 2 and 3.  We choose to down-sample at 



factors of 2 and 3 because among all the overtones, the first and second overtones 

generated by a guitar string tend to have the largest peak.  We then multiply the /1, /2, 

and /3 versions of the FFT magnitude plot to obtain a product plot. The product plot has 

a maximum value at 440 Hz, which can easily be found using C code. The HPS 

simplifies the problem of finding the fundamental frequency by obtaining a plot with a 

maximum value at the fundamental frequency. 

 

The following is the code we use to find the fundamental frequency, given an array 

containing the magnitude of our FFT values. 

 
//Implement Harmonic Product Spectrum 

for(k = 0; k < buffer_size / 8; k++) 
{ 
 sum[k] = magFFT[k] * magFFT[2*k] * magFFT[3*k]; 
 

// find fundamental frequency (maximum value in plot) 
 if( sum[k] > max_value2 && k > 0 ) 
 { 
  max_value2 = sum[k]; 
  fund_freq = k; 
 } 
} 
fund_freq1 = fund_freq * 8000 / buffer_size; 

 

Find Closest Note 

 

 Once we obtain the fundamental frequency, we reference the pitch frequency 

chart in order to find the closest note frequency. A 437.5 Hz note will get matched to A4 

(440 Hz). To accomplish this, we used extensive if/else statements, which can be seen 

in the Code Listings section. More efficient algorithms exist, but we choose to 

implement the most intuitive algorithm. Since if/else statements do not cost much, we 

notice no lag in this process. For more details, refer to the Code Listings at the end of 

the report. 

 

Digital to Analog Conversion 

 

 In order to output a tone with frequency equal to desired note, we used D/A. We 

used the following sinusoid formula: . The  corresponds to the fundamental 

frequency calculated through HPS, while  corresponds to the sampling frequency of 8 

kHz. 

 

 



Results 

 

Figure 5.  Input guitar signal, as Viewed by CCS Plot 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 



Figure 6.  FFT Magnitude Plot, as Viewed by CCS Plot 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



Figure 7.  Harmonic Product Spectrum ( /1 * /2 * /3 ), as Viewed by CCS Plot 

 
 

Figure 8.  Output Screenshot 

 
 

Discussion 

 

 The results that we obtain in this project are very similar to what we previously 

expected.  As seen in Figure 5, we notice that the input is sinusoidal, but it has a 

varying amplitude.  This is expected, since the notes we hear from sounds such as 



plucked guitar strings are actually a combination of a sinusoid at a fundamental 

frequency and other sinusoids of normal mode frequencies.  The fundamental 

frequency is the perceived pitch that we hear (generally the lowest frequency peak), 

while normal mode frequencies are integer multiples of the fundamental frequency, also 

known as overtones. 

 Since we know that the sound we perceive is composed of multiple frequencies, 

we should expect multiple peaks in the FFT magnitude plot of our input signal.  In 

Figure 6, we can see multiple peaks that are generally equally spaced. We can see that 

the cursor is on the first peak, which represents the fundamental frequency.  This cursor 

is on index # 21 in our FFT magnitude array (out of 2048), which corresponds to  

. 

The accepted pitch with a frequency closest to our acquired pitch is E2, which has a 

fundamental frequency of 82 Hz.  Therefore, it makes sense that our first peak is 

observed at 82 Hz.  Then, we can see that the other major peaks fall at indices 42, 63, 

84, and 105, which are all multiples of 21.  From the formula, we can see that since the 

indices are all multiples of 21 (the fundamental frequency), the corresponding 

frequencies will also be a multiple of the fundamental frequency. 

 Figure 7 shows the array we obtain after multiplying together our magnitude FFT 

down-sampled by factors of 1, 2, and 3.  Down-sampling by a factor of n means that 

every n values is put into a new array.  An array with 2048 indices that is down-sampled 

by 2 will create another array with 1024 indices.  These arrays are all multiplied together 

to find the fundamental frequency (explained earlier in Harmonic Product Spectrum 

section), which is at index 21, or 82 Hz.  This result is exactly what we expected, as 

shown by our output in Figure 8.  Figure 8 corresponds to a guitar playing an E2.  

Finally, the program outputs a sinusoid of frequency 82 Hz, which we verify by ear. 

 

 During development, there were several roadblocks that we encountered. In 

summary, these included: 

● implementing a Fourier Transform using the interrupt function 

● noticeable delay between playing a guitar note and seeing the note on computer 

display 

● connecting microphone directly to DSK to offer “real-time” guitar tuning 

 

When attempting to implement a Fourier Transform using the interrupt function, 

we initially had lots of trouble because the interrupt (which found the values of the input 

signal) kept being called upon before the while loop could finish processing the data in 

the input signal.  Therefore, the problem was that the input signal changed halfway 

through our while loop.  To solve this problem, we implemented a “time” variable to 

track the index of our input array.  We also implemented a “time2” variable to keep track 



of time while the while loop was still running.  Finally, we added a “bufferfull” variable at 

the end of our while loop to make sure that the interrupt would not receive an input 

signal unless the while loop in our main function finished its iteration.  Basically, we 

solved this problem by having our interrupt run when the while loop finished running, 

resulting in a slight lag between when the program received the input and when the 

program outputted the tone. 

Another problem we faced was increasing our frequency resolution in the 

DFT/FFT plots and the trade-off between frequency resolution and time resolution.  We 

found that in order to obtain more precise values for frequency when converting 

between index and frequency of our DFT magnitude array, we needed to increase the 

amount of indices in our array.  Since we had to use nested for loops to calculate the 

DFT array (which has n x n =  complexity), by increasing the amount of indices in our 

array (or increasing array size), the nested for loops required even more iterations, 

using more clock cycles, and thus taking up more time and increasing the window of 

time required per output signal. 

After we added the “time2” and “bufferfull” variables, we noticed that there was a 

noticeable delay between when the input signal was received and when the 

fundamental frequency of the pitch was actually found.  We knew that part of the 

problem was the fact that our interrupt was waiting for our while loop to finish, but we 

did not know why the delay was a good 5 seconds.  Eventually, we found that the 

problem was attributed to us finding the DFT of our input signal.  To find the DFT, we 

had to use two nested for loops, where each for loop iterated 1024 times (because that 

was the size of the array at the time).  Therefore, the DSK had to use 1024 x 1024 = 

 clock cycles.  To fix this issue, we decided to implement an FFT instead, 

which had a complexity of .  After we implemented the FFT, the 

delay was much less noticeable. 

Finally, another problem was connecting microphone directly to DSK to offer 

“real-time” guitar tuning.  Initially, we were plugging in a microphone directly into the 

Line In for the DSK, but we found that our program was not working.  We found that the 

program was running perfectly fine when we recorded a guitar playing on a computer 

and played it into the DSK.  After asking our TA Johnny, we discovered that our 

computer amplifies our input signal by about 50 dB, and that noise would probably have 

a significant effect on our program if we did not amplify our input signal.  Therefore, to 

achieve “real-time” guitar tuning, we decided to play a guitar into the microphone of the 

computer, and have the computer output the sound real-time into the DSK. 

  

Conclusion 

 

 In the end, we managed to achieve the goal that we initially proposed.  Our guitar 

tuner has the ability to detect the pitch of the input signal, find the closest accepted 



pitch, and output the closest accepted pitch.  As we explained earlier, our program can 

be summarized into the following diagram: 

 
 In this project, we used techniques such as the Fast Fourier Transform and the 

harmonic product spectrum to detect the pitch of the input signal.  The Fast Fourier 

Transform was used to change the input signal into the frequency domain, while the 

harmonic product spectrum was used to find the fundamental frequency of the input 

signal, since the input signal in the frequency domain had multiple peaks at different 

overtones of the fundamental frequency.  While we encountered many different 

problems in this project, such as learning how to implement the FFT, solving the 

problem of trading off resolution between the frequency domain and time domain, and 

implementing the interrupt in our code, we eventually found solutions to all of our 

problems.   
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Complete Code Listing 

 

Actual Code 

 
//loop_intr.c loop program using interrupts 
#include "DSK6416_AIC23.h"         //codec support 
#include "dsk6416.h" 
#include "dsk6416_led.h" 
#include "dsk6416_dip.h" 
#include <math.h>  //allows us to use math functions like sin() 
#include <stdio.h>  //allows us to view our outputs 
#include "C:\Documents and Settings\Administrator\Desktop\dft\fft.h" //fft library 
 
Uint32 fs=DSK6416_AIC23_FREQ_8KHZ; //set sampling rate 
#define DSK6416_AIC23_INPUT_MIC 0x0015 
#define DSK6416_AIC23_INPUT_LINE 0x0011 
Uint16 inputsource=DSK6416_AIC23_INPUT_LINE; // select input 
 
#define buffer_size 2048   //size of the array of input 
#define pi 3.14159265 
 
Int16 time = 0;    //will track “time” within the interrupt 
Int16 time2 = 0;    //will track “time” when the interrupt is not running? 
Int16 n, k;    //indices used in for loops 



Int16 sample_data;   //value to hold input signal 
COMPLEX y[buffer_size];  //starts as array to hold input signal, then for FFT 
COMPLEX twiddle[buffer_size];  //used for FFT 
Int16 bufferfull=0;   //interrupt will only add values to array when bufferfull = 0 
float max_value1, max_value2;  //used to find the largest value in sum[] 
Int16 fund_freq = 0;   //index of our found fundamental frequency 
Int16 fund_freq1=0;   //actual fundamental frequency found 
Int16 closest_freq=0;   //used to find closest accepted pitch 
char closest_note[3];   //array used to output text of the closest accepted pitch 
 
float reFFT[buffer_size], imFFT[buffer_size], magFFT[buffer_size] = {0}; //arrays for FFT 
float sum[buffer_size];      //downsampled magFFT for HPS 
 
interrupt void c_int11()         //interrupt service routine 
{ 
 sample_data = input_sample();   //input data 
 if (bufferfull == 0)   //only receive input if program found the frequency 
already 
 { 
  y[time].real = (float)sample_data;  //put input data into array 
  y[time].imag = 0; 
  time++;    //keep track of “time”, or index in array 
 } 
 
 time2 ++;   //time2 will keep iterating even though while loop is not done 
 if (time2 > buffer_size)  //restart time2 if exceeds buffer_size 
  time2 = 0; 
 if(time > buffer_size)  //restart time if exceeds buffer_size, reset bufferfull to 1 
 {    //and wait until while loop iterates once 
  time = 0; 
  bufferfull=1; 
 } 
 
 output_sample((Uint32)(10000 * sin(2 * pi * closest_freq / 8000 * time2))); //output closest 
note 
 return; 
} 
 
void main() 
{ 
  
 DSK6416_LED_init(); 
 DSK6416_DIP_init(); 
   comm_intr();                 //init DSK, codec, McBSP 
 
 while(1) 
    { 
  if (bufferfull == 1) //only start while loop if the array is refreshed with all new values 
  { 
    
   max_value1 = 0;  //used to find the largest value in sum[] 
   max_value2 = 0;  //used to find the largest value in sum[] 
 
   // set up twiddle factors 
   for(k = 0; k < buffer_size; k++)         //set up DFT twiddle factors 
   { 



       twiddle[k].real = cos(pi*k/buffer_size); 
       twiddle[k].imag = -sin(pi*k/buffer_size); 
   } 
 
   // take FFT: input y becomes FFT y 
   fft(y, buffer_size, twiddle); 
    
   // find FFT magnitude 
   for(k = 0; k < buffer_size; k++) 
       { 
    reFFT[k] = y[k].real; 
    imFFT[k] = y[k].imag; 
    magFFT[k] = sqrt(reFFT[k]*reFFT[k] + imFFT[k]*imFFT[k]); 
    if( magFFT[k] > max_value1 && k > 0 ) //find largest peak in plot 
     max_value1 = magFFT[k]; 
   } 
 
   max_value2 = max_value1; //used to find peak of HPS array 
 
   // implement Harmonic Product Spectrum 
   for(k = 0; k < buffer_size / 8; k++) 
   { 

//downsample 3 times by /1, /2, and /3 
    sum[k] = magFFT[k] * magFFT[2*k] * magFFT[3*k]; 
  
    // find fundamental frequency by finding largest peak value 
     if( sum[k] > max_value2 && k > 0 ) 
     { 
      max_value2 = sum[k]; 
      fund_freq = k; 
     } 
   } 
   //convert index of fundamental frequency to actual frequency 
   fund_freq1 = fund_freq * 8000 / buffer_size; 
    
   //Find the closest accepted pitch, ranging from E2 to F5 (guitar probably will not 
play a lower or higher note than this range) 

if(fund_freq1 < 679) 
   { 
    if(fund_freq1 < (659 + 622) / 2) 
    { 
     if(fund_freq1 < (622 + 587) / 2) 
     { 
      if(fund_freq1 < (622 + 587) / 2) 
      { 
       if(fund_freq1 < (587 + 554) / 2) 
       { 
        if(fund_freq1 < (554 + 523) / 2) 
        { 
         if(fund_freq1 < (523 + 494) / 2) 
         { 
          if(fund_freq1 < (494 + 
466) / 2) 
          { 
           if(fund_freq1 < 
(466 + 440) / 2) 



           { 
           
 if(fund_freq1 < (440 + 415) / 2) 
            { 
            
 if(fund_freq1 < (415 + 392) / 2) 
            
 { 
             
 if(fund_freq1 < (392 + 370) / 2) 
             
 { 
             
  if(fund_freq1 < (370 + 349) / 2) 
             
  { 
             
   if(fund_freq1 < (349 + 330) / 2) 
             
   { 
             
    if(fund_freq1 < (330 + 311) / 2) 
             
    { 
             
     if(fund_freq1 < (311 + 294) / 2) 
             
     { 
             
      if(fund_freq1 < (294 + 278) / 2) 
             
      { 
             
       if(fund_freq1 < (278 + 262) / 2) 
             
       { 
             
        if(fund_freq1 < (262 + 247) / 2) 
             
        { 
             
         if(fund_freq1 < (247 + 233) / 2) 
             
         { 
             
          if(fund_freq1 < (233 + 
220) / 2) 
             
          { 
             
           if(fund_freq1 < 
(220 + 208) / 2) 
             
           { 



             
           
 if(fund_freq1 < (208 + 196) / 2) 
             
            { 
             
            
 if(fund_freq1 < (196 + 185) / 2) 
             
            
 { 
             
             
 if(fund_freq1 < (185 + 175) / 2) 
             
             
 { 
             
             
  if(fund_freq1 < (175 + 165) / 2) 
             
             
  { 
             
             
   if(fund_freq1 < (165 + 156) / 2) 
             
             
   { 
             
             
    if(fund_freq1 < (156 + 147) / 2) 
             
             
    { 
             
             
     if(fund_freq1 < (147 + 139) / 2) 
             
             
     { 
             
             
      if(fund_freq1 < (139 + 131) / 2) 
             
             
      { 
             
             
       if(fund_freq1 < (131 + 124) / 2) 
             
             
       { 
             
             
        if(fund_freq1 < (124 + 117) / 2) 



             
             
        { 
             
             
         if(fund_freq1 < (117 + 110) / 2) 
             
             
         { 
             
             
          if(fund_freq1 < (110 + 
104) / 2) 
             
             
          { 
             
             
           if(fund_freq1 < 
(104 + 98) / 2) 
             
             
           { 
             
             
           
 if(fund_freq1 < (98 + 93) / 2) 
             
             
            { 
             
             
            
 if(fund_freq1 < (93 + 87) / 2) 
             
             
            
 { 
             
             
             
 if(fund_freq1 < (87 + 82) / 2) 
             
             
             
 { 
             
             
             
  closest_freq = 82; 
             
             
             
  closest_note[0] = 'E';   
             
             



             
  closest_note[1] = '2'; 
             
             
             
  closest_note[2] = '\0'; 
             
             
             
 } 
             
             
             
 else 
             
             
             
 { 
             
             
             
  closest_freq = 87; 
             
             
             
  closest_note[0] = 'F';   
             
             
             
  closest_note[1] = '2'; 
             
             
             
  closest_note[2] = '\0'; 
             
             
             
 } 
             
             
            
 } 
             
             
            
 else 
             
             
            
 { 
             
             
             
 closest_freq = 93; 
             
             



             
 closest_note[0] = 'F';   
             
             
             
 closest_note[1] = '#'; 
             
             
             
 closest_note[2] = '2'; 
             
             
            
 } 
             
             
            } 
             
             
            else 
             
             
            { 
             
             
            
 closest_freq = 98; 
             
             
            
 closest_note[0] = 'G';   
             
             
            
 closest_note[1] = '2'; 
             
             
            
 closest_note[2] = '\0'; 
             
             
            } 
             
             
           } 
             
             
           else 
             
             
           { 
             
             
           
 closest_freq = 104; 



             
             
           
 closest_note[0] = 'G';   
             
             
           
 closest_note[1] = '#'; 
             
             
           
 closest_note[2] = '2'; 
             
             
           } 
             
             
          } 
             
             
          else 
             
             
          { 
             
             
           closest_freq = 
110; 
             
             
           closest_note[0] 
= 'A';   
             
             
           closest_note[1] 
= '2'; 
             
             
           closest_note[2] 
= '\0'; 
             
             
          } 
             
             
         } 
             
             
         else 
             
             
         { 
             
             
          closest_freq = 117; 



             
             
          closest_note[0] = 'A'; 
  
             
             
          closest_note[1] = '#'; 
             
             
          closest_note[2] = '2'; 
             
             
         } 
             
             
        } 
             
             
        else 
             
             
        { 
             
             
         closest_freq = 124; 
             
             
         closest_note[0] = 'B';   
             
             
         closest_note[1] = '2'; 
             
             
         closest_note[2] = '\0'; 
             
             
        } 
             
             
       } 
             
             
       else 
             
             
       { 
             
             
        closest_freq = 131; 
             
             
        closest_note[0] = 'C';   
             
             
        closest_note[1] = '3'; 



             
             
        closest_note[2] = '\0'; 
             
             
       } 
             
             
      } 
             
             
      else 
             
             
      { 
             
             
       closest_freq = 139; 
             
             
       closest_note[0] = 'C';   
             
             
       closest_note[1] = '#'; 
             
             
       closest_note[2] = '3'; 
             
             
      } 
             
             
     } 
             
             
     else 
             
             
     { 
             
             
      closest_freq = 147; 
             
             
      closest_note[0] = 'D';   
             
             
      closest_note[1] = '3'; 
             
             
      closest_note[2] = '\0'; 
             
             
     } 



             
             
    } 
             
             
    else 
             
             
    { 
             
             
     closest_freq = 156; 
             
             
     closest_note[0] = 'D';   
             
             
     closest_note[1] = '#'; 
             
             
     closest_note[2] = '3'; 
             
             
    } 
             
             
   } 
             
             
   else 
             
             
   { 
             
             
    closest_freq = 165; 
             
             
    closest_note[0] = 'E';   
             
             
    closest_note[1] = '3'; 
             
             
    closest_note[2] = '\0'; 
             
             
   } 
             
             
  } 
             
             
  else 



             
             
  { 
             
             
   closest_freq = 175; 
             
             
   closest_note[0] = 'F';   
             
             
   closest_note[1] = '3'; 
             
             
   closest_note[2] = '\0'; 
             
             
  } 
             
             
 } 
             
             
 else 
             
             
 { 
             
             
  closest_freq = 185; 
             
             
  closest_note[0] = 'F';   
             
             
  closest_note[1] = '#';  
             
             
  closest_note[2] = '3'; 
             
             
 } 
             
            
 } 
             
            
 else 
             
            
 { 
             
             
 closest_freq = 196; 



             
             
 closest_note[0] = 'G';    
             
             
 closest_note[1] = '3'; 
             
             
 closest_note[2] = '\0'; 
             
            
 } 
             
            } 
             
            else 
             
            { 
             
            
 closest_freq = 208; 
             
            
 closest_note[0] = 'G';   
             
            
 closest_note[1] = '#';  
             
            
 closest_note[2] = '3'; 
             
            } 
             
           } 
             
           else 
             
           { 
             
           
 closest_freq = 220; 
             
           
 closest_note[0] = 'A';   
             
           
 closest_note[1] = '3'; 
             
           
 closest_note[2] = '\0'; 
             
           } 
             
          } 
             
          else 



             
          { 
             
           closest_freq = 
233; 
             
           closest_note[0] 
= 'A';   
             
           closest_note[1] 
= '#'; 
             
           closest_note[2] 
= '3'; 
             
          } 
             
         } 
             
         else 
             
         { 
             
          closest_freq = 247; 
             
          closest_note[0] = 'B'; 
  
             
          closest_note[1] = '3'; 
             
          closest_note[2] = '\0'; 
             
         } 
             
        } 
             
        else 
             
        { 
             
         closest_freq = 262; 
             
         closest_note[0] = 'C';   
             
         closest_note[1] = '4'; 
             
         closest_note[2] = '\0'; 
             
        } 
             
       } 
             
       else 
             
       { 



             
        closest_freq = 278; 
             
        closest_note[0] = 'C';   
             
        closest_note[1] = '#'; 
             
        closest_note[2] = '4'; 
             
       } 
             
      } 
             
      else 
             
      { 
             
       closest_freq = 294; 
             
       closest_note[0] = 'D';   
             
       closest_note[1] = '4'; 
             
       closest_note[2] = '\0'; 
             
      } 
             
     } 
             
     else 
             
     { 
             
      closest_freq = 311; 
             
      closest_note[0] = 'D';   
             
      closest_note[1] = '#'; 
             
      closest_note[2] = '4'; 
             
     } 
             
    } 
             
    else 
             
    { 
             
     closest_freq = 330; 
             
     closest_note[0] = 'E';   
             
     closest_note[1] = '4'; 
             
     closest_note[2] = '\0'; 



             
    } 
             
   } 
             
   else 
             
   { 
             
    closest_freq = 349; 
             
    closest_note[0] = 'F';  
             
    closest_note[1] = '4';  
             
    closest_note[2] = '\0'; 
             
   } 
             
  } 
             
  else 
             
  { 
             
   closest_freq = 370; 
             
   closest_note[0] = 'F';  
             
   closest_note[1] = '#';  
             
   closest_note[2] = '4'; 
             
  } 
             
 } 
             
 else 
             
 { 
             
  closest_freq = 392; 
             
  closest_note[0] = 'G';  
             
  closest_note[1] = '4';  
             
  closest_note[2] = '\0'; 
             
 } 
            
 } 
            
 else 
            
 { 



             
 closest_freq = 415; 
             
 closest_note[0] = 'G';  
             
 closest_note[1] = '#';  
             
 closest_note[2] = '4'; 
            
 } 
            } 
            else 
            { 
            
 closest_freq = 440; 
            
 closest_note[0] = 'A';  
            
 closest_note[1] = '4';  
            
 closest_note[2] = '\0'; 
            } 
           } 
           else 
           { 
           
 closest_freq = 466; 
           
 closest_note[0] = 'A';  
           
 closest_note[1] = '#';  
           
 closest_note[2] = '4'; 
           } 
          } 
          else 
          { 
           closest_freq = 
494; 
           closest_note[0] 
= 'B';  
           closest_note[1] 
= '4';  
           closest_note[2] 
= '\0'; 
          } 
         } 
         else 
         { 
          closest_freq = 523; 
          closest_note[0] = 'C'; 
          closest_note[1] = '5';  
          closest_note[2] = '\0'; 
         } 
        } 
        else 



        { 
         closest_freq = 554; 
         closest_note[0] = 'C'; 
         closest_note[1] = '#';  
         closest_note[2] = '5'; 
        } 
       } 
       else 
       { 
        closest_freq = 587; 
        closest_note[0] = 'D'; 
        closest_note[1] = '5';  
        closest_note[2] = '\0'; 
       } 
      } 
      else 
      { 
       closest_freq = 622; 
       closest_note[0] = 'D'; 
       closest_note[1] = '#';  
       closest_note[2] = '5'; 
      } 
     } 
     else 
     { 
      closest_freq = 659; 
      closest_note[0] = 'E'; 
      closest_note[1] = '5';  
      closest_note[2] = '\0'; 
     } 
    } 
    else 
    { 
     closest_freq = 699; 
     closest_note[0] = 'F'; 
     closest_note[1] = '5'; 
     closest_note[2] = '\0'; 
    } 
   } 
  //output index in FFT, frequency of input, closest accepted pitch frequency and note 
   printf( "Fundamental Frequency Index = %d\n", fund_freq); 
   printf( "Fundamental Frequency = %d\n", fund_freq1); 
   printf( "Your note is closest to a frequency of = %d\n", closest_freq); 
   printf( "Your note is = %c", closest_note[0]); 
   printf( "%c", closest_note[1]); 
   printf( "%c\n\n", closest_note[2]); 
 
   //while loop is done 
   bufferfull = 0; 
  } 
 } 
 //while(1); 
} 
  
 

FFT code (fft.h) 



 
//fft.h complex FFT function taken from Rulph's C31 book 
//this file contains definition of complex dat structure also 
 
struct cmpx                       //complex data structure used by FFT 
    { 
    float real; 
    float imag; 
    }; 
typedef struct cmpx COMPLEX; 
 
void fft(COMPLEX *Y, int M, COMPLEX *w)       //input sample array, number of points 
{ 
  COMPLEX temp1,temp2;            //temporary storage variables 
  int i,j,k;                      //loop counter variables 
  int upper_leg, lower_leg;       //index of upper/lower butterfly leg 
  int leg_diff;                   //difference between upper/lower leg 
  int num_stages=0;               //number of FFT stages, or iterations 
  int index, step;                //index and step between twiddle factor 
  i=1;                            //log(base 2) of # of points = # of stages 
  do 
  { 
    num_stages+=1; 
    i=i*2; 
  } while (i!=M); 
 
  leg_diff=M/2;                 //starting difference between upper & lower legs 
  step=2;                     //step between values in twiddle.h               
  for (i=0;i<num_stages;i++)      //for M-point FFT                  
  { 
    index=0; 
    for (j=0;j<leg_diff;j++) 
    { 
      for (upper_leg=j;upper_leg<M;upper_leg+=(2*leg_diff)) 
      { 
        lower_leg=upper_leg+leg_diff; 
        temp1.real=(Y[upper_leg]).real + (Y[lower_leg]).real; 
        temp1.imag=(Y[upper_leg]).imag + (Y[lower_leg]).imag; 
        temp2.real=(Y[upper_leg]).real - (Y[lower_leg]).real; 
        temp2.imag=(Y[upper_leg]).imag - (Y[lower_leg]).imag; 
        (Y[lower_leg]).real=temp2.real*(w[index]).real-temp2.imag*(w[index]).imag; 
        (Y[lower_leg]).imag=temp2.real*(w[index]).imag+temp2.imag*(w[index]).real; 
        (Y[upper_leg]).real=temp1.real; 
        (Y[upper_leg]).imag=temp1.imag; 
      } 
      index+=step; 
    } 
    leg_diff=leg_diff/2; 
    step*=2; 
  } 
  j=0; 
  for (i=1;i<(M-1);i++)           //bit reversal for resequencing data*/ 
  { 
    k=M/2; 
    while (k<=j) 
    { 



      j=j-k; 
      k=k/2; 
    } 
    j=j+k; 
    if (i<j) 
    { 
      temp1.real=(Y[j]).real; 
      temp1.imag=(Y[j]).imag; 
      (Y[j]).real=(Y[i]).real; 
      (Y[j]).imag=(Y[i]).imag; 
      (Y[i]).real=temp1.real; 
      (Y[i]).imag=temp1.imag; 
    } 
  } 
  return; 
}                                 //end of fft() 


