Piano notes recognition research
Maxim Vedenyov, vedenev@ngs.ru ,  http://simulations.narod.ru/ 
1. Piano notes spectrum analysis:
Here is colormap for notes spectrums in range range:

A2   G6#

(or note numbers: -24  35)
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60 notes

see http://en.wikipedia.org/wiki/Harmonic   about harmonics 

relation of fundamental frequency and note number:

[image: image2.png]f =440 - 212




so for note A4 [image: image4.png]


 fundamental frequency is 440 Hz:
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Features of spectrums  found:

- about 9 harmonics can be seen

- low frequency notes have more harmoncs

- lower then [image: image7.png]


 (F2) notes have small fundamental frequency amplitude, smaller then more higher harmonics. This called missing fundamental:
http://en.wikipedia.org/wiki/Missing_fundamental
- higher notes have nose of hit of the keys: it can be seen as nose below fundamental frequency.
- dynamics of harmonics: then higher harmonics then faster it decay. Initial amplitudes of harmonics  then higher harmonics then low initial amplitude. But sometimes initial amplitude of fundamental tone is lower then first harmonic. If see at model formula:
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 is signal in time. [image: image12.png]f, = 440 - 212



 - fundamental frequency. Exponents because harmonic decay.
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 is fundamental frequency
So usually:
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but some times [image: image18.png]Ay < Ay




2. detection with features vectors 
It this method of detection notes using fft (Fast Fourier Transform) and features vectors. Absolute value of result of fft is spectrum. 
Note: to get correct spectrum we need to do it in follow way:

let [image: image20.png]


 is 44100 Hz signal of 4096 elements, [image: image22.png]1...4096





the length of the signal is [image: image24.png]4096
44100

=0.0929s ~ 0.1s




let make fft and get vector [image: image26.png]fi



 of 4096 elements

fft is work over complex numbers so even if we put real numbers signal then result will be complex number any way.
then we need to get absolute value:
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only first half of vector [image: image29.png]


 is the spectrum so we need only [image: image31.png]1..2048




 here. Rest is aliasing:

http://en.wikipedia.org/wiki/Aliasing
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 is refer to maximal possible frequency [image: image35.png]44100
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So we have task: from given signal find most loud 4 notes. We have spectrums of noties:
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where [image: image38.png]... 60




 note number , [image: image40.png]1..2048




 frequency vector.

It is played separately 60 notes  A2   G6# (or note numbers: -24  35)

let imagine this spectrums as vectors in 2048d space. Actually we can cut spectrum to 327 index (3.5 kHz) because higher frequencies not used. So we have 327d space and 60 vectors in it 
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Also we have [image: image43.png]0.0929s



 input signal [image: image45.png]
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 that have spectrum [image: image49.png]
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. We know that [image: image53.png]


 is sum of several notes. Then [image: image55.png]


 approximately can be considered as sum of spectrums of this notes. Here the word "approximately" because spectrums change in time and one notes always have a little different structure with each push of the case, because we work with naturally generated signal. 
Then cut [image: image57.png]


 to use only essential part of spectrum ([image: image59.png]1..327




)

We can make scalar products of this vectors. Say
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(here considered that vectors already normalized: [image: image63.png]L
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so scalar product can be used in detection. 

First idea was just use scalar product with each notes, then maximums is notes in the signal:
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...

But such detection was almost no detection. So improvement was thought out:

let use vectors [image: image68.png]


 (features vectors) instead of [image: image70.png]


 vectors here. [image: image72.png]


 is component of [image: image74.png]


 that most different from rest [image: image76.png]
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 . So  [image: image80.png]


 is perpendicular to [image: image82.png]


 . Then we can decompose it in to [image: image84.png]


 and [image: image86.png]


   :
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and [image: image89.png]


 perpendicular to each  [image: image91.png]
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let find [image: image96.png]
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It is  a system of linear equations for [image: image101.png]
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then [image: image104.png]


 can be find. 
then [image: image106.png]


 can be find:
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Repeat this way for each [image: image109.png]


 we can find all [image: image111.png]


. Normalize:
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 here is colormap for [image: image114.png]


:
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result of test of the metod:

1 note: 93% of right answers
2 note simultaneously : 61% of right answers

3 note simultaneously : 31% of right answers

4 note simultaneously : 13% of right answers

"right answers" means all notes detected correctly. If at least 1 note detected not correctly then it is not right answer.

the problems of not 100% is

- some combinations of notes can give spectrum very similar to some other note spectrum
- note signal a little change: first push key gives one signal, then push the same key we will have another signal

- signal change with time: If we start detect at shifted time then spectrum will change, for example more higher harmonics already decayed. 

