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ABSTRACT

instrument or for the type of instrument in general on a
prior basis.

In this paper, a novel approach to the transcription of
polyphonic signals is investigated. The method makes use
of top-down analysis and bottom-up reconstruction of the
time-frequency contents of the signals. Time-frequency
contents of the signals are obtained using a bank of
narrow band filters with very sharp transition band. The
filters are designed using the Frequency Response
Masking technique. The high selectivity of the filters has
enhanced the top-down analysis and increased the
accuracy of identification over the simple frequency
transform techniques. The method was tested with musical
notes generated from an acoustic piano. Results show that
for single notes and chords up to four notes, perfect
identification can be achieved.

The spectral contents for the analysis are obtained using
FFB. FFB has narrow transition width and flat pass band
response. These characteristics are useful in separating
harmonics with low amplitude and/or close together.
The remaining part of the paper is organized as follows.
In Section 2, the spectral profiles of notes are presented.
This is followed by description of the top-down analysis
and bottom-up reconstruction method in Sections 3 and 4
respectively. The design of the Fast Filter Bank is given
in Section 5 and its merit in the separation of harmonics is
illustrated in Section 6. Results of experiments are
summarized in Section 7 and concluding remarks
presented in Section 8.

1. INTRODUCTION

2. SPECTRAL PROFILES OF NOTES

The transcription of musical notes normally begins with
an analysis of the harmonic contents of the signals.
Discrete Fourier transform and Constant-Q transform
(CQT) [1],[2] are some of the methods used to extract the
spectral contents of musical notes. However, these
methods have some drawbacks. It is at times difficult to
identify spectral components, especially harmonics that
are low in amplitude or close together. This poses
problems for accurate analysis of multiple notes played at
the same time especially notes of very short duration.
In this paper, a new method to enhance the accuracy of
musical notes identification is proposed. The method
makes use of a top-down analysis and bottom up
reconstruction algorithm [3] and time-frequency contents
obtained from Fast Filter Bank (FFB) generated using the
Frequency Response Masking technique [4].
The top down analysis uses a harmonics-tracking
algorithm to identify the set of possible notes that are
played. The bottom up reconstruction algorithm is a
process that combines the spectral contents of the possible
notes identified and compares the reconstructed spectral
profile with the actual spectral contents. The spectral
profiles of the notes may be obtained for a particular

0-7803-7448-7/02/$17.00 ©2002 IEEE

First, the ratios of the amplitudes of the first four
harmonics and the fundamental frequency of all notes of
the musical instrument are determined. Mathematically,
the following ratios are computed.
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where Ai and Aj are the amplitudes of the ith and the jth
harmonics respectively and Ao denotes the amplitude of
the fundamental frequency.
Many samples of the same note are used and the average
ratio for each note is determined. Mathematically,
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where k in the formula denotes the sample number of the
N samples of identical notes used. A database of the
average values of the ratios of all the notes is then created.
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3. TOP DOWN ANALYSIS
For recognition, the signal is first filtered at 10 kHz and
sampled at 22050 samples per second and coded with 8
bits per sample.
The top down analysis consists of a harmonics-tracking
algorithm. The purpose of the analysis is to identify all the
prominent spectral components and hence the possible
notes that may be present. The first peak of the spectrum
is taken as the fundamental of the first note of the chord
and its first four harmonics are tracked.
The note is provisionally accepted as a possible note
based on the relative position of the harmonics and other
possible notes. The next spectral component that has not
been accounted for is then tracked. If the corresponding
set of harmonics can be found, it is again provisionally
accepted as a possible note. If the spectral component
appears at an octave of previous provisional notes, higher
harmonics are then examined to ascertain if a set of
fundamental and harmonics of sufficient amplitude can be
found to justify it as a note at a higher octave of one
provisionally determined.
4. BOTTOM UP RECONSTRUCTION
The bottom up reconstruction is based on a set of the
expected profiles of single notes. The expected profiles of
all the individual notes were obtained based on Equation 2
and stored in a database.
Based on the set of provisional notes obtained from the
top down analysis, the spectrum of the notes is
reconstructed based on the ratios of the expected spectral
profiles of notes from the database. The amplitude of the
lowest note obtained from the top down analysis is used
as the reference level for the first note to be reconstructed.
The amplitudes of the first four harmonics are determined
based on the average ratios of the notes as from the
database. The spectral components of all provisionally
identified notes are regenerated in the same way.

of the individual notes are either added or subtracted to
obtain the various spectral profiles of the combined notes.
The optimum profile is then chosen from all the possible
sets of profile reconstructed.
The set of notes that gives the closest resemblance to the
spectral of the test signal will be taken as the actual notes
that are played.
5. FAST FILTER BANK
The basic way of obtaining the spectrum of a signal is
using FFT. The disadvantages of the sliding FFT as a
filter bank are its poor pass band response and high side
lobes in its stop bands. The peak of the first side-lobe is
about -13dB, regardless of the FFT length. Increasing the
FFT length will result in a narrower main lobe width but
has little effect on the side-lobes magnitudes.
On the other hand, the Fast Filter Bank (FFB) proposed
by YC Lim [5], is able to produce a bank of filters with
very narrow main lobe, good pass-band response and
sharp cutoff by using a high order prototype filter. For a
4096-channel FFB, the bandwidth of the filters is about
5.4 Hz and the first side-lobe is about –60 dB. These
characteristics are useful in separating harmonics with low
amplitude and/or close together.
Another beauty of FFB is that it is able to achieve these
without much increase in computational load. The
computation complexity of the sliding FFT is 1 complex
multiplication per channel per sample while that of a
4096-channel FFB is 1.012 complex multiplications per
channel per sample [6].
The impulse responses of prototype filters of the 4096channel FFB designed for the proposed system are shown
in Table I.

n

The resultant spectrum, which is the sum of the expected
spectral profiles, is compared with the spectrum of the
signal under test. Any provisional note that is wrongly
identified or any note not identified will show up in the
comparison.
At times, two different sets of notes with overlapping
harmonics may be in anti-phase with each other in the
time domain. This results in the subtraction instead of
addition of the harmonics. The bottom up reconstruction
takes that into account. When reconstructing the overall
profile of the chord, the harmonics of the spectral profiles

Table I: Impulse Response of Prototype Filters
h1a(n) h2a(n) h3a(n) h4a(n) h5a(n) h6a(n)

0

1.00000 1.00000 1.00000 1.00000 1.00000 1.00000

1, -1

0.62750 0.62090 0.57380 0.56540 0.50130 0.50030

3, -3 -0.18620 -0.16880 -0.07530 -0.06540
5, -5

0.08780 0.06590

7, -7 -0.04260 -0.02290
9, -9

0.01860 0.00550

11, -11 -0.00670
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n

h7a(n)

h8a(n)

h9a(n)

h10a(n) h11a(n) h12a(n)

0

1.00000 1.00000 1.00000 1.00000 1.00000 1.00000

1, -1

0.50010 0.50000 0.50000 0.50000 0.50000 0.50000

The frequency response of Channel 197 is shown in Fig.
1(a) with an expanded view of the main lobe shown in
Fig.1(b).

3rd harmonic of C4 could not be
resolved using semitone CQT.

Fig.2: The Constant Q Transform of Notes C3, G3, C4 and E4
played simultaneously
Fig.1 (a)

3rd harmonic of C4 and 2nd
harmonic of E4 are separated
Channel 186

Channel 197

Fig.3: Output of the Fast Filter Bank
(b)
Fig.1: Frequency response of Channel 197 of a 4096 channel
FFB (a) showing main lobe and side lobes, (b) expanded view of
the main lobe.

6.SEPARATION OF HARMONICS

From Fig.4, the attack (A), delay (D), sustain (S) and
release (R) (ADSR) profiles of the output signals of
Channels 186 and 197 in the time domain that
characterize musical notes [7] can be identified. This
serves to confirm the presence of the notes.

For multiple notes played at the same time, especially in
cases where the harmonics of notes are close together, the
FFB is very useful in identifying the relevant harmonics.
As an example to illustrate the additional information
provided by FFB, a piano chord that consists of Notes C3,
G3, C4 and E4 is used. The Constant-Q Transform of a
segment of the signal, using a semitone resolution, is
shown in Fig.2.

D
A

S
R

Fig.4(a)

From Fig.2, it is observed that the third harmonic of Note
C4 and the second harmonic of Note E4 have been fused
and could not be resolved. With the application of the
FFB, the two harmonics mentioned can be resolved as
outputs of Channel 186 and Channel 197 as shown in the
spectral domain in Fig.3. Channel 186 is the band
containing the 2nd harmonic of Note E4 and Channel 197
is the band containing the 3rd harmonic of C4.

D
A

S
R

Fig.4(b)
Fig.4: Outputs showing amplitude variation of signal with time.
Fig.4(a) Channel 186, Fig.4(b) Channel 197.
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As a matter of comparison, the output of Channel 194 that
does not contain the fundamental or harmonics of any
musical note is shown in Fig.5. It can be seen that the
amplitude of the output is small and the ADSR profile is
absent.

recognition was achieved for chords with four notes and
below. An overall accuracy of about 98% was achieved.
8. CONCLUSION
A new method of transcribing musical notes is presented.
The method makes use of top down analysis to assess the
possible notes in the musical signal followed by a bottom
up reconstruction algorithm based on the spectral profiles
of the notes identified. The fast filter bank, which has high
selectivity of the frequency bands, is used to extract the
spectral components present in the signal. By analyzing
the output of the filter bank, notes are positively identified
and any false note is weeded out.
Results show that perfect identification can be achieved
for chords with four notes and below. The overall
algorithm is able to separate chords consisting up to 6
notes that were played simultaneously. The application of
Fast Filter Bank has significantly improved the accuracy
of identification especially for chords with multiple notes.

Fig.5: Output of Channel 194

7. RESULTS AND DISCUSSIONS
The proposed system was tested with notes from an
acoustic piano played by professional pianists. A set of
single semi-quaver notes with very short duration of about
0.08s from “Partita V” by J.S. Bach was selected and
tested. An accuracy of 100% was achieved.
For polyphonic signals, multiple notes taken from the
piano pieces “In Church”, "Partita V" and “ Bagattelle In
A Minor ” were used. Notes that were taken form these
pieces of music consist of 2 chords of six notes unison, 2
chords of 5 notes unison, 21 chords of 4 notes unison and
3 chords of 3 notes unison.
The results of the sets musical notes tested, without and
with the use of FFB are shown in Tables II and III
respectively.
Table II: Results of test without FFB
Present Recognized Omission False Notes
6 members chord 12 notes 10 notes
2 notes
NIL
5 members chord 10 notes

7 notes

3 notes

NIL

4 members chord 84 notes
3 members chord 9 notes

81 notes
ALL

3 Notes
NIL

NIL
NIL

Table III: Results of test with FFB
Present Recognized Omission False Notes
6 members chord 12 notes
ALL
NIL
NIL
5 members chord 10 notes

8 notes

2 notes

NIL

4 members chord 84 notes
3 members chord 9 chords

ALL
ALL

NIL
NIL

NIL
NIL
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Results showed that the application of FFB has increased
the recognition accuracy by 5%. With FFB, perfect
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