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Abstract— This paper presents an improvement method of 
the multiple pitch estimation algorithm using comb filters. 
Conventionally the pitch was estimated by using parallel 
-connected comb filters method (PCF). However, PCF has 
problems which often fail in the pitch estimation when there is 
the fundamental frequency of higher tone near harmonics of 
lower tone. Therefore the estimation is assigned to a wrong 
note when shared frequencies happen. This issue often occurs 
in estimating octave 3 or more. Proposed method, for solving 
the problem, estimates the pitch with every harmonic instead of 
every octave. As a result, our method reaches the accuracy of 
more than 80%. 
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fractional delay.  

I. INTRODUCTION

N this paper we propose a new algorithm to estimate pitch for 
automatic music transcription (AMT). The AMT has a long 

history as a research theme going back to the 1970s [9]. In 
recent years Kashino et al. have proposed the OPTIMA 
processing architecture which utilizes auditory scene analysis 
based on a probabilistic model [6]. Goto has proposed PreFEst, 
which estimates relatively dominant fundamental frequencies 
by assuming that all single tones sound simultaneously [7]. 
Kameoka et al. have proposed a method using harmonic 
clustering (HC), which does not use the prior information [3]. 
This method has been expanded into harmonic temporal 
structured clustering (HTC) [4] and Harmonic-Temporal- 
Timbral clustering (HTTC) [5]. Kulapuri have proposed a 
method for sequentially determining the components in a sound 
mixture by repeatedly estimating the predominant fundamental 
frequency and removing its harmonic components [8]. Morita 
et al. have proposed the Parallel-Connected comb filters 
method (PCF) [1][2]. In this method the pitch is estimated by 
comb filters which remove the fundamental frequency and 
harmonics. 

We regard the method of the PCF, because it can estimate 
pitch with lower calculation amount than other methods. 

However the method has the problem that the accuracy is poor 
in octave 3 or more, because in the method comb filters remove 
frequencies with every octave. Proposed method configures 
comb filters which remove frequencies with every harmonic 
instead of every octave. This paper shows the accuracy of the 
pitch estimation is improved, and shows the availability for the 
music transcription. 
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II. CONVENTIONAL METHOD WITH COMB FILTERS

In this section we explain the theory of the pitch estimation 
with comb filters and its problem. 

A. Fractional delay comb filters [10]
This paper uses fractional delay [11] comb filters. Let us 

define octave number and note number as q and p. The comb 
filter Hq,p(z) is written as the following: 
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where D denotes the desired fractional delay, and it is 
represented by using sampling frequency fs and fundamental 
frequency fq,p as equation (3). Fig.1 shows the fractional delay 
comb filter. 
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Fig.1 The fractional delay comb filter 

B. Theory of pitch estimation with comb filter 
Comb filters have zero points nearly regularly in frequency 

domain (Fig.2). 
Note number is estimated by using 12 comb filters H2,1(z) ~ 

H2,12(z).
H2,p(z) removes all harmonic components in octave 2~5. 

Zero output detection, y2.p(n)=0, decides a note number p. And 
then an octave number is estimated by using Hq,p(z) as follows: 
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Fig.2 Comb filter’s amplitude characteristic 

Practically the zero output is estimated by comparison to a 
threshold value as follows: 
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where TH is the threshold value, which is derived empirically. 
The output which falls below TH is considered zero output. 

C. Parallel-connected comb filter method
Procedure based on above theory is described. The process 

has 5steps. The maximum number of concurrent sounds is 
known. If zero output is not obtained the process finishes as 
impossible estimation. Fig.3 shows the flow of the process. 

Step.1  Input signal x(n).
Step.2  Filter x(n) through 12 comb filters and compare all 

output yq,p(n).
Step.3  The first note is set the note number p1 when the 

output becomes smallest. 
Step.4  If the minimum output falls below the threshold 

value TH, go to Step.5. If it does not, go to Step.1. 
Step.5  Extract the targeted single by using comb filters 

 where maximum r is the 

number of concurrent sounds. Octave is estimated 
every note by the equation (6). 
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This process is continued until we can obtain a zero output.

Fig.3 The PCF method algorithm for the pitch estimation 

D. PCF method’s problem  
As previously explained, comb filters have zero points

nearly at regular intervals in frequency domain. Therefore two 
or more different comb filters remove an input undesirably. 
(Fig4-A, 4-B). This often happens in octave 3 or more. 
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Fig.4-A The PCF method achieves the correct estimation 
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Fig4-B The PCF method often fails to estimate 

III. AN ENHANCED PCF METHOD

This section shows an enhanced PCF method (EPCF 
method). Fig.5 shows the flow of the process which has 5steps. 
In this paper the second zero point’s frequency of comb filters 
is defined as fundamental frequency of comb filters. 
Fundamental frequency of the comb filter Hk

q,p(z) is k times
fundamental frequency of Hq,p(z) (k is integer). The output of 
comb filters Hk

q,p(z) is represented as yk
q’,p’(n).

Step.1  Estimate temporary note numbers rppp ~,,~,~
21  by 

the PCF Step.1~4. 
Step.2  Extract the targeted single note 1

~p  by using comb 
filters .)(,),( ~,2~,2 2

zHzH
rpp

Step.3  Eight comb filters  (k=1,…,8) detect zero 
output.

)(1
~,2 zH p

k

Step.4  Select the number k which becomes the maximum in 
zero outputs. Then the first octave number and the 
first note number are fixed at Q1 and P1.

Step.5  The second or more note number and octave number 
are estimated by repeating the same process of the 
EPCF Step.2~4 about the targeted single note 
numbers rpp ~,,~

2 .

The input of octave 6 or more is not target in this algorithm. 
And when k=9 or more comb filters have zero points of 
different position from the frequency of the equal temperament 
scale.
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This process is continued until we can obtain a zero output.
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Fig.5 The enhanced PCF algorithm for the pitch estimation 

IV. SIMULATION

This section compares results of EPCF method to that of the 
PCF method. Fig.6-A and Fig.6-B show the results by the PCF 
method, and Fig.7-A and Fig.7-B show those by EPCF method. 
Fig.6-A and Fig.7-A show the results of the example A 
(TABLE I). Fig.6-B and Fig.7-B show those of the example B 
(TABLE I). Sampling frequency fs is 16(kHz). Order of 
fractional delay comb filters N is 10. Input signals x(n) are 
made on the computer with sin waves and the number of 
concurrent sound is three. M-th order harmonics has 1/M
(M=1,…,10) as much amplitude as the fundamental frequency. 
Length of one sound is 2.0(seconds). Both the window size and 
the window shift size are 0.128(seconds). The window function 
is the rectangular window. TABLE II shows the accuracy of the 
estimation as follows: 

points)  plotted  (all
points)  plotted(correctaccuracy estimation  the  (9) 

TABLE I 
Description of the input signal x(n)

Example octave number Triadic input signal x(n)

octave2 C+E+G D+F+A D+E+B
Example A 

octave3 C+A+B D+E+F D+F+A

octave4 C+E+G C+D+F C+D+B
Example B 

octave5 D+E+B D+F+A C+D+A

Square plotted points show the correct results. Black circular 
plotted points show the results of the simulation (Fig.6, Fig.7). 

Fig.6-A The result of the pitch estimation by the PCF method 

Fig.6-B The result of the pitch estimation by the PCF method 

Fig.7-A The result of the pitch estimation by the EPCF method
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Fig.7-B The result of the pitch estimation by the EPCF method

TABLE II
The accuracy of each method

PCF EPCF

Example A 82% 92%

Example B 49% 84%

V. CONCLUSIONS

In this paper we have described how to improve a method 
called PCF which estimates multiple pitch with comb filters. 
We have shown the simulation results with the enhanced 
parallel-connected comb filter method for multiple pitch 
estimation. The proposed method has been able to improve the 
accuracy more than the conventional method. Future tasks are 
further improvements of the accuracy and are to make the 
system which estimates the pitch of real music. Nonetheless, 
our method will expand possibilities for music transcription 
with comb filters. 
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