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Abstract

We propose an objective measurement method for pitch extrac-
tors’ responses to frequency-modulated signals. It enables us
to evaluate different pitch extractors with unified criteria. The
method uses extended time-stretched pulses combined by bi-
nary orthogonal sequences. It provides simultaneous measure-
ment results consisting of the linear and the non-linear time-
invariant responses and random and time-varying responses.
We tested representative pitch extractors using fundamental fre-
quencies spanning 80 Hz to 800 Hz with 1/48 octave steps
and produced more than 2000 modulation frequency response
plots. We found that making scientific visualization by ani-
mating these plots enables us to understand different pitch ex-
tractors’ behavior at once. Such efficient and effortless inspec-
tion is impossible by inspecting all individual plots. The pro-
posed measurement method with visualization leads to further
improvement of the performance of one of the extractors men-
tioned above. In other words, our procedure turns the specific
pitch extractor into the best reliable measuring equipment that
is crucial for scientific research. We open-sourced MATLAB
codes of the proposed objective measurement method and visu-
alization procedure.
Index Terms: Voice chain, fundamental frequency, frequency
modulation, time-stretched pulse, linear time invariant system

1. Introduction
Scientific investigations need reliable and accurate measuring
equipment. A pitch extractor serves as critical equipment for
investigating voice fundamental frequency. We introduce a
method to objectively measure pitch extractors’ performance
regarding the frequency transfer function, total distortions, and
signal-to-noise ratio. We implemented the method using MAT-
LAB and open-sourced. We measured representative pitch ex-
tractors and reported raw data, scientific visualization movies
and characterized pitch extractors on several performance maps.
These measurement and visualization led us to make one of the
pitch extractors a promising tool for voice scientific research.

The contributions of this article are as follows. We intro-
duced a new objective measurement method of pitch extrac-
tors which provides useful supplemental information to existing
evaluation measures. We applied this method on existing pitch
extractors and tuned NINJAL extractor [1, 2] a reliable and ac-
curate measuring equipment for speech science research.

2. Backgound
Revisiting a research topic a quarter-century ago motivated this
research. The first author introduced an altered auditory feed-

back technique1 and reported that our voice fundamental fre-
quency (fo)2 responds to feedback pitch modification [4]. De-
spite decades of research, altered feedback still is a hot topic for
investigating speech chain and underlying neural basis [5–9].
Those research focused on voluntary responses represented by
the pitch shift paradigm and adaptation paradigm [10, 11].3

Introduction of CAPRICEP-based method [14] and voice
pitch response to auditory stimulation, which is not an altered
feedback voice, opened a new possibility for investigating less
studied involuntary response [12, 13]. The experiment requires
the measurement of fo of periodic sounds without introducing
nonlinearities and glitches for measuring voice response to au-
ditory stimulation. This requirement led us to propose an ob-
jective response measurement method4 of pitch extractors’ re-
sponse to frequency-modulated tones5. We assigned the mod-
ulation signal as input and the extracted pitch of the produced
voice as output and fed them to the proposed response analysis
method. We found that this assignment enables us to acquire
pitch extractors’ behavior objectively and in detail.

3. Principles of operation
Pitch extraction has long research history [16–22] and still is
a hot topic in speech processing [23–25]. We propose to apply
the CAPRICEP-based method [14] that is adopted to investigate
voice pitch response to auditory stimulation [12,13] to measure
the responses of pitch extractors.

Figure 1 shows the scheme of the proposed method.
The combination of elements Base signal generator, Re-
sponse analyser, and CAPRICEP-set and orthogonal
matrix is the CAPRICEP-based method [14]. We used a Gaus-
sian smoother6 for LPF and fed the output to VFO (Vari-

1We use the term “altered auditory feedback” here because it is com-
mon practice now. We used the term “transformed auditory feedback”
to represent our paradigm.

2We use fo (pronunciation “ef oh”) representing the fundamental
frequency [3] instead of using conventional symbols such as F0.

3For detailed historical background and discussions on altered feed-
back research and relation to CAPRICEP-based method, refer [12, 13].

4The proposed experimental procedure uses a new system response
analysis method (CAPRICEP-based method afterward. It stands for
Cascaded All-Pass filters with RandomIzed CEnter frequencies and
Phase polarity [14]). The CAPRICEP-based method simultaneously
measures the linear time-invariant (LTI) response, the non-linear time-
invariant (non-LTI) response, and random and time-varying responses.

5Strictly, using “pitch” to represent fo [15] is misleading. What we
perceive is “pitch,” a psychological attribute, which highly correlates
with fo. However, we do not distinguish the use of pitch and fo in this
article unless it introduces confusion.

6We used a sidelobe-less Gaussian window by setting the endpoint
level to the machine epsilon.
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Figure 1: Measurement Scheme of the proposed method. (VFO:
Variable Frequency Oscillator with harmonic components. The
fundamental carrier frequency is the average fo.)

Figure 2: Schematic diagram of the response analyzer of Fig. 1.

able Frequency Oscillator) to modulate fo of the test signals.
We normalize the pitch extractor’s responses (Target system
measurement) by the test system response (Test system
calibration) to get the Target response. The pitch extrac-
tor’s response should only consist of the LTI response and not
introduce the non-LTI or random and time-varying responses7.

3.1. Implementation
Figure 2 shows a schemetic diagram of the response analyzer of
Fig. 1. The test signal is a mixture of three sequences. Convolu-
tion with three unit-CAPRICEP signals with time reversal (“A”,
“B”, and “C” in Fig. 2) separates the test signal into three se-
quences. The following orthogonalization procedure removes
cross-correlation between sequences. The LTI-response is the
average of all element responses because the impulse response
is identical irrespective of the test signals. The difference be-
tween impulse responses obtained in each sequence provides
sample variance representing random responses. The difference
between impulse responses obtained in different test sequences
provides sample variance representing non-linear time-invariant
response. Please refer to details for [13]8.

We refined the implementation of algorithms described
in [13] by taking advantage of the signal periodicity using FFT
to calculate discrete Fourier transform. Figure 2 shows that the
test signal is a periodic signal with the length of the period 4Nu,
where Nu is the allocation interval of each unit-CAPRICEP. We
made periodic signals x̃k[n] and ỹk[n] (where, k ∈ {1, 2, 3},
and n = 0, . . . , 4Nu − 1 represents the discrete time) from
the separated test signals xk[n + n0] and the measured signals
yk[n+ n0] using the following equation.

x̃k[n] =w[n]xk[n+ n0]

+ w[4Nu − 1− n]xk[n+ 4Nu + n0] (1)

ỹk[n] =w[n]yk[n+ n0]

+ w[4Nu − 1− n]yk[n+ 4Nu + n0], (2)

where w[n] represents a weighting function that satisfies w[n]+
w[4Nu − 1 − n] = 1, and n0 represents the initial position of

7Strictly, this procedure introduces the non-LTI response. It is be-
cause FM is a non-linear operation, and its sideband is not bandlimited.

8We derived four times longer impulse response than each repetition
length by using 1/4, 1/4, and 1/2 weight for the first, second, and third
sequences and added. We used simplified description in the body text
and, Fig. 2 for the actual calculation is too intricate.

the selected signal segment9.

3.2. Interface function for pitch extractors
We prepared an interface function for each pitch extractor and
called it from the response analyzer. This interface makes it
easy to test different pitch extractors.

4. Measurement of pitch extractors
We used MATLAB to implement the response analyzer and in-
terface functions. We tested representative pitch extractors to
illustrate the proposed objective measurement method.

4.1. Tested extractors
The tested pitch extractors are listed below with abbreviations
for representing them in plots. Some extractors’ test results are
in supplement materials due to the limited available space.

MATLAB function (LHS,CEP,SRH,NCF,PEF,CREPE)
Scientific computing environment MATLAB has builtin
functions for pitch extraction. They consists of clas-
sical methods (“CEP” cepstrum-based method [17],
“NCF” LPC-based method [18], and “LHS” harmonic
summation-based method [26]), and recent methods
(“PEF” [27] and “SRH” summation of residual harmon-
ics [22]). In addition to these “Deep Leaning Toolbox”
has a deep learning-based method “CREPE” [25].

YIN YIN is an absolute difference-based method [20]10.
SWIPEP SWIPEP uses a harmonic model-based approach. It

estimates the fundamental frequency of the best match-
ing sawtooth signal [28].

RAPT (VOICEBOX) RAPT uses a two-stage
autocorrelation-based method followed by post
processing [29] for robust processing. We used
implementation in voicebox [30].

REAPER REAPER simultaneously estimate GCI (Glottal
Closure Instant), V/UV (voiced or unvoiced), and pitch.
We used the open-source implementation [31].

Praat Praat is a popular tool for doing phonetics using com-
puters [32]. We used recommended procedure “Sound:
To Pitch...” which uses the autocorrelation-based method
[33] with the default setting.

openSMILE openSMILE is widely applied in automatic emo-
tion recognition for affective computing [34]. It has two
configuration files for pitch analysis, “prosodyShs.conf”
which uses the Sub-Harmonic-Sampling (SHS) method,
and “prosodyAcf.conf” which uses an autocorrelation
and cepstrum-based method (ACF).

STRAIGHT (NDF, XSX) Two VOCODER pack-
ages, legacy-STRAIGHT [19] and TANDEM-
STRAIGHT [35] use fo adaptive spectral envelope
recovery. Their fo adaptive procedure led to devel-
opment and refinement of dedicated pitch extractors,
NDF [21] for legacy-STRAIGHT, and XSX [36] for
TANDEM-STRAIGHT.

WORLD (Harvest) A high-quality VOCODER WORLD
[37] also use fo adaptive spectral envelope recovery. The
latest pitch extractor for WORLD is Harvest [24].

9We used the integrated and normalized rectangular windowing
function to remove level discontinuity of the truncated observation
noise. This weighting needs 1.76 dB compensation of the calculated
sample variance. Integrated and normalized half-wave rectified cosine
windowing function assures continuity up to the first-order derivative
with 1.25 dB compensation.

10The original YIN is compatible with the latest MATLAB version
(R2022a) on Windows11. However, only one specific calling sequence
of YIN (r = yin(x,p)) worked adequately on macOS.
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Figure 3: Upper plot: An example absolute value of unit-
CAPRICEP. The vertical lines represent the allocation interval.
Lower plot: frequency modulation signal (blue line) and the ex-
tracted pitch by NCF (red line).

NINJAL This pitch extractor [1, 2] is a refined version of its
predecessor [38]. They use a log-linear filter-bank and
their instantaneous frequency and residual levels of out-
puts. We set the smoothing length parameter to 10 ms
(named NINJALX2) and 40 ms (named NINJAL: de-
fault). The setting of NINJALX2 is the result of fine-
tuning enabled by the proposed objective measurement.

4.2. Test signal generation and pitch extraction

We generated test signals using a 44100 Hz sampling rate. For
pitch extractors implemented using MATLAB, we fed the test
signal directly. We used a WAVE format file with 24 bit quan-
tization for feeding the test signal to other pitch extractors. The
length of the signals is 20 s. We set the fundamental frequencies
of the test signals from 80 Hz to 800 Hz with 1/48 octave step.
We generated 1000 unit-CAPRICEP signals and selected a set
consisting of 10 signals having minimum cross-correlation.

The upper plot of Fig. 3 shows an example of the absolute
amplitude and allocation interval. We selected three elements
from the set of unit-CAPRICEP and allocated them 36 times
with an overlap-and-add procedure changing polarity as shown
in Fig. 2.

We convolved the signal with a Gaussian shape and used
it for modulating fo of multiple harmonic signals11. Then we
applied a spectral shaper simulating a Japanese vowel /a/. The
lower plot of Fig. 3 shows an example of the generated modu-
lation signal and example output of a pitch extractor NCF. Note
that the estimated pitch contour shows a quantization effect due
to the sampling interval of discrete-time signals.

4.3. Analysis example

We selected consecutive segments consisting of practically pe-
riodic signals. First, we recovered the pulse by convolving
time-reversed versions of each unit-CAPRICEP. Then, we cal-
culated the standard deviation of the difference of consecutive
segments. The length of each segment is 4Nu, the fundamental
period of the modulation signal.

Figure 4 shows the standard deviations of differences be-
tween consecutive segments. We set a -150 dB threshold level
for selecting practically periodic pairs and selected six pairs.
Then, we made six periodic segments from the reference and
the measured segments using Eq. 1 and Eq. 2.

We applied the procedure in Fig. 2 and got 72 (3×4×6) im-
pulse responses (length: Nu). We used them to get six extended

11We applied modulation in the logarithmic frequency domain (mu-
sial cent) regarding fo dynamics [39].

Figure 4: Standard deviation of the difference between consec-
utive segments.

Figure 5: Upper plot: Applied modulation (blue line) and the
impulse response (red line) of the NCF pitch extractor. Bottom
plot: Frequency characteristics of the LTI response (blue line),
non-linear TI response (yellow line), and time-varying random
response (red line). The vertical line represents the bandwidth
(bw), and the horizontal line represents the total distortion (TD:
average power of the random and non-LTI responses below bw.)

impulse responses (length: 4Nu), average extended impulse re-
sponse, and random and nonlinear responses. The upper plot of
Fig. 5 shows examples of individual extended impulse response
and the corresponding impulsive modulation. The lower plot of
Fig. 5 shows the frequency characteristics of the responses.

4.4. Response of representative extractors
This section shows the frequency response of representative
pitch extractors. We placed the other extractors’ responses in
supplemental materials.

Figure 6 shows responses of popular pitch extractors. SHS
configuration of openSMILE provided better performance than
ACF configuration. Its default frame interval (10 ms) is the
main cause of the narrow bandwidth. Praat has wider bandwidth
and relatively good total distortion. REAPER has a significantly
wide bandwidth. However, the total distortion is poor. This
distortion is mainly because of the frequency quantization due
to the sampling interval of the signal.

Pitch extractors in Fig. 7 show better performance both
in the bandwidth and the total distortion than other extractors
tested. The significantly lower random response in NINJALX2
is due to its output rate (44100/6 Hz this case12). The relatively
narrow bandwidth of Harvest is the result of tuning to avoid
perceptually annoying pitch errors.

4.5. Visualization and performance map
The tests produced more than 2000 plots. It was challenging to
understand their behavior by inspecting all plots. Instead, we
compiled a movie of about 5 seconds, placing 16 plots having
the same fundamental frequency in each movie frame. Figure 8
shows a snapshot. We found that movie visualization makes it
easy to characterize the behavior of each extractor as a whole.

12It can operate at 44100 Hz. The default setting introduces auto-
matic downsampling for reducing the processing time.
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Figure 6: Frequency responses of pitch extractors (1).

Figure 7: Frequency responses of pitch extractors (2).

Please check the media file in the supplement.
These visualizations suggested an improvement of our re-

cent extractor, NINJAL. We found the smoothing time of the
original NINJAL is excessive by inspecting the movie and plots.
Figure 9 shows scatter plots of the extractors on the bandwidth-

SNR plane for 240 Hz in the left plot. We noticed that gains of
some pitch extractors are not smooth and change depending on
both the modulation frequency and the fundamental frequency.
These changes are not desirable for measuring equipment. The
right plot shows the scatter plot of these changes. The extractors
in the bottom left are the better ones. The movie and these plots
indicate that the revised version of NINJAL (NINJALX2) best
fits scientific research for voice fundamental frequencies.

5. Conclusion
We proposed an objective and informative measurement method
of pitch extractors’ response to frequency-modulated tones. It
uses a measurement procedure based on a new member of time-

Figure 8: Snapshot of a movie frame scanning pitch from 80 Hz
to 800 Hz in 5 seconds with a 1/48 octave step.

Figure 9: Scatter plot of bandwidth and SNR (LTI power to TD
ratio, defined below bw) of each pitch extractor (left plot) and
standar deviations (SDs) of gain differences on the modulation
frequency and on the fundamental frequency (right plot). Green
and purple circles indicate before and after tuning, NINJAL,
and NINJALX2, respectively.

stretched pulses and simultaneously yields the modulation fre-
quency response and the total distortion. We applied various
pitch extractors and placed them on the bandwidth-SNR plane.
We also applied the proposed method to tune one of the extrac-
tors to make it best fit scientific research of voice fundamental
frequencies. We placed the code and the data on our GitHub
repository [40] and made it open-sourced. It consists of ex-
ample MATLAB functions for applying this method to openS-
MILE, Praat, and other pitch extractors. The motivation of this
research was particular. However, the outcome is a general-
purpose tool applicable to the more comprehensive range of
tuning tasks of pitch extractors, for example, noise tolerance,
reverberation tolerance, and tolerance to recording conditions.
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[34] F. Eyben, M. Wöllmer, and B. Schuller, “openSMILE – the Mu-
nich versatile and fast open-source audio feature extractor,” in
Proc. 18th ACM Multimedia, 2010, pp. 1459–1462.

[35] H. Kawahara, M. Morise, T. Takahashi, R. Nisimura, T. Irino,
and H. Banno, “Tandem-STRAIGHT: a temporally stable power
spectral representation for periodic signals and applications to
interference-free spectrum, F0, and aperiodicity estimation,” in
Proc. ICASSP, 2008, pp. 3933–3936.

[36] H. Kawahara, M. Morise, T. Takahashi, R. Nisimura, H. Banno,
and T. Irino, “A unified approach for F0 extraction and aperiodic-
ity estimation based on a temporally stable power spectral repre-
sentation,” in Proc. ISCA ITRW on Speech Analysis and Process-
ing for Knowledge Discovery, 2008, p. paper 043.

[37] M. Morise, F. Yokomori, and K. Ozawa, “WORLD: A vocoder-
based high-quality speech synthesis system for real-time applica-
tions,” IEICE Trans. Information and Systems, vol. 99, no. 7, pp.
1877–1884, 2016.

[38] H. Kawahara, Y. Agiomyrgiannakis, and H. Zen, “Using
instantaneous frequency and aperiodicity detection to estimate
F0 for high-quality speech synthesis,” in 9th ISCA Speech
Synthesis Workshop, 2016, pp. 221–228. [Online]. Available:
http://dx.doi.org/10.21437/SSW.2016-36

[39] H. Fujisaki, “Analysis of voice fundamental frequency contours
for decorative sentence of Japanese,” J. Acoust, Soc. Jpn. (E),
vol. 5, no. 4, pp. 133–142, 1984.

[40] H. Kawahara. GitHub repository for speech and hearing
research/education tools. (retrieved 21 March 2022). [Online].
Available: https://github.com/HidekiKawahara

663


