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On the Estimation of Fundamental Frequency From
Nonstationary Noisy Speech Signals Based on the

Hilbert–Huang Transform
L. Zão , Member, IEEE, and R. Coelho , Senior Member, IEEE

Abstract—This letter introduces a method based on the Hilbert–
Huang transform (HHT) to estimate the fundamental frequency
of nonstationary noisy speech signals. For this purpose, the target
signals are analyzed by means of the ensemble empirical mode de-
composition and the Hilbert transform. The main contribution of
the proposed solution, namely HHT-Amp, relies on the extraction
of pitch information from the instantaneous amplitude of the first
decomposition modes. The HHT-Amp and four competitive algo-
rithms are evaluated considering speech signals corrupted by five
acoustic noises with different nonstationarity degrees. The HHT-
Amp achieves the lowest gross error rate and mean absolute error
for the most severe noisy conditions. This demonstrates that the
proposed approach outperforms the baseline methods in estimat-
ing the fundamental frequency of noisy speech.

Index Terms—Fundamental frequency estimation, Hilbert–
Huang transform (HHT), nonstationary acoustic noises.

I. INTRODUCTION

THE estimation of the speech fundamental frequency is a
major issue for many speech processing applications, such

as speech coding, speech synthesis, voice disorders detection,
and speaker recognition. In a voiced speech segment, the fun-
damental frequency (F0) consists on the rate of vibration of the
vocal folds, which corresponds to the inverse of the pitch period
(T0). In the literature, different approaches have been proposed
for F0 detection. The YIN [1] and other methods based on the
autocorrelation [2] and crosscorrelation [3] have been presented
in the time domain, whereas the subharmonic-to-harmonic ra-
tio (SHR) [4] and sawtooth waveform inspired pitch estimator
(SWIPE) [5] are examples of spectral approaches. However, the
accurate estimation of F0 in noisy conditions, particularly in
low signal-to-noise ratio (SNR), is still a challenging topic [6].

In the last decade, the adaptive processing of empirical mode
decomposition (EMD) [7] solution and variants [8], [9] have
been extensively applied for speech signal analysis [10]–[14].
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This decomposition entails a series of intrinsic mode functions
(IMF) which are completely based on the local properties of
the analyzed signal. Additionally, EMD is generally combined
with the Hilbert transform to analyze a wide range of nonlinear
and nonstationary signals. The Hilbert–Huang transform (HHT)
leads to the instantaneous frequencies and amplitudes of the
IMFs as functions of time.

This letter proposes a F0 estimation approach for speech
signals corrupted by nonstationary acoustic noises based on
the HHT. Different from other EMD-based techniques [10],
[12], the F0 values are not obtained from the instantaneous
frequencies of the IMFs. Instead, the F0 information is extracted
from the instantaneous amplitude functions. The ensemble EMD
(EEMD) [8] is here adopted to decompose the voiced segments
of the speech signals. It is demonstrated that the F0 values may
be estimated even when the signals are severely corrupted by
different acoustic noises.

Several experiments are conducted to prove the effectiveness
of the proposed HHT-Amp solution in estimating the speech
F0 . For this purpose, the speech signals collected from the Cen-
tre for Speech Technology Research (CSTR) database [15] are
corrupted by noises collected from five real acoustic sources
considering three SNR values: 0 dB, 5 dB, and 10 dB. The in-
dex of nonstationarity (INS) [16] analysis of the noisy signals
is also included in this work. The autocorrelation [2], YIN [1],
SWIPE [5], and the EMD-based F0 estimator introduced in [12]
are used as competitive methods. The results demonstrate that
the proposed approach achieves the lowest values in terms of
gross error (GE) rate and mean absolute error (MAE) for most
of the noisy conditions.

II. PROPOSED HHT-AMP F0 ESTIMATION METHOD

Considering a speech signal x(t), the proposed HHT-Amp
solution is performed in three main steps. First, the HHT is
applied to x(t) in order to obtain a series of instantaneous am-
plitude functions. The second step consists on the computation
of the autocorrelation function (ACF) from the amplitude sig-
nals. The lags where the ACF peaks occur are used to define
a set of speech pitch period candidates, one per decomposition
mode. Finally, a decision criteria is adopted to select which
candidate better represents the pitch period T̂0 . The estimated
fundamental frequency is given by F̂0 = 1/T̂0 .
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Fig. 1. Left column: (a) samples of a clean speech segment with 150 ms
duration, (b) IMF 1, and (c) IMF 2 obtained with EEMD. Right column: the
corresponding frequency responses obtained after the Fourier transform.

A. Application of the HHT (Step 1)

In this letter, the EEMD is selected to decompose the target
signal x(t) =

∑K
k=1 IMFk (t) + r(t), where r(t) is the residual.

The EEMD algorithm states that the first IMFs are mainly com-
posed of the fastest oscillations, i.e., highest frequencies, of the
analyzed signal. However, they also present some nonnegligible
low-frequency content of the input target signal [17]. This fact is
illustrated in Fig. 1, where the left column depicts the samples
of a clean speech segment with duration of 150 ms, and also
the two first IMFs obtained with the EEMD. The sampling rate
is 8 kHz. The speech segment and the two IMFs are Fourier
transformed and the amplitude results are plotted in the right
column of Fig. 1. Note from Fig. 1(a) that, for the time region
around 80 ms, the pitch period can be manually labeled as T0
≈ 6.7 ms. The fundamental frequency F0 = 1/T0 ≈ 149 Hz ap-
proximately corresponds to the location of the first peak in the
Fourier amplitude. As in Fig. 1(a), the T0 value is detectable as
the time interval between consecutive local minima of the two
first IMFs, as highlighted in Fig. 1(b) and (c). It means that the
speech pitch period can also be estimated from the periodicity
of the decomposition modes.

After the decomposition, the Hilbert transform is then used
to obtain a set of analytic signals Zk (t), k = 1, . . . ,K, as

Zk (t) = IMFk (t) + j H{IMFk (t)}, (1)

where H{IMFk (t)} refers to the Hilbert transform of IMFk (t).
The instantaneous amplitude ak (t) and the instantaneous fre-
quency ωk (t) of IMFk (t) are directly derived from the polar
representation Zk (t) = ak (t) exp

{
j
∫

ωk (t)dt
}

.
The left column of Fig. 2 depicts the instantaneous amplitude

functions of the two IMFs presented in Fig. 1(b) and (c). Note
that ak (t) is a slowly varying signal when compared to IMFk (t),
since it corresponds to the amplitude modulation (AM) part of
the IMF. It must be also observed from Fig. 2 that the ak (t)
signals contain quasi-periodic segments in time interval 20 ≤
t ≤ 120, in ms, with the same fundamental period T0 as in
the original speech segment. It means that the instantaneous

Fig. 2. Left column: instantaneous amplitude of (a) IMF 1 and (b) IMF 2,
obtained from a clean speech signal. Right column: ACF computed from the
instantaneous amplitude.

amplitudes enable the estimation of the fundamental frequency
of x(t). This is the opposite behavior when compared to the
Fourier analysis, illustrated in the right column of Fig. 1, where
the F0 value cannot be easily computed from the IMFs frequency
responses.

The extraction of speech F0 from the instantaneous amplitude
functions is one of the main contributions of this letter. In the
literature, EMD-based F0 estimators [10], [12] generally obtain
the fundamental frequency from the instantaneous frequency
functions ωk (t). In this proposal, however, the F0 is estimated
directly from the amplitude signals ak (t). The main motivation
is the quasi-periodicity obtained from voiced segments (refer to
Fig. 2) of the analyzed signal.

B. Computation of the ACF (Step 2)

In the second step of the proposed HHT-Amp method, the
autocorrelation is used to estimate the pitch period from the in-
stantaneous amplitude functions. This is motivated by the ACF
plots depicted in the right column of Fig. 2. In this example, the
ACF curves are obtained considering all the samples from the
amplitude signals ak (t), k = 1, 2 presented in the left column.
The ACF curves show the first peak at lag τ = 54, which corre-
sponds to the estimated pitch period T̂0 = 54/8000 = 6.8 ms,
and the fundamental frequency F̂0 = 148 Hz. This demonstrates
that the ACF of ak (t) is able to provide information about the
fundamental frequency of the target speech signal x(t).

Considering the problem of estimating the fundamental
frequency of x(t) at each time instant in the set S =
{t1 , t2 , . . . , tQ}, consider

rtq ,k (τ) =
tq +W/2−τ∑

t=tq −W/2
ak (t) ak (t + τ) (2)

the ACF computed from a frame of ak (t) with W samples
centered at time instant tq , 1 ≤ q ≤ Q. For each mode index k,
let τ0 correspond to the lowest value of τ where an ACF peak is
located, restricted to the interval τmin ≤ τ0 ≤ τmax. The choices
of τmin and τmax define the range [Fmin, Fmax] of possible values
of F̂0 . If τ0 exists, the pitch candidate Ptq

(k) is then given as
τ0/fs , where fs refers to the sampling rate. Thus, up to K pitch
candidates are found for each time instant.

Fig. 3 shows the instantaneous amplitude functions and the
corresponding ACF from a noisy speech segment with duration
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Fig. 3. Left column: instantaneous amplitude of (a) IMF 1 and (b) IMF 2,
obtained from a speech signal corrupted with Babble noise. Right column: ACF
computed from the instantaneous amplitude.

of 150 ms. In this example, the signal depicted in Fig. 1 is
corrupted by the Babble noise [18] with SNR of 0 dB. Note
from the left column that the amplitude functions also contain
quasi-periodic segments with fundamental period close to those
found in the original speech segment. It may be observed that,
as for the clean speech, the ACF curves are able to capture
the F0 information, since the first ACF peaks also occur at
τ = 54. This fact indicates that the estimation of F0 based on
the autocorrelation of instantaneous amplitude is robust in terms
of acoustic noise corruption.

C. Selection of the Pitch Candidates (Step 3)

Let SV = {tj , tj+1 , . . . , tj+J } be the subset of S that con-
tains all the time instants that are included in the same voiced
speech segment. For each tq ∈ SV, this third step aims at se-
lecting one of the pitch candidates Ptq

(k), k = 1, . . . , K, as the

fundamental pitch period T̂0(tq ). For this purpose, the estimated
pitch period is initially set as the pitch candidate obtained from
IMF 1, i.e.,

T̂0(tq )← Ptq
(1), q = j, . . . , j + J . (3)

The value of T̂0(tq ) is then compared to the mean value m(tq )
computed at the nearest neighbors time instants as

m(tq ) = E
[
T̂0(tl) , |l − q| < V

]
, q = j, . . . , j + J . (4)

If T̂0(tq ) deviates from m(tq ) in more than a predefined
threshold R, i.e., |T̂0(tq )−m(tq )|/m(tq ) > R, the T̂0(tq )
value is updated by the pitch candidate obtained from the next
IMF, T̂0(tq )← Ptq

(2). The parameter V defines the maximum
difference between neighboring time instants. R is the threshold
of an acceptable deviation between the pitch candidate T̂0(tq )
and the mean m(tq ). For instance, considering that a T̂0 value is
estimated every 4 ms, and setting V = 10 and R = 0.2 means
that the pitch period is expected to vary less than 20% within a
40 ms interval. These values were selected from R ∈ [0.05, 0.3]
and V ∈ [5, 20] as to achieve the lowest GE rates in preliminary
experiments. For this purpose, the speech signals described in
Section III are corrupted by five acoustic noises considering
SNR of 10 dB.

Fig. 4. Index of nonstationarity of (a) clean speech and speech corrupted by
(b) Babble, (c) Car, (d) Helicopter, (e) Traffic, and (f) Train acoustic noises.

After this procedure is conducted for each tq ∈ SV, the mean
values are recalculated and the selection process is repeated
until |T̂0(tq )−m(tq )|/m(tq ) ≤ R for every time instant tq . If
there is no candidate left to update T̂0(tq ), the stopping criteria
is guaranteed by setting T̂0(tq )← m(tq ).

III. EXPERIMENTS AND RESULTS

The proposed method is evaluated in F0 detection experi-
ments conducted with the CSTR database [15]. It is composed
of 100 utterances sampled at 8 kHz spoken by a male (50) and
a female (50) speakers. The reference F0 values are available
based on the recordings of laryngograph data. The experiments
are conducted considering five acoustic noises collected from
real sources: Babble and Car, from NOISEX [18], and Heli-
copter, Traffic, and Train from FreeSfx1 database.

Different F0 estimators are examined as baseline for the pro-
posed HHT-Amp method. The YIN2 and SWIPE3 algorithms
were obtained from the websites provided by the authors. The
ACF was implemented using the Praat [19] software. For the
EMD-based method [12], the Praat is adopted to obtain F0 val-
ues with the cepstrum method. These are then used to select the
instantaneous frequencies that compose the final F0 estimates.
The F0 estimation methods are compared in terms of the GE
rate and MAE. The GE is computed as the percentage of voiced
frames for which the estimated value of F̂0 deviate by more than
20% from the reference F0 . The MAE corresponds to the the ab-
solute error |F̂0 − F0 | averaged over all the available reference
values.

The index of nonstationarity [16] is here adopted to examine
the nonstationarity degrees of the noisy speech signals. Fig. 4(a)
depicts the INS values (continuous line) of a clean speech utter-
ance with total time duration T = 1.5 s. The INS obtained from
the same signal corrupted with the five noises, considering SNR
of 0 dB, are depicted in Fig. 4(b)–(f). The values are calculated
considering different observation scales Th/T , where Th is the
length adopted in the short-time spectral analysis. The values
of Th , in ms, are: 32, 64, 100, 150, 250, 500, and 750. The
dashed green lines refer to the stationarity threshold γ ≈ 1. The

1Available in http://www.freesfx.co.uk/.
2Available in http://audition-backend.ens.fr/adc/.
3Available in http://www.cise.ufl.edu/ acamacho/publications/swipep.m.
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Fig. 5. F0 values estimated with the HHT-Amp method: (a) clean speech and
(b) speech corrupted with Babble noise.

TABLE I
GE RATE (%) OBTAINED IN SPEECH F0 ESTIMATION WITH THE PROPOSED

HHT-AMP AND THE BASELINE METHODS

INS analysis shows that the clean and noisy speech signals are
nonstationary, since the INS values are greater than γ for all
the time scales. Depending on the acoustic noise sources, the
maximum INS values vary from 24 to 140 with Helicopter and
Car, respectively. This reinforces the adoption of HHT to ana-
lyze noisy speech signals, since it is mainly defined to process
nonstationary signals.

In the HHT-Amp experiments, the EEMD is applied consider-
ing 100 different realizations of white noise. The ratio between
the white noise and the signal variances is 0.01. For the ACF
computation, the IMFs are upsampled to 32 kHz, and the IMFs
frames are composed with W = 1024 samples. The pitch can-
didates are collected from the first K = 3 IMFs with ACF peaks
restricted to the interval 64 ≤ τ0 ≤ 640. This corresponds to F̂0
values in the range [50, 500], in Hz.

Fig. 5 illustrates the speech F0 estimation with the HHT-Amp
method. The values depicted in Fig. 5(a) are obtained from the
same clean speech utterance analyzed in Fig. 4(a). The first
voiced speech segment corresponds to the samples depicted in
Fig. 1(a). Note that for most of the time instants the estimated
F0 is close to the reference values. This achievement also holds
for the values depicted in Fig. 5(b), which concerns the same
speech utterance corrupted with the nonstationary Babble noise
[18] and SNR of 0 dB. The F0 estimation results indicate that
the proposed HHT-Amp method is robust to acoustic noise cor-
ruption considering low SNR values.

Table I presents the GE rates obtained in the experiments with
the proposed solution and the baseline methods. The results are

TABLE II
MAE (HZ) OBTAINED WITH THE PROPOSED HHT-AMP AND THE

BASELINE METHODS

shown according to the average INS (INS) of the acoustic noises.
It may be observed that the HHT-Amp solution outperforms the
competitive approaches for most of the noisy conditions (9 from
a total of 15). The proposed technique is particularly interesting
for the most severe noisy situations, e.g., SNR of 0 dB and
different nonstationarity degrees. For this scenario, the HHT-
Amp achieves the lowest GE results. For example, considering
the Traffic noise with SNR of 0 dB and INS of 10.9, the GE
rate is decreased from 36.6% with the EMD [12] to 12.8% with
HHT-Amp, i.e., a reduction of 23.8 percentage points (p.p.). The
GE rates also achieves reduction of 15.6 p.p. and 9.0 p.p. for
SNR of 5 dB and 10 dB, respectively. In average, the proposed
solution reaches a GE rate of 14.4%, which is 8.2 p.p. and
12.3 p.p. lower than the ACF and EMD methods, respectively.

The proposed HHT-Amp method is also evaluated in terms
of MAE, as shown in Table II. Note that the HHT-Amp yields to
the lowest error for most of the noisy situations. Once again, it
attains the best results for the most severe conditions, i.e., SNR
of 0 dB. In average, the HHT-Amp leads to an absolute error of
13.9 Hz, which is 2.0 Hz lower than the SWIPE and 14.8 Hz
lower than the EMD.

IV. CONCLUSION

This letter introduced a method based on the HHT to estimate
the fundamental frequency of speech signals. The F0 informa-
tion is extracted from the instantaneous amplitude of each IMF.
The proposed HHT-Amp estimator is evaluated in experiments
considering speech signals corrupted by real acoustic noises
with different nonstationarity degrees. The results show that, in
average, the HHT-Amp outperforms four competitive F0 tech-
niques considering speech signals corrupted by acoustic noises.
The average GE rate is reduced from 22.6% with ACF to 14.4%
with the HHT-Amp. It leads to MAE 2.0 Hz lower than the
spectral SWIPE method. Furthermore, the proposed solution
achieves the best results for speech signals corrupted by acous-
tic noises considering SNR of 0 dB.
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