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Towards detecting the pathological subharmonic
voicing with fully convolutional neural networks

Takeshi Ikuma Member, IEEE, Melda Kunduk, Brad Story, and Andrew J. McWhorter

Abstract—Many voice disorders induce subharmonic phona-
tion, but voice signal analysis is currently lacking a technique
to detect the presence of subharmonics reliably. Distinguishing
subharmonic phonation from normal phonation is a challenging
task as both are nearly periodic phenomena. Subharmonic
phonation adds cyclical variations to the normal glottal cycles.
Hence, the estimation of subharmonic period requires a wholistic
analysis of the signals. Deep learning is an effective solution to this
type of complex problem. This paper describes fully convolutional
neural networks which are trained with synthesized subharmonic
voice signals to classify the subharmonic periods. Synthetic eval-
uation shows over 98% classification accuracy, and assessment of
sustained vowel recordings demonstrates encouraging outcomes
as well as the areas for future improvements.

Index Terms—Disordered voice, Acoustic voice analysis, Deep
learning

I. INTRODUCTION

Subharmonic phonation is a voicing mode in which the vi-
bration pattern of vocal folds varies from cycle to cycle before
repeating itself. It is often associated with vocal pathology,
especially those which alter the physical characteristics of the
vocal folds such as vocal fold lesions and vocal fold paralysis
[1, 2, 3, 4, 5]. Subharmonic voicing is also possible for vocally
healthy speakers. Subharmonics can be voluntarily produced
as vocal fry [6] or as a singing technique [7]. Perceptually, the
subharmonic voice presents rough voice quality [8] or lowered
pitch [9, 10, 11].

The presence of subharmonics may degrade the accuracy
of the voice parameter measurements used in clinical acoustic
analysis. This stems from the primary property of the subhar-
monic signals, that is, they are nearly periodic as is the normal
phonation. This similarity often causes existing fundamental
frequency estimators to yield erroneous estimates under strong
subharmonics [12, 13]. The (speaking) fundamental frequency
fo that those algorithms estimates is the foundation of the most
of voice parameters and should represent the cycle frequency
of glottal opening and closing, disregarding the variabilities in
cyclic variations in amplitude, frequency, or shape. Incorrectly
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using the subharmonic fundamental frequency (e.g, fo/2 for
period doubling subharmonics) as the fo likely results in the
final parameter measures to under-represent the severity of
pathological voice. As such, an accurate numerical solution to
detect the presence of the subharmonics is important for the
pathological voice analysis.

Titze [14] in 1994 categorized voice signals which encom-
pass the subharmonic behaviors as type 2 in his voice signal
typing system. His recommended approach to analyze type
2 signals is by visualization tools and subjective inspection
and discouraged the use of numerical measures citing their
unreliability. Since 1994, little success has been reported to
analyze subharmonic voice signals. The NSH (number of
subharmonics) parameter of KayPENTAX MDVP software
[15, 16] reportedly has a poor accuracy [2]. Sun [17] in-
troduced the concept of the subharmonic-to-harmonic ratio
(SHR) and used it to estimate the fundamental frequency
of voice signals with a possible presence of period-doubling
subharmonics, and Hlavnička et al. [18] strengthened Sun’s
method with improved initial fo estimation. Sun’s approach,
however, is not the ideal solution to compute the SHR as there
is a conundrum of trying to measure the SHR without knowing
the presence of the subharmonics. These methods are also
limited to detect period-doubling subharmonics and not higher-
period subharmonics that are also prevalent in pathological
voice [5]. Aichinger et al. [19] proposed to use two harmonic
models to analyze biphonic voice (i.e., two parts of glottis
vibrating at different frequencies) but a strong coupling of
the two sources, which induces subharmonics, causes the
analysis to fail [20]. Finally, Awan and Awan [21] proposed
two-stage cepstrum peak prominence difference to measure
vocal roughness. While this parameter was derived to measure
the difference between the fo and the subharmonic (or true)
fundamental frequency, it requires the approximate range of
the expected fo, and it reportedly failed to report subharmonics
sufficiently [22].

Accurate detection of incidental subharmonics over a short
segment of voice signal leads to improve the subharmonic
measures such as NSH and SHR and to aid the fo estimation,
thereby also improving the qualities of the vocal parameters at
large. Detection of subharmonics is synonymous to estimation
of the subharmonic period M , noting that M = 1 naturally
lend itself to the normal phonation. This paper explores deep
learning (DL) as a potential solution to classify the subhar-
monic period. This idea is motivated by the DL fundamental
frequency estimators [23, 24]. These estimators outperform
the conventional estimators and demonstrated their robustness
against the presence of subharmonics [12]. If a DL network
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can be trained to ignore subharmonics, a similar network
could likely be trained to find subharmonics. We specifically
investigate the efficacy of fully convolutional neural network
(FCN) architecture.

The rest of paper is organized as follows. Section II defines
the DL networks under study and Section III establishes
the subharmonic signal synthesis framework used to train
and evaluate the networks. The performance of the trained
networks is presented with the synthesized signals in Section
IV and with real sustained vowel recordings in Section V,
followed by the concluding remarks.

II. FULLY CONVOLUTIONAL NEURAL NETWORKS

Clinical voice recordings have arbitrary durations, and this
makes the fully convolutional neural network (FCN) archi-
tecture [25, 26, 27] a suitable DL model as is used for
the fo estimation [23]. Time-varying nature of voice signals
requires most of their analysis parameters to be computed
over a short sliding window, and the subharmonic period is
no different as subharmonic voicing in pathological voice
can occur intermittently and possibly in a rapid succession
[1, 5, 14, 28]. FCN with local pooling layers is fit to perform
this task efficiently with overlapping snapshots as a pooling
layer acts as a generalized downsampler, thus decoupling the
window size and the snapshot interval.

The input sampling rate fs is set to 8000 samples per second
(S/s), which is sufficient to estimate the vocal fundamental
frequency (fo) [23], and thus also sufficient for subharmonic
period. Two FCNs are evaluated with different target window
sizes: 400 samples (50 ms) and 800 samples (100 ms).
The shorter window is designed to be more robust against
intermittency while the longer window aims to improve the
classification performance of sustained subharmonics. The
output interval is set to 2 ms or 500 samples/second, requiring
the pooling layers collectively to reduce the sampling rate by
8.

The subharmonic period M can theoretically be any positive
integer; however, the vast majority is period doubling (M = 2)
and the prevalence rapidly diminishes as M increases [5, 12,
18]. Also, a signal snapshot must contain more than M + 1
glottal cycles for the classifier to determine the subharmonic
period M with any confidence. The maximum M is set to
four with the label set M = {1, 2, 3, 4}, based on the target
window sizes and expected range of fo (100-300 Hz).

The FCN structure under study comprises 5 convolutional
layers as depicted in Fig. 1. The input signal xn is a pre-
normalized acoustic signal of arbitrary duration, and the
first 4 convolutional layers are accompanied by max pooling
two consecutive samples, each effectively downsampling the
propagating signal by 2 and collectively by 8. These con-
volutional layers are also followed by batch normalization
and rectified linear unit (ReLU) activation function. The fi-
nal output convolutional layer has four channels to sigmoid
activation functions. The network outputs {PM,k : M ∈ M},
the probabilities of the kth snapshot contains the signal with
subharmonic period M . The softmax activation is not used
at the output because the subharmonic period candidates in

M is not exhaustive set of pathological voice signals. The
number of filters and their sizes of each convolution layer are
denoted in Fig. 1. The same network architecture is used for
both of the target window sizes by using different allocations
of its coefficients for the fourth convolution layer. The first
network, named FCN-401, with 401-sample (50.1-ms) window
size uses many short filters (512 filters of 16-coefficient filters)
while the second network, FCN-785 with 785-sample (98.1-
ms) window size with a few long filter (128 length-64 filters).
Thus, both networks have the same number of coefficients and
incur nearly the same computational complexity.

III. SYNTHESIS OF TRAINING DATASET

For the DL training and evaluation, having a dataset with
known truths is essential. Clinical voice recordings require
manual annotation, and the accuracy of manual annotation is
questionable because of the nearly periodic nature of subhar-
monic signals. Hence, we turned to a numerical voice synthesis
model to parameterize the subharmonic voicing and generate
a large dataset via Monte Carlo simulation.

To study the subharmonic phonation, prior work in literature
also utilized synthesis tools to generate voice signals with
subharmonics [9, 18, 29, 11]. These studies were all based
on introducing amplitude or frequency modulation to the
source glottal flow signal via cycle-wise manipulation of the
signal and were limited to period-doubling subharmonics. This
general approach limits the complexity of the generated signals
because the flow pulse shapes are merely time- or amplitude-
scaled versions.

In this study, the synthesis process employed the kinematic
vocal fold model [30, 31], which was aerodynamically and
acoustically coupled to two-port wave propagation vocal tract
model [32, 33]. This synthesis framework was previously used
to study breathy voice [34, 35] and vocal fold asymmetry
[36]. The kinematic model was also used to simulate the
period-doubling electroglottographic (EGG) signals although
the subharmonics were introduced post-synthesis [29]. In the
current work, the subharmonic modulation is introduced to
the vocal fold vibration so that the modulation is subject to
the vocal fold collision and the nonlinear relationship between
the glottal area and glottal flow. This approach realizes a
more diverse set of subharmonics than previous synthesis
approaches and naturally extends to the generation of higher-
period subharmonics.

The kinematic vocal fold model [30, 31] is built around a
three-dimensional geometry of symmetric vocal folds. In ex-
change for removing the displacement-force coupling of mass-
spring models [37, 38], the kinematic model concretely defines
the movements of the vocal folds. This enables simple and
direct incorporation of subharmonic vibration to the model.
The displacement function without the presence of the other
vocal fold is modeled by

ξ̃(y, z, t) = ξ0(y, z) + ξm sin(πy/L)r(t;φ), (1)

where L is the vibrating glottal length, T is the vibrating
glottal thickness, ξ0(y, z) is the prephonatory edge position,
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Fig. 1: Fully convolutional neural network architecture under study: FCN-401 with X = 16 and Y = 512, and FCN-785 with
X = 64 and Y = 128. All convolutional layers are applied with a stride of 1, and there is a batch normalization layer (not
pictured) before every ReLU.

ξm is the maximum vocal fold displacement, r(t;φ) is the
reference vibration function, and

φ = −2πQp(z/T −Rzn), (2)

is the phase delay between the upper and lower edges of the
folds. Here. Qp is the phase quotient [30] and Rzn is the nodal
point ratio which specifies the pivot point of vocal fold rotation
relative to the vocal fold thickness T [34]. Since symmetrical,
the vocal folds collide on the glottal midline, resulting in the
displacement function:

ξ(y, z, t) =

{
ξ̃(y, z, t) if ξ̃(y, z, t) > 0,
0 else.

(3)

The glottal opening is then given by the minimum displace-
ment along the depth,

ξmin(y, t) = min
z

ξ(y, z, t), (4)

which leads to the glottal area:

a(t) = 2

∫ L

0

ξmin(y, t)dy. (5)

The subharmonics are introduced to the glottal vibration via
r(t;φ). There are two types of subharmonic glottal vibrations
or a combination thereof. First is the modulation [39, 40, 41],
where the entire glottis exhibit subharmonic oscillatory behav-
ior. Second is entrained biphonation [39, 42, 43, 41], where
two parts of the glottis (e.g., left and right vocal fold, or ante-
rior and posterior regions) vibrate with different fundamental
frequencies but their ratio is rational. The dataset in this study
only comprises the subharmonic modulation with symmetrical
vocal folds, leaving the inclusion of subharmonic biphonations
for future studies. The modulation effect is implemented by
a combination of amplitude modulation (AM) and frequency
modulation (FM), and subharmonic reference vibration with
period M ∈ I, M > 1, takes the form:

rM (t;φ) =

[
1 + ϵAM sin

(
ϕ(t;φ)

M
+ ϕAM

)]
× sin

[
ϕ(t;φ) + ϵFMM sin

(
ϕ(t;φ)

M
+ ϕFM

)]
,

(6)

where
ϕ(t;φ) = 2πfot− φ, (7)

fo is the speaking fundamental frequency, ϵAM is the AM
extent, ϕAM is the AM phase, ϵFM is the FM extent, and ϕFM
is the FM phase. Including the normal mode, we have

r(t;φ) =

{
sinϕ(t;φ) if M = 1,

rM (t;φ) if M > 1.
(8)

Here, sinϕ(t;φ) is the reference vibration used in the original
model [30]. The AM and FM extents generalize those of the
period-doubling case [14, 29]:

ϵAM =
Amax −Amin

Amax +Amin
(9)

and
ϵFM =

Tmax − Tmin

Tmax + Tmin
, (10)

where Amax and Amin are the extrema of the local maxima
over both t and ϕAM while Tmax and Tmin are the extrema of
cycle periods over both t and ϕFM.

The prephonatory position ξ0 of the vocal folds is defined
by [31]

ξ0(y, z) =
[
Qa +

(
Qs − 4Qb

z

T

)(
1− z

T

)](
1− y

L

)
,

(11)
where Qa is the abduction coefficient, Qs is the shape coeffi-
cient, and Qb is the bulging quotient.

The glottal area vibration in Eq. (5) is coupled to the
propagations of incidental pressure waves as depicted in Fig.
2. The model consists of five blocks: lung, subglottal tract,
glottis, supraglottal tract, and lip radiation. Each block receives
a forward incidental pressure wave f1(t) from below and a
backward wave b2(t) from above and produces a forward wave
f2(t) to above and backward wave b1(t) to below.

The subglottal and supraglottal vocal tracts are crudely
modeled as leaky uniform tubes with crosssectional areas As

and Ae, respectively. Given a tract length LT , propagated
incidental pressure waves are given by

f2(t) = αLT f1(t− cLT ) and

b1(t) = αLT b2(t− cLT ),
(12)

where α < 1 is the propagation gain per unit length, and c is
the speed of sound.
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Fig. 2: Block diagram of the transmission-line voice synthesis
model.

At the glottis, the glottal flow u(t) is dictated by the glottal
area a(t) in Eq. (5) and the subglottal forward pressure fs(t)
and supraglottal backward pressure be(t) [30]:

u(t) =
a(t)c

1− ke(t)

{
− a(t)

A∗

±

[(
a(t)

A∗

)2

+
4(1− ke(t))

c2ρ
(fs(t)− be(t))

] 1
2
}
,

(13)
where A∗ = (A−1

e +A−1
s )−1 is the effective vocal tract area,

ρ is the density of the air, and the pressure recovery coefficient
[44],

ke(t) = 2
a(t)

Ae

(
1− a(t)

Ae

)
. (14)

In Eq. (13), the plus sign is used when the second term in the
square brackets is negative, and vice versa.

In addition to r(t;φ), the turbulent noise uν(t) is another
input to glottis. The noise generation follows a mixture of the
noise source of the Klatt voice simultor [45] and the noise
level switching mechanism based on Reynolds number [34].
It intends to model the aspiration noise during high flow rate
(i.e., most open phase of vocal fold vibration) as well as the
low-level noise caused by dc flow [46]:

uν(t) =

{
ν(t) for Re > Rec

δν(t) for Re ≤ Rec,
(15)

where ν(t) is the common noise source,

Re =
u(t)ρ

Lµ
(16)

is the Reynolds number, Rec = 1200 is the critical Reynolds
number, and δ is a coefficient to supress the noise level in the
subcritical region. The noise ν(t) is modeled as a first-order

lowpass Gaussian noise with −20 dB rolloff and dc power
spectral density level Sν(0). Combining Eq. (13) and Eq. (15),
the total glottal flow is given by

ug(t) = u(t) + uν(t), (17)

and the incidental pressure wave outputs:

be(t) = fe(t)−
ρc

Ae
ug(t), (18)

and
fs(t) = bs(t) +

ρc

As
ug(t). (19)

The lung drives the model with a constant pressure PL, and
its boundary condition is modeled by

fL(t) = 0.9PL − 0.8bL(t). (20)

This approximately matches the lung and subglottal tract
impedances. The lip radition po(t) is modeled by a circular
piston in an infinite baffle [32, 37]:[

Po(s)
Br(s)

]
=

[
2Zr(s)

Zr(s)− 1

]
[Zr(s) + 1]

−1
Fr(s), (21)

where Po(s), Br(s), and Fr(s) are the Laplace transforms of
po(t), br(t), and fr(t), respectively, and

Zr(s) =
sLrRr

Rr + sLr
(22)

is the lip impedance with Lr = 8/(3πc)
√
Ae/π and Rr =

128/(9π2).
To run the synthesis, the model was discretized both in time

and space. The vocal fold surface is sampled to have 21 cells
along the y axis and 15 cells along the z axis. The sampling
rate of the simulation is fs = 44100 S/s, which also quantizes
the possible vocal tract lengths to integer multiples of c/fs =
0.794 cm. The lip radiation model is converted to a discrete-
time model by the bilinear transformation.

All the free parameters of the synthesis are listed in Table
I. Except for M , all 21 other parameters were randomly
generated during the Monte Carlo simulation. They were
drawn from independent uniform distributions with the value
ranges as specified on the table. Each synthesized data was
generated for 1.1 seconds with fixed parameter values, thereby
simulating sustained vowel-like signal. The generated signal
was then resampled down to 8000 S/s, and the first 0.1
seconds (800 samples) were purged to keep only the steady-
state portion of the signal. Finally, the signal was normalized
by its mean and variance.

IV. TRAINING AND EVALUATION WITH SYNTHESIZED
DATASET

To train the FCNs, 8000 1-second signals for each sub-
harmonic period target M ∈ M were generated for training
(32000 total) and another 2000 each for validation (8000
total). Both models are trained using gradient descent with
the Adam optimizer [47] with mini-batches composed of 32
signals selected from the training dataset in a random order.
The learning rate of 0.0002 was used. An input dropout
layer was inserted during trainig with 20% dropout rate. The
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Table I: Synthesis Parameters

Block/Signal Parameter Range Units Description
r(t;φ) M {1, 2, 3, 4} Subharmonic period

fo [100, 300), Hz Speaking fundamental frequency
ϵAM [0.1, 1.0) AM extent (log-uniform)
ϵFM [0.005, 0.1) FM extent (log-uniform)
ϕAM [−π/2, π/2) rad AM phase
ϕFM [−π/2, π/2) rad FM phase

uν(t) Sν(0) [100, 2500) (cm³/s)²/Hz DC psd level of full aspiration noise
δ [0.2, 0.6) Power reduction factor during subcritical phase

Glottis L [0.738, 1.562) cm Vibrating vocal fold length
T [0.18, 0.33) cm Vibrating vocal fold thickness
ξm [0.09, 0.132) cm Maximum glottal half width
Qa [0.27, 0.33) Abduction quotient
Qs [1.8, 2.2) Shape quotient
Qb [0.45Qs, 0.55Qs) Bulging quotient (relative to Qs)
Qp [0.18, 0.22) Phase quotient
Rzn [0.63, 0.77) Nodal point ratio

Vocal Tracts α [0.9983, 0.9985) 1/cm Common propagation gain per length
Supraglottal Tract LT [11.111, 15.873) cm Supraglottal tract length

Ae [1.0, 5.0) cm² Supraglottal tract area
Subglottal Tract LT [6.349, 9.524) cm Subglottal tract length

As [1.0, 3.0) cm² Subglottal tract area
Lung PL [7056, 8624) dyn/cm² Lung pressure

training persisted over 20 epochs and the coefficients with
the best validation accuracy was chosen. All the snapshots
of every signal were used in the training to capture all the
possible phases of the periodic signal. Due to the different
window sizes, FCN-401 and FCN-785 have different numbers
of snapshots per signal: 478 for FCN-401 and 454 for FCN-
785.

To evaluate the trained networks, another 4000 signals were
generated. For these, fo and the SHR were recorded along with
M . The SHR was estimated from the periodogram S(f) of the
signal with Hamming window by

SHR =

∑
k∈Ks

S (kfo/M)∑
k∈Kh

S (kfo/M)
, (23)

where Kh is a set of the fo-harmonic multipliers under 4 kHz,
and Ks is a set of the subharmonic multipliers. Given the kth
output of an FCN, {PM,k : M ∈ M}, its subharmonic period
is estimated by M̂k = argmaxM∈M PM,k.

The overall classification accuracy of FCN-401 is 98.1%
and that of FCN-785 is 98.9%. The confusion matrices of
the two FCNs are shown in Fig. 3. FCN-785 achieved above
98.5% conditional accuracies across all M with 0.5% higher
results for the normal voicing detection (M = 1). Subhar-
monic voicings (M > 1) are more likely to be mistaken
as normal (M̂ = 1) than with another subharmonic period
(M̂ > 1). FCN-401 follows the same trend but with increased
errors. Its normal voicing detection matches that of FCN-785,
but the subharmonic period detections lags behind by about
0.75% or more.

FCN-401 performed noticeably worse for the M = 2
signals (96.94% acuracy). In contrast, FCN-785 maintained a
similar accuracy across all subharmonic periods. The observed
performance loss by FCN-401 for M = 2 likely stems from
two reasons: SHR imbalance across M and short window size.
The SHRs of the acoustic signals are not identical as shown in
Fig. 4(a) although the identical distributions were used for AM

Fig. 3: Sythetic classification confusion matrices: (a) FCN-
401, (b) FCN-785.
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Fig. 4: Synthetic classification performance vs. SHR (M > 1
signals only): (a) SHR distribution and (b) classification accu-
racy vs. SHR.

and FM extents across all M . The expected SHR of M = 2
is lower than M > 2 signals, and the presence of the M > 2
signals with SHR below −10 dB rapidly declines. This likely
deemphasized the importance of the low SHR range during the
training, resulting in poor accuracy as shown in Fig. 4(b). A
compounding factor is that lower the SHR the harder to detect
the subharmonics. Fig. 4(b) also displays that the subharmonic
detection performs better with a longer analysis window.

Another effect which separated FCN-785 from FCN-401
is fo as shown in Fig. 5. There is a clear performance gap
between the two FCNs at lower fo range. Although FCNs do
not strictly follow the rules of tranditional spectral analysis, a
form of spectral resolution seems to be playing a role here. In
spectral analysis, resolving two tones which are separated by
50 Hz (i.e., tones of the M = 2 signals at 100 Hz) requires a
snapshot size of at least 40 ms (320 samples) under noise-free
condition. An even longer snapshot is needed for the low-SHR
signals as the subharmonic tones are much weaker than the
harmonic tones. FCN-401 is operating close to this limit; thus,
its accuracy suffers as fo reduces. FCN-785, on the other hand,
can maintain its accuracy across fo.

V. CASE STUDIES OF PATHOLOGICAL SUSTAINED VOWELS

Next, the behaviors of the trained FCNs are evaluated with
sustained /a/ vowel recordings of selected pathological voices

Fig. 5: Synthetic classification performance vs. fo. Dashed
lines are the least squares fitted lines.

from KayPENTAX (Massachusetts Eye and Ear Infirmary)
Disordered Voice Database [48]. These recordings are sampled
at 25000 S/s and each about 1 second long. The onsets and
offsets of the phonations are pre-trimmed. To evaluate, the
recordings are first resampled to 8000 S/s and normalized over
the entire duration before input to the FCNs. The estimated
subharmonic period sequence, M̂k = argmaxM∈M PM,k, and
the probabilities of the estimates PM̂k,k

are observed for both
FCN-401 and FCN-785.

The first case in Fig. 6 consists of fo ≈ 206 Hz phonation,
starting with period-tripling subharmonics until t = 0.42 s,
followed by a brief period of unlocked modulation (<0.63 s)
to normal phonation (<0.92 s) before the period-3 returning.
Both networks estimate either M = 1 or 3, except for
FCN-401 occasionally reporting low-probability Mk = 4
snapshots. This case exemplifies the strictness of the FCNs
in detecting the subharmonics. Despite unlocked modulation
was not included in the training dataset, both selected M = 1
rather than visually viable M = 2. Also, consistent near-1.0
probabilities of M = 3 cases were obtained only between
0.1 and 0.2 s, possibly indicating a weaker lock. Finally,
this case demonstrates the tradeoff of FCN-785. While its
longer window size provides better estimation performance
than FCN-401, it also negatively impact the ability to detect
the transition point. At t = 0.4, it leaves Mk = 3 slightly
earlier than when it occurs in the spectrogram and FCN-401
results.

The second case in Fig. 7 demonstrates the outputs of
the trained FCNs when the input signal contains suspected
biphonation, which is apparent until t = 0.75 s. The biphona-
tion is suspected because the traces of two dominant low-
frequency tones are consistently present, each likely repre-
senting the first harmonic of its periodic vibration. At the
beginning, fo,1 = 154 Hz and fo,2 = 231 Hz, which con-
sititute a 2 : 3 subharmonic arrangement. Then, biphonation
continues to exist through what appears to be less stable
segment between 0.44 and 0.75 s. While we can continue
to observe the two first harmonics, whether they are locked
or not is no longer prevalent to naked eyes. Although the
FCNs are not trained for this type of subharmonics, both FCNs
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Fig. 6: Case Study 1 (modulation): Spectrogram and outputs of
trained FCNs—estimated subharmonic periods M̂K and their
probabilities PM̂,k.

suggest that there are moments of locked oscillation with high
confidence. FCN-785 often estimates M̂k = 4 over sustained
periods in the unstable segment. Together, it appears that we
have 3:4 in the first half and 4:5 in the second half. This is
an encouraging results, demonstrating the robustness of the
FCN-based subharmonic detection. The subharmonics due to
biphonation has a different spectral construct than those due
to the modulation, but high confident estimates are obtained
despite the training dataset only contains modulation signals
only. FCNs would likely perform better if the subharmonic
biphonation cases are included in the training data.

The final case in Fig. 8 illustrates the behaviors of the
trained FCNs for a signal with severe vocal tremor, which
includes fo tremor with the period of 4 s and peak-to-peak
extent of 35 Hz. Neither FCNs consistently estimated M̂k = 1
during the short segments of clean harmonics (t: 0.05-0.13 and
0.77-0.84). FCN-401’s inability to maintain M̂k = 1 for the
entirity of these segments is likely due to its training dataset
only consists of fixed fo. FCN-785, which does not register
M̂k = 1 at all, is further penalized by the shortness of these
segments coupled with the homogeneous training dataset. This
indicates that the training data must include fo variability (e.g.,

Fig. 7: Case Study 2 (suspected biphonia): Spectrogram and
outputs of trained FCNs—estimated subharmonic periods M̂K

and their probabilities PM̂,k.

the flutter effect of the Klatt synthesizer [45]) to improve the
performance. This is also crucial to extend the use to connected
speech, in which fo constantly fluctuates.

VI. CONCLUSIONS

The synthetic evaluation indicates that the proposed FCNs
are highly capable of correctly identifying the subharmonic
periods. Testing with pathological voice recordings further
supports indicates that the FCNs’ potential to identify sub-
harmonic modulations despite being trained with a crude
vocal tract model and arbitrarily selected parameter ranges.
This also demonstrates the FCNs’ ability to ignore weak
unlocked modulation. The testing also revealed a number of
remaining challenges to be fulfilled. First, the pathological
voice simulation needs to be extended to account for additional
pathological behaviors like subharmonic biphonation, intermit-
tency, and variation in fundamental frequency. Second, a better
stochastical representation of human voice production system
is crucial to refine the synthesis parameter ranges. These will
yield improved training dataset, and subsequent tuning of the
FCN architecture and hyperparameters will likely result in a
dependable subharmonic detector.
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Fig. 8: Case Study 3 (severe vocal tremor): Spectrogram and
outputs of trained FCNs—estimated subharmonic periods M̂K

and their probabilities PM̂,k.
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