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At some point in our evolutionary history, humans lost vocal membranes
and air sacs, representing an unexpected simplification of the vocal
apparatus relative to other great apes. One hypothesis is that these
simplifications represent anatomical adaptations for speech because a
simpler larynx provides a suitably stable and tonal vocal source with fewer
nonlinear vocal phenomena (NLP). The key assumption that NLP reduce
speech intelligibility is indirectly supported by studies of dysphonia,
but it has not been experimentally tested. Here, we manipulate NLP in
vocal stimuli ranging from single vowels to sentences, showing that the
vocal source needs to be stable, but not necessarily tonal, for speech
to be readily understood. When the task is to discriminate synthesized
monophthong and diphthong vowels, continuous NLP (subharmonics,
amplitude modulation and even deterministic chaos) actually improve
vowel perception in high-pitched voices, likely because the resulting dense
spectrum reveals formant transitions. Rough-sounding voices also remain
highly intelligible when continuous NLP are added to recorded words and
sentences. In contrast, voicing interruptions and pitch jumps dramatically
reduce speech intelligibility, likely by interfering with voicing contrasts
and normal intonation. We argue that NLP were not eliminated from the
human vocal repertoire as we evolved for speech, but only brought under
better control.

This article is part of the theme issue ‘Nonlinear phenomena in
vertebrate vocalizations: mechanisms and communicative functions’.

1. Introduction

After centuries of intense debate, the question of how humans have evolved
language continues to fascinate [1,2]. An important part of the full story
is identifying the neurological and anatomical adaptations that are needed
for the production of articulated speech. Neurologically, dense projections
in the brain from motor cortices to phonatory motor neurons are associated
with better vocal control across species [3], and humans stand out as having
well-developed, monosynaptic connections between the primary motor cortex
and laryngeal motor neurons. These direct connections are thought to be a
key adaptation for flexible vocal learning and voluntary control over vocal
production, which are prerequisites for speech [4,5]. At the anatomical level,
an obvious change in the human vocal apparatus relative to other apes is the
modified pharyngeal region of the vocal tract, which places the tongue in a
favourable position for articulation, expands the available vowel space and
makes articulation more efficient [6-8].

Recent debates have centred on the significance of the simplified human
larynx, which lacks vocal membranes and laryngeal air sacs. Air sacs likely
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function as additional supralaryngeal resonators, whereas vocal membranes function as additional oscillators attached to the n
vocal folds. Both are found in nonhuman great apes and in many other anthropoid primates, but not in humans [9-11]. These
anatomical structures are generally considered to be adaptations for making vocalizations louder or lower in frequency and for
increasing the complexity of the vocal repertoire [12-15]. So, why have air sacs and vocal membranes disappeared in the human
lineage?

Perhaps these anatomical structures simply became redundant. For instance, Hewitt et al. [9] hypothesized that air sacs
prevent hyperventilation during intense vocalizing, which was no longer necessary once humans had evolved better breathing
control. Alternatively, they may have become too costly. One hypothesis is that air sacs increased the risk of respiratory
infections after our ancestors dispersed from Africa, so they were lost and the larynx descended in compensation as an
alternative way to produce lower formant frequencies (resonances of the vocal tract, which depend on the length of the vocal
tract), and thereby to sound larger [5].

A bold new hypothesis by Nishimura et al. [15] ties the anatomical simplification of the human laryngeal region to the
need for a stable and tonal vocal source for speech. The authors base this view on their finding that vocal membranes lead
to irregular phonation with abundant nonlinear vocal phenomena (NLP). There are several common types of NLP that often
result in an unstable or harsh-sounding voice quality, such as frequency jumps (sudden changes in the rate of vocal fold
vibration), subharmonics (the appearance of a second, harmonically related frequency), amplitude or frequency modulation and
deterministic chaos—possibly the most salient form of NLP. Nishimura et al. argue that speech requires a tonal and stable vocal
source that is free of these nonlinear phenomena because NLP create “an irregular and changing spectrum thought to obscure
the conformation of the vocal tract filter ... by introducing spurious spectral peaks or “pseudoformants”’ (p. 763). In what
follows, we examine this hypothesis, review the relevant evidence and test it experimentally by synthetically adding different
types of NLP to speech stimuli.

Acoustically, speech requires some kind of sound source—something that generates the sound itself and that can be turned
on and off. The resulting sound also needs to be frequency-modulated to create variable intonation or lexical tones and filtered
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by the resonances of the vocal tract [16,17]. The source of acoustic excitation during the production of voiced phonemes (e.g.
all vowels and voiced consonants like /d w r/) is the nearly periodic vibration of the vocal folds, known as phonation. The rate
of vocal fold vibration determines the fundamental frequency (f,) of the voice, which we perceive as voice pitch. In voiceless
phonemes (e.g. /t s h/) and in whispered speech, the source of sound is aperiodic noise caused by airflow past obstructions
[18,19]. While the vocal folds represent the sound source, the vocal tract is the sound filter. Because the vocal tract acts as a
resonating chamber, the spectrum of the radiated sound differs from that of the sound source: the frequency bands around each
vocal tract resonance become more prominent, giving rise to vocal tract resonances or formants.

Speech is strongly dependent on rapid changes in the shape of the vocal tract achieved with the help of articulators (the
tongue, lips, lower jaw and velum), which create distinct patterns and transitions of the first three formant frequencies. The
relative spacing between the first few formants is what distinguishes between dozens of different vowels, diphthongs and
consonants like /d b g/ [19]. Formant transitions are not the only acoustic features that encode information in speech: temporal
modulations, rapid and very precise voicing onsets/offsets and intonation (especially in tonal languages) are also central.
Nevertheless, the ability to track formants is a crucial prerequisite for speech intelligibility: synthetic speech that contains
nothing but sine waves tracing a few formant contours is still comprehensible [20], whereas speech with artificially removed
spectral modulations corresponding to formants is not [21].

Given the centrality of formants to encoding linguistic information in speech, anything that masks formant frequencies is
bound to impact speech intelligibility. Undersampling of the transfer function is one common problem: if the harmonics in
the source spectrum (integer multiples of the fundamental frequency) are too sparse, vocal tract resonances are not excited
and remain inaudible [22,23]. This is not a concern within the normal speech range of humans, in which f, does not correlate
with speech intelligibility within sexes [24,25]. Indeed, women are typically more intelligible than men despite speaking with
a much higher f, and thus sparser harmonics [26]. Shouted speech, however, is already less intelligible than spoken speech at
the same loudness, partly because shouting increases f, [27], and the difficulty is compounded in the range of screams and
soprano singing with f, that can exceed 2 kHz. Adding some variability to the vocal source, such as vibrato (rapid frequency
modulation), may mitigate this problem because harmonics will occasionally cross formants [28]. Nevertheless, there is a limit
to how high the voice pitch can be pushed before speech becomes unintelligible.

A related problem is caused by excessive breathiness, which is characterized by a weak and unstable voice with too
little energy in harmonics to excite the higher resonances [29,30]. An interesting limiting case is whispered speech, in which
the vocal folds are not vibrating at all and there is no harmonic structure or pitch. While obviously intelligible, whispered
speech usually shows lower comprehension scores compared with normal modal speech [25,31,32], which is not surprising
because it contains no voicing distinctions, nearly halving the number of distinguishable consonants in a language like English.
Interestingly, whisperers make other adjustments to their voices to compensate for this and to be better understood [33], and
whispered speech shows a number of systematic differences vis-a-vis normal speech, including elevated formant frequencies
[31,34,35], increased formant bandwidths [34] and modified spectrum of consonants that partly mimics voicing distinctions
[35]. Hypothetically, some types of dysphonia and NLP may similarly affect speech intelligibility owing to obscuring voiced/
voiceless contrasts, in which case their impact on speech comprehension should be comparable with that of switching from
normal phonation to whispering.

An interesting alternative approach to searching for acoustic changes that degrade speech intelligibility is to ask how speech
can be made easier to understand. The speaking style known as clear speech tends to have a more variable and higher f,,
with more energy in high frequencies (possibly as a side effect of speaking more loudly [36]), longer phonemes and pauses,
clearer syllable articulation, emphasized consonants, an expanded vowel space, clear formant transitions (e.g. in voiced stops),



narrower formant bandwidths and fewer vowel reductions [26]. These characteristics are consistent with the notion that n
formants are central to speech comprehension. However, NLP would not necessarily interfere with any of these elements of
clear speech. So, what is the evidence behind the hypothesis that NLP would be detrimental for speech intelligibility? This
hypothesis rests on three key assumptions.

Assumption #1: Anatomical simplification of the human vocal apparatus has made the vocal source more stable, reducing the probability
of NLP

As noted above, vocal membranes are present in all primates with the exception of humans, and were thus lost at some
point in our evolutionary history. Vocal membranes are thin projections on the vocal folds, akin to “vocal lips’, that improve
vocal efficiency by lowering the phonation threshold pressure. When chimpanzees vocalize, their vocal membranes are engaged
during the production of both high-pitched screams and low-pitched grunts [15]. Combined with physiological data from
monkeys, there is some evidence that vocal membranes—and not the vocal folds—represent the main vocal source in nonhu-
man primates [15]. Possibly as a result of this anatomy, vocalizations of many primates tend to be noisy and easily slip into NLP,
especially in loud vocalizations.

In general, systems with more oscillators are capable of more complex dynamics and prone to sudden transitions (bifur-
cations) between different vibratory modes [13,37]. Both biomechanical models and experiments with silicone replicas of
vocal folds have now shown that additional oscillators, such as vocal membranes and ventricular folds (i.e. a second set
of vocal folds, which humans do have), indeed increase the occurrence of NLP [12-15]. Some modelling also suggests that
laryngeal air sacs predispose to irregular phonation because they make the filter more complex and introduce additional low
resonance frequencies [38,39], making f, more likely to cross formants and therefore potentially increasing the probability of
NLP owing to source-filter interaction [40-43]. Thus, anatomical simplification of the vocal apparatus in modern humans has
probably reduced acoustic complexity of an involuntary kind such as spontaneous frequency jumps, voice register changes and
transitions between tonal phonation and various NLP. Importantly, however, NLP have been extensively documented in healthy
humans, including in singing [44-46], nonverbal vocalizations [47-49] and speech [50]. NLP can occur without involving other
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oscillators than the vocal folds, but humans have also retained some supralaryngeal structures capable of sustained vibration
and implicated in causing NLP—notably the ventricular and aryepiglottic folds [13,37,46,51,52]. Thus, the simplification of the
human vocal apparatus is incomplete, and the vocal source in anatomically modern humans is by no means uniformly stable
and is still capable of producing a variety of NLP.

Assumption #2: Vocal instability impacts speech intelligibility

The best-supporting evidence for this comes from clinical studies of dysphonia. Patients with adductor spasmodic dyspho-
nia, which leads to a strained, harsh, monotonous voice with voice stoppages and breaks, are easier to understand after
an injection of the botulinum toxin (botox), which blocks the twitching muscles [53]. More generally, numerous clinical and
experimental studies of voice pathology have shown that dysphonia affects speech intelligibility [24,29,54-57]. However, clinical
definitions of dysphonia do not specifically differentiate between different types of NLP and a variety of other vocal abnormali-
ties such as tremor (a ‘shaky’ voice), breathiness, voice stoppages and breaks, noisy phonation, etc. Studies of dysphonia also
tend to be correlational, with very few tested speakers [24,29,54-56], or rely on healthy speakers who simply imitate dysphonia
[57,58]. Thus, it is not possible to conclude whether or not NLP, let alone specific NLP types, causally contribute to the reported
loss of intelligibility based on the dysphonia literature. Testing this hypothesis directly and experimentally is thus a key aim of
the present study.

Assumption #3: NLP obscure the formant structure

In their original publication, Nishimura et al. [15] cite three studies in support of this view. One of these [59] established that
rhesus macaques notice formant shifts in noisy calls, which actually seems to work against their hypothesis as it indicates that
noise does not obscure formants. The other two studies showed that tonal calls were better than noisy grunts and screams at
conveying individual identity in chacma baboons [60] and rhesus macaques [61], wherein information about caller identity is
often encoded in formants. However, screams are much more high-pitched than the tested tonal calls, while grunts are shorter
in duration, so these correlational data cannot tell us whether NLP are responsible for the observed differences.

We are not aware of other empirical evidence to support Assumption #3. To evaluate it theoretically, let us consider
specific NLP types. Subharmonics are characterized by the appearance of a secondary, lower frequency at a rational fraction
of fo, often f,/2 or f,/3. Perceptually, this sounds like two harmonically related tones produced simultaneously. Looking at a
spectrogram, subharmonics increase the density of partials in the original spectrum without changing its basic structure; it
is not obvious how this could obscure the vocal tract conformation. Biphonation and low-frequency amplitude modulation
(AM) are basically similar to subharmonics in introducing a secondary frequency that modulates the main vocal source, but
can change independently of f,. This situation often produces sidebands around each harmonic on a spectrogram, and these
sidebands can indeed look like pseudo-formants on a spectrogram [23]. Deterministic chaos makes the spectrum noisy, and the
distorted harmonics in high-pitched vocalizations are easily mistaken for formants on spectrograms [23]. As a result, it is often
assumed that chaos would make vowels difficult to recognize [62], but again we are not aware of any perceptual data to confirm
this.

A possible counter-argument is that subharmonics, sidebands and chaos might instead highlight rather than obscure the
formant structure because a dense source spectrum better reveals the transfer function of the vocal tract [39,63], just as formant
perception becomes easier if f, is lowered [22,64]. In other words, nonlinear phenomena lead to a denser ‘audio picture’ not
unlike a photo with more pixels, potentially making formants easier to detect. Both positive and negative effects of NLP on
formant perception could also occur simultaneously, and they may vary by NLP type or depending on other acoustic qualities
of the vocal signal. For example, the net effect could be beneficial in high-pitched shouts or screams with very sparse harmonic
spectra, but detrimental in low-pitched vocalizations such as ordinary speech.



In this study, we performed three psychoacoustic experiments to test Assumptions #2 and #3 empirically. To do so, we [ 4 ]
investigated the effect of target NLP manipulations on speech intelligibility at the level of individual phonemes, words and
short phrases. We began by testing whether the presence of NLP would highlight or mask formant transitions in isolated
synthetic vowels (Experiment 1). We then tested whether listeners could understand the sequences of unconnected words
(numbers) with various forms of manipulated NLP (Experiment 2). This placed NLP in a more complex and ecologically valid
phonetic context, but still largely avoided linguistic effects related to violations of normal prosody. Finally, we manipulated
various forms of NLP in short sentences that listeners needed to transcribe in easy or challenging listening conditions, depend-
ing on the presence of masking noise (Experiment 3).

2. Methods
(a) Experiment 1: Synthetic diphthongs

(i) Stimuli

The stimuli used in Experiment 1 (1 = 4995) were isolated synthetic vowels or diphthongs, each 700 ms in duration and with all
acoustic energy in harmonics (i.e. without any turbulent noise component). Five basic vowel types were taken from the library
of the soundgen package in R [65]: /a 0 e i u/. The values of the first four formants (F1 to F4) in these vowels corresponded to
those measured in a single male speaker, and formants above F4 were added automatically up to the Nyquist frequency based
on the estimated average formant spacing. Half the stimuli were monophthongs with completely static formants corresponding
to one of these five vowels /a 0 e i u/, and the other half were diphthongs starting at one vowel and morphing linearly into
another over 700 ms, either all the way or partially, with morphing steps of 10% (0%: monophthong; 100%: full diphthong). The
fo of each vowel was chosen stochastically using a uniform distribution on a logarithmic scale between 110 Hz (musical note A2)
and 880 Hz (A5).

We created 999 prototypes with different f, values. There was a 50% chance of a prototype being a diphthong with a
randomly chosen amount of morphing (n = 480) and a 50% chance of it being a monophthong (n = 519; 480 + 519 = 999).
Each prototype was synthesized in five NLP conditions (tonal, AM, subharmonics, chaos and whisper), for a total of 4995 stimuli.
Frequency jumps were not tested in this experiment because listeners in pilot tests easily confused changes in f, with changes
in vowel quality. In the tonal condition, only f, and its harmonics were synthesized with a ‘rolloff” value of 3 dB per octave.
In the AM condition, all synthesis parameters were identical except for the addition of static, unvarying AM with a frequency
randomly chosen between 50 and 150 Hz and a depth of between 40% and 60%. In the subharmonic condition, period doubling
was created throughout the vowel at a steady depth between 40% and 60%. In the chaos condition, an imitation of deterministic
chaos was created by adding very rapid (1 kHz) and strong (2—-4 semitones) jitter, again at the same level throughout the
sound. Finally, in the whisper condition, the voice source was aperiodic turbulent noise with no harmonic component. The
above-mentioned random variation in the characteristics of NLP manipulations across prototypes ensured that the results
would generalize to a wide, representative range of possible vocal nonlinearities rather than, for example, a single modulation
frequency or a specific amount of chaos. To avoid large changes in sound intensity in diphthongs, a compressor effect was
applied to each synthesized vowel using Hilbert envelopes and a 50 ms smoothing window (figure 1A).
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(ii) Procedure

The perceptual experiment was written inJavaScript and performed online. Participants were asked to wear headphones during
the experiment, to adjust the volume at the beginning after listening to a few labelled examples of mono- and diphthong vowels,
and not to make further adjustments during the experiment. After providing basic demographics and informed consent,
listeners performed 200 trials in about 15 min, each with a new stimulus prototype with a randomly chosen NLP condition.
Listeners could replay each stimulus an unlimited number of times to decide whether it was a monophthong (explained as ‘a
single steady vowel’) or a diphthong (explained as ‘any variation / change in this vowel (e.g. a diphthong like /a-u/)’). The response
button flashed green for correct answers and red for incorrect answers. An accuracy gauge was shown on the screen and
updated after each trial. In addition, after every 50 trials a pop-up window alerted participants whenever their accuracy
dropped below the target of at least 65%.

(iii) Participants

Participants were recruited on the Prolific platform (www.prolific.com). One was excluded because of completing fewer than
50 trials, and another 13 participants were excluded because their accuracy was below target (65%) even in perceptually
obvious conditions (complete diphthongs or monophthongs), suggesting that these participants either could not hear the
stimuli properly or did not understand the instructions and responded at random. The average accuracy per person among
the remaining 91 participants (47 females and 44 males) was high: median = 78%, range 63-93%. A sensitivity analysis con-
firmed that the main results remained substantively unchanged when no participants were excluded (electronic supplementary
material, figure S1). The mean age + s.d. was 38 + 13 years, range 21-79. All participants reported being fluent in English and not
having any hearing problems.
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Figure 1. NLP improve vowel perception at high pitch. (A,B) The creation of synthetic vowels: an example of a full diphthong /i — u/ with f, = 454 Hz (musical note
AX4). Narrow-band spectrograms with a 50 ms Gaussian window are shown. The formants (F1—F4) are much less obvious in the condition without NLP (A) compared
to the condition with chaos (B) because chaos provides a denser spectrum. (C) Listeners are more likely to perceive a diphthong as the amount of vowel morphing (from
monophthong to diphthong) increases, but without NLP, vowel discrimination becomes very hard at high pitch. Fitted values from multilevel logistic regression; effects
are shown for four pitch values ranging from 110 Hz (musical note A2) to 880 Hz (A5). 50% discrimination thresholds are calculated for each curve as the amount
of morphing that raised the probability of perceiving a diphthong halfway from floor (morph = 0, pure monophthong) to ceiling (morph = 1, complete diphthong).
(D) These discrimination thresholds are similar for all conditions at lower pitch, but increase at higher pitch, particularly for the no-NLP condition. The grey shaded area
shows the discrimination threshold for the whisper condition, with 95% CI. (E) NLP dramatically lower discrimination thresholds and improve vowel perception at high
pitch compared to the no-NLP condition. All shown estimates are medians of posterior distribution and 95% Cls. n = 18 091 classifications of 4879 synthetic vowels by
91 listeners.

(iv) Data analysis

All models in all experiments were fit with the brms package in R [66] using mildly informative conservative priors. All reported
effects are fitted values of model parameters and contrasts between conditions expressed as medians of posterior distributions
and 95% credible intervals (Cls). The response was coded as a binary variable (diphthong versus monophthong) and modelled
with multilevel logistic regression as a function of NLP condition (a factor with 5 levels), the amount of morphing (a continuous
variable ranging from 0 to 1) and voice pitch (a continuous variable ranging from 0.11 to 0.88 kHz). Because some vowels may
sound more similar to each other and thus make diphthongs less obvious (especially for the /i — e/ pair), the effect of morphing
was allowed to vary across vowels. We also included a group-level intercept for each subject and stimulus:

diphthong ~ condition % morph * pitch + (mor ph|vowel) + (1|subject + stimulus)

(b) Experiment 2: Word discrimination
(i) Stimuli

The word stimuli in Experiment 2 consisted of 1300 resynthesized sequences of six digits each, ranging from 2.6 to 4.4 s
in duration (mean = 3.6, s.d. = 0.3). The original numbers (1 to 9; zero was not included) were spoken by eight random
computer-generated voices: four males and four females. Contours of f,, spectral envelopes (smoothed with a frequency
window of 300 Hz) and amplitude envelopes (smoothed with a time window of 200 ms) of these recordings were extracted
and used for resynthesis with the R package soundgen [65]. To manipulate NLP, the voice source of each recording (harmonics
and noise) was first synthesized using the original f, contours with the appropriate modifications for each NLP condition but
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without any formants. The measured f, values were interpolated to smooth contours at the target sampling frequency of 22 050 [ 6 |
Hz and the vocal source was created as a mixture of continuous sine waves, one for each harmonic with a realistic rolloff of
9 dB/octave above f, and white noise at =30 dB relative to the harmonic component, as described in soundgen documentation
and in [65]. The original spectral and amplitude envelopes were then smoothed and copied onto the synthetic sources using the
transplantFormants and transplantEnv functions from soundgen (electronic supplementary material, figure S2) [67]. Six digits were
chosen randomly from the same speaker and concatenated with pauses of 50-200 ms. Masking noise was created once for each
six-digit sequence with a flat spectrum up to 1.2 kHz and a spectral slope of -6 dB/kHz above 1.2 kHz using the generateNoise
function from soundgen. This works by setting up the required noise profile in the frequency domain and converting it to
the time domain with inverse short-time Fourier transform. The resynthesized numbers and noise were mixed following
normalization at a signal-to-noise ratio (SNR) ranging from -6 to 15 dB to make the task moderately difficult and avoid floor or
ceiling effects.

The source for each of 1300 sequences was synthesized in a randomly chosen experimental condition: six NLP conditions
(tonal, frequency jump, AM, subharmonics, chaos or whisper) crossed with three pitch levels (original, +1 octave and +1.5 octaves), for
a total of 6 x 3 =18 combinations. All six digits in a sequence were created in the same condition (same NLP manipulation) and
NLP affected the entire duration of each digit (except for frequency jumps, which are acute). In the frequency jump condition,
a discontinuity point was randomly chosen between 25% and 75% of each digit’s duration, and after this point the remaining
fo contour was shifted either up or down by a random amount between 3 and 12 semitones. AM was added at a frequency
between 50 and 150 Hz and a modulation depth of 30-60%. Subharmonics were always added at f,/2 with a depth of 30-50%.
Chaos was emulated by adding rapid jitter with a depth of 1-4 semitones. The whispered condition corresponded to having only
white noise as the voice source, with no harmonic component. Except for the whispered condition, the entire f, contour could
also be shifted upwards by 1 octave or 1.5 octaves.

(ii) Procedure
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Participants heard 100 six-digit sequences and had to enter the six numbers they heard using a physical or virtual keyboard.
The experiment was self-paced and there was no time limit per trial, but each sequence was played only once. Participants could
start typing as soon as a trial commenced, so there was normally no need to hold the sequences in working memory for longer
than it took to type in the numbers. The median trial duration was 6.3 s and the entire experiment with 100 trials took about 15
min.

(iii) Participants

We recruited 220 participants (116 females, 100 males and 4 unspecified/other), all of whom completed at least 20 trials
(normally 100). The mean age + s.d. was 31.1 + 10.5 years, range 18-72. The accuracy per person was high (median = 79.7%,
range 47.2-95.0%) and only three participants were excluded because of low accuracy (under 40%). All participants reported
being fluent in English and not having any hearing problems. With this sample size, each of 1300 sequences was tested on
average in 16.7 trials.

(iv) Data analysis

Speech comprehension was operationalized as the match between the target six-digit sequence in each trial and the six-digit
sequence entered by the participant, as well as the response time (RT) per trial. Target and input sequences were matched in
two ways: (i) by simply comparing each of the six digits and counting errors (ranging from 0/6 to 6/6); or (ii) by performing
a dynamic time warp (DTW) and taking the normalized distance between the two sequences. DTW penalizes random errors
or inversions more than insertions or deletions, but the difference between DTW and simple matching was small (Pearson’s r
= 0.84) as the target sequences were relatively short. We therefore focused on simple matching (see electronic supplementary
material, figure S3 for DTW and RT analyses).

To model these three measures (simple matching, DTW distance and RT), three Bayesian multilevel models were fit with the
brms package in R [66]. The model formula was as follows:

{response} ~ condition + pitch + s(SNR, by = condition) + (1| sound + subject + speaker),

where response stands for the outcome variable, condition is a factor encoding NLP manipulation (6 levels: no NLP, frequency
jumps, AM, subharmonics, chaos and whisper), pitch is a factor encoding pitch manipulation (3 levels: original, +1 octave and +1.5
octaves), SNR is signal-to-noise manipulation (-6 to 15 dB), sound is the identity of a unique sequence (1300 levels), subject is
the identity of a research participant (219 levels) and speaker is the identity of a computer-generated speaker voice (8 levels).
The effect of SNR was clearly nonlinear and therefore it was modelled with a smooth term including an interaction with
NLP condition. The outcome variable and its distribution were as follows: (i) the number of correct digits out of six for
simple matching (binomial); (ii) normalized DTW distance between sequences for DTW error (hurdle-lognormal, with the same
predictors used for the hurdle part); and (iii) RT adjusted for variability in the duration of six-digit sequences by subtracting
stimulus duration (lognormal).



(c) Experiment 3: Sentence transcription
(i) Stimuli

Target sentences in Experiment 3 were taken from the Harvard IEEE corpus [68], which is often used for studying speech
intelligibility [30,69,70]. We used 100 sentences recorded by a female British speaker and ranging in duration from 1.8 to 3.5 s.
These were all single-clause sentences such as 'The jacket hung on the back of the wide chair', 'At that high level the air is pure’, 'Drop
the two when you add the figures’, etc. The method of resynthesis was similar to Experiment 2: f, contours of each sentence were
extracted with careful manual verification of voice onsets/offsets, and the resynthesized vocal source (with harmonic and noise
components) was combined with smoothed amplitude and spectral envelopes taken from the original. NLP manipulations were
slightly different from those in Experiment 2 because the stimuli were now much longer (sentences rather than words). About
five frequency jumps per sentence were added stochastically, with magnitude ranging from 0.5 to 12 semitones (mean * s.d.:
3 + 6). The direction of jump was chosen by an algorithm that favoured alternating jumps up and down to avoid producing
extreme f, values. Other NLP were added either to the entire sentence (the continuous condition) or stochastically, in about five
separate episodes per sentence (the intermittent condition). In the mixed condition, frequency jumps and other NLP were chosen
and added at random (figure 2A).

(ii) Procedure

The perceptual experiment lasted about 20 min and was performed online. Participants were presented with 60 sentences
randomly sampled from 100 prototypes and divided into four blocks of 15 trials, with pauses in between blocks. All stimuli
within a block were taken from the same NLP condition to habituate participants to each type of voice quality and avoid a
novelty effect in each new trial. The same sentence never recurred in multiple blocks. Each stimulus was played once, and
listeners were asked to type what they heard in a response box, with no time restriction. The intelligibility of both original and
resynthesized stimuli was close to ceiling. We therefore repeated the experiment after adding background noise at a SNR of 0
dB. We used a few seconds of the same continuous and loud street noise as a mask for all recordings.

(iii) Participants

Two independent samples of native speakers of British English (matching the language and nationality of the speaker) were
recruited to test the stimuli with or without masking noise. Without noise, there were 104 participants (60 females and 44 males;
mean age * s.d.: 39.0 £ 13.1 years, range 18-68). With noise, there were 99 participants (47 females, 51 males, 1 unspecified/other;
mean age + s.d.: 39.9 + 11.2 years, range 19-63). One participant provided low-effort responses (single words instead of entire
sentences) and was excluded from the analysis. With these sample sizes, each of 1200 stimuli was presented ~5 times in each
noise condition.

(iv) Data analysis

For analysis, the strings of words entered by participants were stripped of extra spaces and non-alphanumeric characters (e.g.
punctuation), converted to lower case and then compared with the target sentences. The accuracy of responses was assessed
using three distance metrics: WER, Levenshtein distance and Jaro distance. WER has long been the standard metric in evaluat-
ing speech recognition [71]. It shows the proportion of words in the target sentence that are correctly understood by the listener,
but cannot distinguish between near-hits and complete misses because accuracy is calculated per word. We therefore also
calculated two string-based distance metrics. Levenshtein distance is the minimum number of single-character edits (insertions,
deletions or substitutions) needed to make two strings identical, normalized by dividing it by the number of characters in
the target sentence. Jaro distance is another popular metric that focuses only on the matching characters and allows for
transpositions. These three measures were strongly correlated (Pearson’s r = 0.88 or higher) and produced very similar results
in terms of comparing NLP conditions, so we only focus on WER in the main text (see electronic supplementary material,
figure S4 for Levenshtein and Jaro distances). The accuracy (1 — WER) was bounded between 0 and 1 and modelled with a
zero-one-inflated beta distribution. We used the same model formula for the mean, zero-one-inflation (zo) and conditional
one-inflation (coi) parameters, as follows:

{accuracy, zoi, coi} ~ condition + (1|sentence + stimulus + sub ject),

where condition was a factor with 12 levels encoding NLP manipulation.

3. Results
(a) Experiment 1: Synthetic diphthongs

In this first experiment, we tested whether listeners could distinguish between synthetic monophthongs (single vowels) and
diphthongs (gliding vowels) when we added various types of NLP (see §2, figure 1A,B). Diphthongs are also known as gliding
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vowels because they include two adjacent vowels that ‘glide” into one another in a single syllable, such as /au/, which listeners
can readily perceive in normal listening conditions by relying on audible changes in formants. Here, when vowels were
synthesized with a low f,, the presence of NLP had little effect on the listeners’ ability to distinguish between monophthongs
and diphthongs (figure 1C, panels with pitches of 110 and 220 Hz). The only impact of NLP was the slightly increased
propensity to mistakenly perceive some vowel variation in monophthongs. Compared with the no-NLP condition at f, = 110
Hz, this ‘diphthong bias” was +11% (95% CI [7, 15]) for AM, +17% [[12, 22]] for chaos, +6% [2, 10] for whisper and +3% [0,
7] for subharmonics. As the amount of vowel morphing increased and approached a full diphthong, discrimination became
essentially perfect in all conditions.

When we synthesized vowels with a high f,, here tested up to 880 Hz (musical note A5), the discriminability of mono- and
diphthongs dropped dramatically in the no-NLP condition (figure 1D). However, the presence of NLP improved rather than
impeded performance: all tested NLP types largely prevented the elevated f, from masking formant transitions (figure 1E). At
the highest tested pitch of 880 Hz, diphthongs with versus without NLP had much lower discrimination thresholds: AM by
14% [8, 21], subharmonics 18% [12, 25], chaos 23% [17, 30] and whisper 28% [22, 34]. Interestingly, AM and subharmonics did
not cause a noticeable ‘diphthong bias’ at very high f, (only +2% [0, 4] and 6% [4, 10], respectively, at f, = 880 Hz and morph =
0), whereas the whisper and chaos manipulations were more likely to create a misleading perception of change in a pure vowel
(+16% [11, 22] and 23% [17, 30], respectively; see figure 1C).

In sum, the experimentally manipulated NLP were largely irrelevant to the listeners’ ability to perceive formant transitions in
synthetic vowels at f,, levels commonly found in male and female speech (~100 to 300 Hz). At higher f, levels typical of shouted
speech or screams (~400 to 900 Hz), NLP helped to highlight the formant transitions that would otherwise be very difficult
to perceive (figure 1A,B). Subharmonics and AM were particularly effective in this regard because they greatly improved
diphthong perception without causing spurious perceptual changes in vowel quality in monophthongs.

(b) Experiment 2: Word discrimination

Although NLP were found to help with formant perception in isolated synthetic vowels, their impact on the processing of
more complex linguistic stimuli may be affected by other factors. To test this, we began by manipulating NLP in single
words—namely six-digit strings of numbers that were embedded in masking noise to make the listening task harder. Masking
noise is commonly added to stimuli in research on speech intelligibility to avoid ceiling effects and to amplify the effects of
manipulations: humans are so good at guessing and filling in gaps that degraded speech is hard to understand particularly [57],
or sometimes only [58,72], in noisy listening conditions. In this task, listeners simply needed to identify which numbers they
heard (§2).

As expected, our results showed that SNR had a major effect on performance: the numbers entered by participants better-
matched target sequences when the signal was less noisy (higher SNR), but comparable SNR-response curves were obtained for
all NLP conditions (figure 2A). Looking at the main effect of NLP condition across all SNRs and pitch levels, only the addition
of frequency jumps led to a small, but statistically robust increase in errors compared to the condition without NLP: +0.03 (95%
CI [0.01, 0.05]; figure 2B). This was clearly driven by the noisiest recordings with SNR < 0 dB (figure 2C). Averaging over SNRs
of —6 to -1 dB, the addition of frequency jumps relative to no NLP increased matching errors by +0.07 [0.02, 0.14], whereas no
such effect was apparent at SNR > 0 dB: +0.01 [-0.01, 0.03]. Interestingly, the whisper condition actually improved performance
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by +0.03 [0.01, 0.05] at moderate noise levels (SNR > 0 dB), but had the opposite effect in noisy conditions (SNR < 0 dB: —-0.07 n
[-0.13, -0.01]).

Thus, the listeners’ ability to discriminate between a few target words was largely unaffected by NLP, except for a small
deleterious effect of adding frequency jumps or unvoicing the sound source in the hardest listening conditions. With only
nine possible targets (digits 1 to 9), a few minimal acoustic cues would suffice to distinguish between them. It is therefore
possible that NLP did obscure some subtle phonetic features, but these were not essential for comprehension and failed to
affect performance. Thus, we next made the task more difficult, open-ended and similar to everyday verbal communication in
Experiment 3 by testing entire sentences instead of single words.

(c) Experiment 3: Sentence transcription

In this experiment, listeners were asked to transcribe short sentences after listening to them once, with or without loud masking
noise and with similar NLP manipulations to those used in Experiment 2 (figure 3A). As expected, strong masking noise
caused a considerable drop in performance: global average word accuracy decreased from 90% to 55% and the proportion of
perfectly transcribed sentences dropped from 63% to 18% (figure 3B,D), indicating that noise made it much harder for listeners
to understand the sentences.

We focused on the effect of NLP manipulations in these two tasks of varying difficulty. To test whether bifurcations were
particularly detrimental for speech intelligibility, NLP were added either throughout a sentence (the continuous condition) or
intermittently, in several shorter episodes (the intermittent condition). Because artefacts of resynthesis are more likely when
adding NLP to entire sentences, we tested both the original recordings and their resynthesized versions without any NLP as
control conditions. Indeed, there was a small loss of intelligibility associated with resynthesis even without adding any NLP:
2.8% [1.5, 4.5] without masking noise and 6.8% [2.4, 12.4] with masking noise.

Using this resynthesized no-NLP condition as the new performance benchmark, the addition of amplitude modulation,
subharmonics or chaos had no effect on intelligibility in easy listening conditions without masking street noise (figure 3C). The
whisper manipulation had a small negative effect when it was intermittent (—2.9% [-5.0, -1.0]), and so did frequency jumps (-2.2%
[4.3, —0.4]) and the mixed condition, in which both frequency jumps and various NLP episodes were added together in a single
voice stimulus at random (-3.6% [-5.9, —1.5]). With masking noise, amplitude modulation and subharmonics still failed to affect
intelligibility, regardless of whether they were continuous or intermittent (figure 3E). Continuous subharmonics had a negative
effect (-6.2% [-11.9, —1.1]), but it was small compared with the massive drop in performance caused by frequency jumps (-29%
[-34.8, —22.3]) and whispering (continuous: —28.2% [-34.7, —=20.3]; intermittent: -38.8% [—44.2, =32.5]). The mixed manipulation also
caused a marked drop in speech intelligibility: -33.7% [-39.3, —27.3]. The chaos conditions were intermediate in their effects
(continuous: -14.4% [-25.1, —7.4]; intermittent: =19.1% [-28.4, -10.8]).

Contrary to predictions, we did not find any robust difference between continuous and intermittent amplitude modulation (a
difference of +0.00 [-0.01, 0.02] without masking noise, and —0.01 [-0.09, 0.04] with masking noise), subharmonics (-0.01 [-0.03,
0.01] and -0.02 [-0.08, 0.02]) or chaos (—0.01 [-0.03, 0.01] and +0.04 [-0.06, 0.14]). However, intermittent whispering was indeed
worse for intelligibility than unvoicing the entire sentence (by 0.03 [0.01, 0.05] without noise and 0.10 [0.05, 0.18] with noise),
presumably because it was confusing to switch between normal and whispered phonation repeatedly within the same sentence
or word.

To summarize, none of the tested NLP manipulations compromised speech intelligibility in normal listening conditions,
whereas in challenging conditions with added street noise the strongest impact was caused by manipulations that interfered
with voicing, namely, the whisper, frequency jumps and mixed NLP conditions. In comparison, the impact of chaos was moderate
and possibly mediated by partially obscuring voicing distinctions when it was introduced on top of loud street noise. Crucially,
subharmonics and AM had no negative effect on intelligibility, even when they occurred unpredictably in several episodes and
the listening task was made very challenging.
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4. Discussion

In this series of psychoacoustic experiments, we investigated the impact of irregular phonation caused by nonlinear vocal
phenomena (NLP) on speech intelligibility. Apart from its relevance to clinical work on voice pathology, this issue is of central
importance to the study of the evolution of language. To claim that derived anatomical features of the human vocal apparatus,
such as the loss of vocal membranes, are adaptations for speech, we must show that they make the voice more suitable for
conveying phonetic information. Additional supralaryngeal resonators (air sacs) and oscillators (vocal membranes), which
are present in all apes except for humans, make the voice source less stable and predisposed to NLP [12-15,39]. Based on
this anatomical evidence and biomechanical simulations, Nishimura et al. [15] have argued that the disappearance of these
structures is adaptive for speech, but they did not test whether NLP actually impede speech intelligibility. In this article, we
report two basic findings. First, we demonstrate that vocal instability in the form of sudden jumps in voice pitch and obscured
voicing distinctions is indeed detrimental for speech intelligibility. However, continuous forms of NLP, including subharmonics,
sidebands and even chaos, have little or no negative impact on speech intelligibility, and might even improve it in certain
cases. Indeed, our second main finding is that a dense vocal spectrum caused by subharmonics or AM is actually ideal for
highlighting formant transitions, and even the net effect of highly irregular, chaotic phonation is not so clear-cut. Thus, the
assumption that NLP intrinsically mask the vocal tract conformation may need to be reconsidered. We discuss the implications
of these two results for the evolution of language and vocal communication in modern humans.
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Figure 3. The effect of NLP on the intelligibility of short sentences is absent in normal listening conditions and limited in noisy conditions, depending on NLP type.
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constant voice quality (e.g. with subharmonics) throughout the target sentence; intermittent = multiple NLP episodes within one sentence. Sample sizes: 1198 stimuli
transcribed by 104 listeners in 6199 trials without masking noise; 1195 stimuli transcribed by 99 listeners in 5811 trials with masking noise.

First of all, what kind of vocal instability compromises speech perception, and why? According to our findings, sudden
frequency jumps or voice breaks greatly reduce the intelligibility of short phrases. Although entire sentences are ecologically
valid targets for studying intelligibility, the drawback of using them is that syntactic and semantic cues become very influential
[73]. Indeed, speech intelligibility is negatively affected by any linguistically incorrect or misleading intonation [69,70] such as
flattened f,, contours [74]. We also found that frequency jumps were the only NLP type that reduced the listeners’ ability to
distinguish between a few target numbers, in which f, contours carried no phonetic information, but this effect was very weak.
Voice breaks and jumps may affect comprehension because they are simply distracting, particularly when the listening task
is challenging. On the other hand, we failed to observe the expected difference between NLP added continuously throughout
a sentence or sporadically in multiple episodes, with the exception of repeatedly switching between phonated and whispered
sound production, which was harder to understand than “whispering’ throughout the entire target phrase.

Thus, it appears that any loss of speech intelligibility arising from the presence of NLP was primarily caused by interfering
with voicing —phonetically appropriate voice onsets/offsets and smooth, predictable f, contours. In comparison, the quality of
phonation was far less important: voice signals could be tonal, biphonated (with subharmonics or AM) or even chaotic, and
still the speech retained normal or near-normal intelligibility. In other words, listeners had no problem understanding what was
being said even in ‘harsh-sounding’ speech with lots of NLP, but they struggled when speech was marked by sudden changes
in pitch and voicing. A clear implication for voice pathology is the need to carefully distinguish between different types of
irregularities in voice production. Clearly, audible subharmonics may be relatively common in the speech of healthy speakers
[50], but our results show that the resulting vocal hoarseness, though perceptually obvious and perhaps unpleasant, has a
negligible effect on intelligibility. In contrast, a shaky voice with frequent voice breaks or jumps can be much more disruptive in
producing understandable speech, potentially requiring clinical intervention.

The second key finding is that continuous, rough-sounding NLP may actually help to highlight the formants that would
otherwise remain inaudible in high-pitched vocalizations. This has important implications for other forms of vocal communi-
cation besides speech. Angry roars and screams have a high f, as a byproduct of being loud [36], but the tradeoff is that
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their spectrum has too few harmonics to excite vocal tract resonances (figure 1A), which means that they may fail to encode
filter-related formant information and potentially become less individually distinct [60,61]. If NLP partly compensate for this
high f, and keep formants audible, while also lowering the apparent pitch and avoiding a ‘tinny’ voice quality [47], they may be
highly adaptive for vocal intimidation [36]. While we did not directly investigate shouted speech or singing in the present study,
we have shown in past work that shouted speech gives rise to more NLP and is an effective strategy for vocal intimidation
[36]. It is a reasonable hypothesis to test in follow-up studies whether the intelligibility of shouted speech at high f, can be
enhanced by volitionally adding some vocal roughness—for example, by engaging the ventricular folds or the mucosa covering
the arytenoids, as in rock singing [44].

The experiments reported here have important limitations related to the method of manipulating NLP and the range of
tested stimuli. A complete methodological separation between the source and filter is necessary for a stringent test of the impact
of NLP at the source level on the intelligibility of the resulting speech signal. This requirement was satisfied in Experiment
1, which used fully synthetic phonemes, but not in Experiments 2 and 3, in which we took the filter (formants) from original
recordings and only manipulated the source (vocal fold dynamics). As a result, NLP manipulations in these experiments
would be unlikely to dramatically boost formant detection owing to revealing originally undersampled resonances of the vocal
tract. This means that we were more likely to find no effects or detrimental effects of NLP on speech intelligibility in words
and sentences than to find that NLP improved speech comprehension, making this a rather conservative test. A promising
alternative to explore in follow-up studies would be to use articulatory synthesis to combine the perfect control of Experiment
1 with the ability to create more linguistically complex stimuli, as in Experiments 2 and 3. The second major limitation is the
nature of performed NLP manipulations. While subharmonics and AM were computationally and perceptually realistic, the
chaos condition relied on an imitation of true deterministic chaos [75]. Moreover, NLP in real speech are likely to co-occur with
changes in voice intensity, intonation and most importantly with changes in the source spectrum, while here we preserved
the original spectral envelopes. Thirdly, we only tested the intelligibility of a single language, English, which heavily relies
on phonetic features potentially obscured by some NLP, such as voicing and intonation. Hypothetically, the effect of irregular
phonation on intelligibility may be weaker in languages that do not contrast voiced and voiceless consonants (about 1/3 of all
languages [76]), but stronger in languages that use lexical tones or creaky/breathy phonemic distinctions. From a functional
perspective, if humans still possessed the less-stable vocal source of chimpanzees or lacked perfect control over voice onset,
speech might compensate by employing other phonetic contrasts instead, and then whispering or chaos would presumably not
interfere with comprehension. In other words, what looks like an anatomical adaptation might just as easily be a case of cultural
selection adapting speech to the vocal apparatus, and not the other way around.

In conclusion, our results strongly support the hypothesis that the anatomical simplification of the vocal apparatus in
humans is adaptive for speech because it stabilizes the vocal source [15]. In contrast, we do not find evidence that NLP mask
formant transitions. Instead, any detrimental effects of NLP are apparently caused by interfering with (i) precisely timed and
perceptually salient onsets and offsets of phonation and (ii) smooth intonation contours. Thus, our contribution is to shift
the focus from the filter back to the vocal source itself. We also show large differences between NLP types in terms of their
impact on speech intelligibility and demonstrate that low-frequency modulation of the kind created by the ventricular folds
of anatomically modern humans has the potential to facilitate, not impede, formant perception. Furthermore, NLP do not
necessarily represent uncontrollable vocal slips—they can also be seen as desirable design features of the vocal apparatus that
can be turned on and off as needed [77], particularly given the incredible control that we humans have over our vocal output
[4]. Thus, we argue that the ability to produce NLP is not lost in modern humans, as they remain ubiquitous and functional in
human singing [45] and nonverbal communication [47,50]. Rather, we argue that NLP were only brought under better control as
part of the suite of anatomical and neurological adaptations for speech.
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