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Chapter 1

Introduction

Humans communicate by many means. The two senses most used for commu-
nication are the visual and auditory senses. These can be stimulated by other
humans by using for example hand gestures, face expressions, speech and song.
This report will give a short introduction to the auditory sense and to speech
generation. The text is mainly an abridgement of the books Hearing [1] edited
by B. C. J. Moore, and Acoustic Phonetics by K. N. Stevens [2]. The book [1]
is very much based on experimental data from analyses of animals and humans.
Many of the analyses only give indications for conclusions, but no evidence.
To make my abridgment more compact the lengthy reservations in [1] of that
some of the results presented only are likely has been left out. The detailed
experimental data to support the conclusions has also been left out. The speech
system book [2] has an extensive quantitative and qualitative presentation of
the acoustical phenomena that arise in the human speech production system.
My abridgment of the text is done by leaving out much of the detailed data and
models on the physical speech system, and concentrating on the acoustics.

This report begins in Chapter 2 by giving an anatomical and physiological
overview of the parts of the hearing and speech generation system. Chapter 3
goes into more detail of the functions that constitute human hearing. Chapter
4 describes how speech signals can be modeled.
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Chapter 2

Physical Apparatus

The hearing sense and speech production systems are built up from many dif-
ferent organs, from the lungs to the lips and from the outer ear to the nerve
fibers connected to the brain. As with most of human functions, the organs are
controlled by the brain. In this report, higher brain activities like thoughts and
forming sentences are not dealt with.

2.1 Hearing

Hear — To perceive by means of the ear.
Webster’s new Riverside Univ. dictionary.

2.1.1 Outer Ear

The Outer ear has a pinna, the projecting part of the ear lying outside of
the head, see Figure 2.1. The pinna filters sound differently depending on the
direction of arrival. This filtering gives notches at different frequencies, which
are used for the spatial localization of sound sources. The Outer ear constitutes
also the ear channel connecting the pinna to the Ear drum, see Figure 2.1.

The Outer ear has multiple resonance frequencies above 2.5 kHz [3]. The
gain at the Ear drum is approximately 0 dB for frequencies below 1 kHz, but
peaks at 2.5 kHz with a gain of 15-20 dB [3].

2.1.2 Middle Ear

The middle ear bones (ossicles) amplify the sound pressure on the ear drum to
excite the fluid in the cochlea, through the oval window, see Figure 2.1. The
middle ear has a high-pass filter characteristic with a cutoff frequency of 350 Hz
[3].
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2.1.3 Cochlea

The main purpose of the cochlea is to transfer the pressure changes of the fluid
inside the cochlea to neural firings in the auditory nerve. The pressure changes
have a large dynamic range. The lowest audible level is near the noise level
of the sound recived through the oval window. The noise level is due to the
resistance of the small opening of the oval window. This lowest audible level
corresponds to a pressure of 2 · 10−5 Pa or 0 dB Sound Pressure Level (SPL),
the conventional physical reference level. The upper level of interest is 120 dB
SPL.

The Cochlea organ is helical, turning around its axes like a spiral. The
Cochlea is divided into three chambers running from the base of the Cochlea,
or basal end, to the tip, or apex end. The chambers are wider at the base and
become narrower at the tip. At the base, the mechanical excitation through the
oval window displaces the fluid in the upper most chamber of the Cochlea, the
Scala vestibuli. The middle chamber, Scala media, is mechanically the same
as the upper chamber since they are only divided by a thin membrane. The
lower chamber, Scala tympani, is joined by the upper chamber at the tip of the
Cochlea and ends at the base in the round window. The round window acts as
a pressure release for the Cochlea, see Figure 2.2.

2.1.3.1 Basilar membrane

The middle and lower chambers are divided by the Basilar membrane, see Fig-
ure 2.2 and 2.3. This membrane is much affected by the pressure on the fluid.
The waves on the fluid in the Cochlea are hydrodynamic surface waves, similar
to ocean waves. The velocity of the surface wave is inversely proportional to the
frequency or depth, dependent on if the channel is deep or shallow, respectively.
For a mass-loaded surface wave, like in the Basilar membrane, an exponential
decay in wave propagation is introduced above a critical frequency. This critical
frequency is locally dependent on the elasticity and mass of the Basilar mem-
brane. The Basilar membrane becomes gradually more elastic towards the tip
of the Cochlea. The surface waves traveling along the basilar membrane give
rise to amplitude peaks at different locations along the Cochlea dependent on
the frequency of the stimuli. Lower frequencies travel farther and give rise to
amplitude peaks nearer the tip of the Cochlea. The Basilar membrane structure
in itself gives sharply tuned amplitude peaks, typically the low-frequency slopes
are 9 dB/octave and the high-frequency slopes are 70–100 dB/octave.

The Basilar membrane is also affected by vibrations from the Outer hair
cells, see the Section Organ of Corti. The main effect on the Basilar membrane
is amplification just after the location of the critical frequency, thus giving a
shift in the amplitude peak towards lower frequencies.

2.1.3.2 Organ of Corti

The Organ of Corti transforms the vibrations from the surface waves in the
Basilar membrane to electrical currents. This is done by the Outer and Inner
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hair cells, see Figure 2.3. The Organ of Corti is located along the Basilar
membrane from the base to the tip. The Outer hair cells connect the Basilar
membrane with the Inner hair cells.

The hair cell is a basic mechanical sensory unit. The deflection of the hair
cell tip towards and away from its basal body results in a modulation of a
standing current from ion channels in the hair cell. The deflection results in
different amounts of modulation dependent on the direction, an asymmetric
modulation. The collected ion channel current gives the receptor current. This
current then develops a receptor potential across the basal membrane of the
hair cell, which in turn modulates the transmitter releases from the afferent
synapse. The impedance of the basal membrane of the hair cell has typically a
large capacitance. This means that the receptor potential is a low-pass filtered
version of the receptor current. The RC-network has a rise-time on the order
of a millisecond. A simple hair cell then cannot encode sounds that vary on a
time scale significantly faster than a millisecond. The afferent synapse requires
1 mV to increase the transmitter release rate above the spontaneous level. The
receptor potential saturates at a few tens of millivolts giving a dynamic range
of at most 30 dB.

To overcome the short dynamic range of the Inner hair cells the Outer hair
cells are used to compress the motion of the Basilar membrane before it affects
the Inner hair cells. The Outer hair cell compression is non-linear. The Outer
hair cells are one part of the so-called Cochlear amplifier, which accomplishes
the compression. The Cochlea amplifier is not well understood but it can be seen
as an amplifier with positive feedback. The movement of the Basilar membrane
causes deflection of the Outer hair cell, which modulates the receptor current
of the Outer hair cell. The receptor current generates mechanical motion in the
Outer hair cell, which then tries to displace the Basilar membrane in the same
direction as it has begun moving. The effect is that the Outer hair cells will
decrease their lengths and give a compression of the movement for the Inner
hair cell.

2.1.4 Auditory Nervous System

The Auditory nervous system has a pathway from the Inner hair cell, through
the Auditory nerve leading to the brain. The first nucleus is the Cochlea nucleus.
The highest auditory brain activities lie in the auditory cortex. The cortex is the
nucleus at the outermost part enclosing the brain. The pathway is illustrated
in Figure 2.4.

2.1.4.1 Auditory Nerve

At each Inner hair cell multiple nerve fibers are connected. The Inner hair
cell’s receptor potential modulates the release of neurotransmitters at the base
of the hair cell. The nerve fibers have a resting or spontaneous level of firing
of action potential. When the nerve fiber is stimulated by neurotransmitter
releases, the firing – otherwise discharge – rate is increased. Since the hair cell
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the tip of the Cochlea. The fluid applies a pressure on the basilar membrane,
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Organ of Corti transforms the pressure into neural firings.
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nerve fibers lead to both the left and right parts of the Superior olivary nucleus,
so it will receive input from both ears. The projection pathway continues with
the Inferior colliculus and Geniculate nucleus ending in the Auditory cortex.
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is activated by only a range of frequencies around its critical frequency, the nerve
fibers from each hair cell are activated by this range of frequencies. A frequency-
threshold curve illustrates the sound level needed for a barely detectable increase
in firing rate for a auditory nerve fiber over different frequencies. The curve has
a dip at the characteristic frequency, and the dip become sharper for higher
characteristic frequencies. It can also be seen in Figure 2.5 that the dip of the
frequency-threshold curves changes in amplitude depending on characteristic
frequency.

The nerve fibers have different spontaneous firing rates, and the fibers with
highest rates are most sensitive. The sensitivity may vary as much as 30 dB
SPL for the nerve fiber to be stimulated above its spontaneous rate. Likewise
the upper firing-rate limit also differs; the fibers with lowest spontaneous rates
– the highest thresholds – do not saturate but instead have a reduced slope
for high amplitudes. The spread of sensitivity of the auditory nerve fibers may
explain the dynamic range of human hearing.

As seen before a single tone of low amplitude will only activate fibers at a
small range of frequencies, and when the amplitude is increased the range will
widen, most prominently for frequencies above the characteristic frequency. For
low frequency tones and the highest amplitudes, the activation range will extend
over nearly the whole frequency range. This will cause an increased masking of
other sounds, called the upward spread masking.

When two tones are present at the same time, the discharge may be reduced
if the second tone is at a frequency close to, but outside of, the frequency-
threshold curve of the first tone. A second tone of lower frequency than the
characteristic frequency must generally be 15-40 dB stronger than the dip of
the frequency-threshold curve to achieve a suppressing effect. When instead a
higher tone – in freqeuncy – is used, the level can be almost as low as the dip of
the curve. This reduced discharge rate is only valid at onset and then gradually
the firing rate recovers. The cause of this phenomena is the mechanical structure
of the Basilar membrane.

The auditory nerve fibers may phase lock the discharge to the phase of
the stimulating sound. This is accomplished through the hair cell’s preferably
changing the receptor potential at a specific phase of its bending. The phase
locking is only valid up to around 5 kHz, mainly because of the capacitance of
the responder in the hair cell.

The firing rate of nerve fibers changes when broadband noise is added to
a single tone at the characteristic frequency. The amplitude of the tone must
increase if a noticeable change of firing rate shall be detected. For a 1 dB noise
level increase the single tone must increase 0.6 dB to still be detected. This
is because the baseline discharge rate has increased due to stimulation by the
noise. The saturation level of the firing rate decreases due to an adaptation
caused by the continuos noise. The detection range is compressed.

In general, auditory neurons throughout the auditory pathway are able to
signal amplitude modulations as a modulation of their discharge. However, the
range of frequencies where the neurons can modulate accordingly decrease from
the auditory nerve to the cortex. In the auditory nerve fibers the modula-
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tion gain, between stimuli modulation and response modulation, has a low-pass
characteristic and has dropped by 3 dB at 1500 Hz.

When stimulating nerve fibers with speech signals at moderate levels it is
possible to see an increase in firing rate at the formant frequencies. When
the stimuli level is increased the discharges at the formant frequencies reach
saturation or a much reduced gain, while frequencies between formants increase
their rate, giving a vaguer resemblance to the sound spectrum. In conjunction
with the level detection, the temporal pattern can also be used for detection
of voiced sounds. Since most of the energy in voiced sounds lies below 5 kHz
nerve fibers are phase locked to the strongest harmonic component at each
formant frequency. The total amount of discharges from all the nerve fibers
are mainly from the ones which are phase locked at harmonic frequencies. This
makes it robust against background noise, and multiple speakers having different
harmonics. Since unvoiced sounds mainly have energy in broader bands, the
discharge rate increases for a larger region. This mechanism is used to detect
these sounds.

2.1.4.2 Cochlear Nucleus

The auditory nerve fibers lead to the Cochlear nucleus, which is the first au-
ditory relay in the Brainstem. All of the major auditory nuclei are organized
toneotopic or rather cochleotopic. In the dorsal (back) part of the Cochlear nu-
cleus, the auditory nerve fibers with highest characteristic frequencies project,
and the nerve fibers with lowest characteristic frequencies project in the ventral
(front) part. The frequency-threshold curves shown for the nerve fibers do not
exist in the Cochlear nucleus. The curves become wider and are more compli-
cated here. For the Cochlea nucleus, a frequency-intensity response map is used
instead, showing which frequencies and intensities of a single tone generating a
specific discharge. The response map also has areas of inhibition, which display
a decrease of discharge rate. The different typical discharges generated are il-
lustrated in Figure 2.6. In the Cochlear nucleus the Primarylike discharge type
mainly exists in the ventral part, and the Pauser, Delay and Build-up mainly ex-
ist in the dorsal part. The Chopper and Onset types exist in the whole Cochlear
nucleus.

After a tone has ceased, the neuron is less sensitive to excitation during a
time of 10 ms up to a few seconds for high and low spontaneous rate fibers,
respectively. This decrease in sensitivity may be the cause for forward masking
of sounds.

Phase locking does exist in the Cochlear nucleus for some discharge types of
neural cells but is less prominent than in the auditory nerve fibers.

The Cochlear nucleus is dependent on background noise just as are the au-
ditory nerve fibers, but with a smaller gain. A 1 dB noise level increase must
be compensated by a 1 dB increase of the single tone level to still be detected.

The ability to encode amplitude modulation is best in the Onset, Choppers
and Primarylike units, because these units have the highest stimulus modula-
tion to response modulation gain. A frequency modulation is often consistent
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Figure 2.6: Typical discharge types for neurons in the Cochlear nucleus and
other higher levels of nuclei. The black line indicates when the stimuli is present.

with the response to fixed tones, but some asymmetry can be observed. The
asymmetry can be explained by differences in the inhibitory regions above or
below the mean frequency.

The Chopper units in the Cochlear nucleus give a response that resembles
the sensitivity of the high spontaneous nerve fibers when the input level is low
and the low spontaneous nerve fibers when the input level is high. This process
gives a broader range of responses. For speech stimuli, it has been found that the
Chopper units in the Cochlear nucleus respond at the formant frequencies even
at levels where the most sensitive auditory nerve fibers do not. The discharge
of all types of units in the Cochlea nucleus is modulated by the pitch frequency.
The Onset unit is the most precise pitch-period estimator; the response has
found to follow the perceived pitch for a wide range of signals. The units in the
dorsal, high frequency part of the Cochlear nucleus do not phase lock well. The
dorsal part is sensitive to frequency modulation, so a moving formant could give
some timing response.

2.1.4.3 Superior Olivary Nucleus to Auditory Cortex

The major parts in the pathway after the Cochlear nucleus consist of the Supe-
rior olivary nucleus, Inferior colliculus, Geniculate nucleus and Auditory cortex
as seen in Figure 2.4. The different discharge type units exist in all upper nuclei
but the Onset unit becomes gradually more common for higher nuclei. At the
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medial Superior Olive phase locking still exists. For the next layer, the Infe-
rior Colliculus, only 18 percent have phase-locking capabilities. In the medial
Geniculate 2 percent show phase locking and in the auditory cortex no phase
locking above 100 Hz exists. This suggests that fine timing processing must be
accomplished early in the signal chain.

Inferior colliculus nuclei respond to amplitude modulation but in the cortex
a response is shown only up to 20 Hz. The degree of and variety of asymmetries
in the response to upward and downward frequency transitions increase from
the Inferior colliculus to the cortex. In the cortex, some units show a response to
frequency modulation although are not sensitive for a steady tone. The cortex
has an increased sensitivity to frequency modulation compared with lower nuclei.
It has also been shown that direction and width of the frequency sweep give
different responses.

Speech stimuli for nuclei more central than the Cochlear nucleus are not well
tested to date. Many units activate for speech stimuli, and the activity level
can be shown to be a non-linear combination of the amplitude level at formant
frequencies.

To localize sounds humans use both their ears. The first major nucleus
having input from both ears is the Superior olive. Low-frequency sounds can
be localized by phase differences between the sounds reaching each ear, and
high-frequency sounds are localized by level differences. The level differences
are signaled by units having an excitation signal from one ear and an inhibitory
signal from the other ear for the same characteristic frequency. The same type
of activation exists for all central nuclei from the Superior olive and up. At
the Inferior colliculus and cortex it has been shown that level-difference units
responding only to binaural stimuli exist. The level-difference detection units
are also sensitive for envelope delays of complex sounds.

The initial processing of the inter-aural phase difference processing takes
place in the medial Superior olive. The units here carry out a coincidence
detection of the inputs from each ear. It has been shown that if the phases of the
tones at each ear are varied the discharge rate varies accordingly. The inter-aural
phase difference has also been tested with noise, indicating a cross-correlation
between the signals to each ear. A similar behavior can be found between
variation in activation and degree of correlation between the two signals. The
medial geniculate and cortex reflect the processing of the lower levels of nuclei.
It has also been shown that the topographical distributions of cells correspond
to a spatial mapping.

13



la
ry

nx
ph

ar
yn

x

lung
bronchi

tr
ac

he
a

lung

nasal cavity

oral cav.

glottis
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2.2 Speaking

Speaking — The faculty or act of expressing or describing thoughts, feelings,
or perceptions by the articulation of words.
Webster’s new Riverside Univ. dictionary.

2.2.1 Anatomy

The speech production system can be divided into three main parts: below and
above the larynx, and the larynx itself. The speech production system consists
of an air passage from the lungs to the lips in which constrictions are introduced
to form the different speech sounds.

2.2.1.1 The Subglottal System

The part below the glottis is called the subglottal system and includes the
trachea, which is divided into the two bronchi. After successive divisions, the
subglottal system ends in the lungs, see Figure 2.7. The adult trachea is 10–12
cm in length and has a cross section of about 2.5 cm2. The lungs’ maximum
volume change is 3000–5000 cm3. During normal breathing the volume change
is usually less than 1000 cm3, and during speech the volume change is in the
range of 500-1000 cm3. The volume change is accomplished by moving the
diaphragm and the chest.
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2.2.1.2 The Larynx

The vocal folds are the main part in the larynx that affects speech production,
see Figure 2.8. The vocal folds are two bands of cordlike tissue, roughly parallel
to each other and perpendicular to the air passage. The vocal folds are about
1.0–1.5 cm long and 2–3 mm thick. Above the vocal folds is a second pair of
folds, the ventricular folds. The supporting structure to the vocal folds can move
the vocal folds so that they are closer togheter or are separated from each other.
The cricoid cartilage can be moved so that the maximum distance between the
vocal folds is 2 mm. The tension of the vocal folds can also be changed by tilting
the thyroid cartilage which alters the length of the vocal folds. The variation in
vocal fold length is mostly below 3 mm. The vocal fold itself is constituted by a
cover layer and the thyroarytenoid muscle. This muscle can alter the thickness
and the length of the vocal fold.

The mechanical mass and compliance of the vocal folds have been estimated.
The estimates can be used to calculate the natural frequency of the vocal folds.
For relaxed, no elongation, vocal folds the natural frequency is on average 200
Hz for females and 120 Hz for males. When the vocal folds are elongated by
20-30 percent the natural frequency is doubled.

The epiglottis is located above the vocal folds. This cartilage is 3 cm long
and 2 cm wide. The epiglottis controls the air passage, and prevents food from
reaching lower in the larynx. The epiglottis is located in the tube between the
pharynx and the vocal folds. The tube has a length of 2–4 cm and a diameter
of 1–2 cm. Surrounding the entire larynx structure is the inferior pharyngeal
constrictor muscle. This muscle can narrow the larynx tube and reduce the
distance between the ventricular folds.

2.2.1.3 The Pharynx

The pharynx connects the larynx with the oral cavity, see Figure 2.9. The
pharynx can be narrowed by a set of three pharynx constrictor muscles – inferior,
middle and superior. The pharynx can be widened by moving the tongue root
forward. All these muscles are used to change the shape of the pharynx, so
that the cross section of the tube can be varied. In the lower parts the tube is
actually several air passages. The cross sections change with the speech sounds
produced. At the level of the epiglottis the cross-sectional area is for example
0.60 cm2 for /a/ and 7.6 cm2 for /i/. The pharynx is longer for males than for
females, and the typical length is 8.9 cm for males and 6.3 cm for females.

2.2.1.4 The Nasal Cavity

The upper part of the pharynx continues vertically in the nasal cavity, see
Figure 2.9. The opening between the pharynx and the nasal cavity, called the
velopharyngeal opening, is controlled by the velum, or soft palate, and also by
narrowing the pharynx. The velum is a backwards extension of the hard palate,
the ceiling in the oral cavity, and consists of a 4 cm long, 2 cm wide and 0.5
cm thick tissue. The opening into the nasal cavity can be as large as 1.0 cm2
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or even more for normal breathing, but usually only 0.2–0.8 cm2 when nasal
speech is produced. The nasal cavity has many convolutions and therefore a
large surface compared with the cross-sectional area, which generates increased
acoustical losses. The nasal cavity is very much individually shaped, but on
average the length is 11 cm and has a volume of 25 cm3. The nostrils are the
narrowest part having a total cross-sectional area of 1–2 cm2.

2.2.1.5 The Oral cavity

The hard palate occupies half to two thirds of the anterior oral cavity, see Figure
2.9. The width of the oral cavity at the molar teeth is on average 3.5 cm, and
the height from the chew surface of the molars to the palate ridge is about 2
cm. The shape of the palate varies much between individuals.

Another main part of the oral cavity is the tongue. The tongue is supported
by the lower jaw, thus moving when the jaw moves. The tongue has several
muscles which help shape the tongue and form its surface. The cross-sections
in the oral cavity are highly dependent on the speech sound produced: an /a/
sound is produced by a low tongue body, an /i/ by a high and fronted tongue
body. The low tongue body position gives a cross-sectional area for the air
passage in the range 4–5 cm2 and the high position has a cross-sectional area
of 0.7–1.1 cm2. The oral cavity with closed jaws has an average volume of 130
cm3 for females and 170 cm3 for males. The volume increases with 20 cm3 when
jaws are opened by 1 cm which is typical maximum opening during speech. The
tongue is included in the volume calculations above. Its average volume is 90
cm3 for females and 110 cm3 for males. The average length of the oral cavity is
about 8 cm for both males and females.

Finally, the end of the vocal tract and the oral cavity is the lips. The width
of the lip opening varies for different speech sounds, and the normal range is
10–45 mm. The height of the opening is 5–20 mm. The length of the opening
can also be changed by protrusion of the lips, and the change is generally less
than 5 mm. The cross-sectional area is 0.3-7 cm2.

2.2.2 Aerodynamics

In this section the airflow and the pressure in the vocal tract are discussed. The
airflow volume from the lungs under steady-state conditions depends on the
alveolar pressure and the acoustic resistance in the air pathways. The resistance,
R, is defined as the ratio of the pressure drop ∆P to the volume velocity U =
V · A of the flow, V being the velocity and A the cross-sectional area. The
resistance give rise to an energy loss in the airflow. The resistance is higher at
constrictions and openings in the pathways.

The airflow is laminar, without turbulence, when the airflow is sufficiently
slow. The pressure drop along a tube of length L is calculated by

∆P

L
=

128µU
πD4

(2.1)
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for a circular cross-section, where D is the diameter of the tube, and µ =
1.94 · 10−4 dyne-s/cm2 is the viscosity of air at 37 degrees and 760 mm Hg. For
a rectangular cross section (a× b) with a� b the pressure drop is

∆P

L
=

12µU
ba4

. (2.2)

During vowel speech sounds which have a relatively unconstricted vocal tract
the air volume velocity is almost always below 1000 cm3/s, and often in the
range below 500 cm3/s.

As stated above, the flow is laminar only when moving sufficiently slow. The
critical velocity is determined by calculating the Reynolds number,

Re =
V hρ

µ
, (2.3)

where V is the velocity of the air, ρ is the air density, and h is a characteristic
dimension, for example roughly equal to the diameter of a circular tube, or the
minimum side in a rectangular tube. When the calculated Reynolds number is
below 1800 for rough surface tubes, as the vocal tract generally is, the airflow
is laminar. For higher Reynolds numbers the air becomes turbulent and the
pressure is proportional to V 2 instead of V , and is also more dependent on the
roughness of the tube surface,

∆P

L
=

k

D
· ρV

2

2
, (2.4)

where k is a surface roughness constant in the range 0.02 < k < 0.08.
The vocal tract may have constrictions in the air pathway. First consider-

ing airflow without turbulence, the dynamic pressure at a constriction can be
calculated by

P2 − P1 = −ρV
2
2

2
, (2.5)

where pressure in the wide and narrow section is P1 and P2, respectively, V2 is
the narrow section’s air velocity, and ρ is the air density. The equation above
is only applicable when the cross section of the narrow section is much smaller
than that of the wide section.

In addition to the pressure drop in Equation (2.5) a heat dissipation pressure
drop, due to turbulence, proportional to the dynamic pressure is also calculated,

∆P = kL
ρV 2

2

2
, (2.6)

where the parameter kL depends on the shape of the transition between the
sections. For smooth transitions kL approaches zero, and for abrupt transitions
normal values are 0.5 for narrowing, and 1 for expansions. For example, the
whole larynx pressure drop due to heat dissipation in the narrowing and expan-
sion can be modeled by a total kL = 0.87. A reasonable average for the whole
vocal tract is kL = 1.0.
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When producing different speech sounds the air volume velocity and the
pressure in the different parts of the vocal tract vary. A few examples to show
the differences are: for voiced and voiceless fricative consonants preceding a
stressed vowel the air volume flow is 200–500 cm3/s, the interoral pressure is
3–8 cm H2O, and the normal cross-sectional area at the constrictions is 0.05–
0.2 cm2. The airflow and pressure is lower when voicing the fricatives. For
voiceless fricatives the supraglottal constriction is usually less than the glottal
constriction.

For vowel sounds the average airflow is 200 cm3/s for males and 140 cm3/s
for females, but the cyclic peak airflow is in the range 200–700 cm3/s. The
cross-sectional area at the glottis is generally 0.05–0.2 cm2. Even the minimum
cross-sectional area at the supraglottal constriction is larger than the glottal
cross-sectional area, generally in the range 0.2–3 cm2. During most of the
periodic cycle of air puffs generated by the vibrating vocal folds the Reynolds
number is below 1800, and thus only minimal turbulence is generated.

The highest air volume flow during speech production is achieved for voiceless
or breathy-voiced vowels, /h/, and at the release of /p/, /t/ and /k/, where
the airflow is 500–1500 cm3/s. Voiceless vowels can be produced for example
by whispering. During these speech sounds the Reynolds number is generally
above 1800 and the airflow becomes turbulent. The glottal cross-sectional area
is in the range 0.1–0.4 cm2.

2.2.3 Kinematics

The discussion in Section 2.2.2 assumed a static vocal tract. The vocal tract
changes during speech on a time scale of a few tens of milliseconds. The changes
are the air pressure generated by the lungs, the stiffness of the vocal folds,
and the shape of the vocal tract above the trachea. The muscles controlling
these factors are limited mostly by how fast they can respond to neuromuscular
processes.

The time to complete a pressure change cycle in the lungs is about 100–300
ms, because of the response time of the muscles. But a pressure change to a
new steady state caused by a change in the supraglottal system takes about 20
ms, which is due to the physical limitations of the lungs and surrounding tissue.

To complete an increase-decreased-increased tension cycle of the vocal folds
during speech the typical time is 200–300 ms, and a simple decrease or increase
of the vocal folds can be accomplished within 100 ms.

The time for changing the glottis opening, not accounting for the vocal folds
vibrations, for a full cycle of open-close-open is 80–150 ms. It takes about 50 ms
to change the position from an open glottis suitable for an aspirated consonant
to a more narrow opening suitable for vowels with vibrating vocal folds. The
maximum velocity of the cross-sectional area change for the glottis is calculated
to be 5 cm2/s.

The tongue can be moved from one vowel configuration to another within
100 ms. If the vowels produced do not need well-defined tongue positions the
time can be even shorter, but the vowels will have a reduced clarity.
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The velum can complete a full cycle of close-open-close of the velopharyngeal
port in 200–300 ms. If the oral cavity is closed the pressure helps to close the
velum faster. The velocity of the cross-sectional area change of the port is about
10 cm2/s.

The lips can change from an unrounded shape to a rounded shape in 50–100
ms. A full cycle of nonprotrusion-protrusion-nonprotrusion movement during
speech takes about 200–300 ms.

The full cycle timings stated above can be summarized to a range of 150-300
ms. This should be compared with the mean syllable duration in read script of
200–250 ms. Each syllable has on average 2.8 phonemes – the shortest speech
sounds – giving a median duration of one phoneme in the range 70–90 ms. This
leads to the conclusion that the generation of a phoneme must be interleaved
with the adjacent phonemes.

2.2.4 Articulation Features Relation to Phonetical Sounds

The articulation features of the speech production system will change the pho-
netic sound produced when activated. Two different classes of features for the
speech production system exist, divided into articulator-free features, which are
not bound to the specific physiological parts, and articulator-bound features,
which relate directly to the physiological parts changing the acoustics. The fea-
ture models help in specifying and distinguishing the articulation configurations
for different phonologic sounds.

The articulator-free features are presented in Table 2.1. The features are
either on or off in this model. The articulator-free features specify a general
configuration affecting many parts of the vocal tract. When neither the vocalic
or consonantal feature is active the articulation configuration typical for a glide
is formed.

For the articulator-bound features there are six articulators that can be
activated – the lips, the tongue blade, the tongue body, the velum, the pharynx,
and the glottis. In conjunction a seventh type of feature is also possible, namely
the stiffening or slacking of the vocal folds. The articulation-bound features
are presented in Table 2.2. The sound produced when articulating different
phonemes is certainly dependent on adjacent articulation configurations. As
seen before, most of the articulators need 70–100 ms to move from one position
to another, which implies that the present articulation configuration should be
analyzed over a time frame of ±100 ms to be determined properly.

The articulation configurations and acoustics presented in this chapter are
analyzed in a vowel-consonant or consonant-vowel context. A different context
will affect the sound produced, since the fastest possible movements of articu-
lators are slow compared to the duration of some speech sounds. This can be
observed by an altered speech sound caused by one or several articulators, e.g.
the tongue body, not finding the correct position in due time. It is also possible
that some sounds are entirely omitted, for example if a constriction is not made
narrow enough no noise source is produced, or if too narrow a constriction exists
in the oral cavity, vocal fold vibration is not initiated.
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Table 2.1: Articulator-free features in speech production. The features are either
on or off in this model.

Feature Remark

Vocalic Forms a general open vocal tract, specifically
the oral cavity. Typical for vowel sounds.

Consonantal Forms a constriction in the oral cavity. Typi-
cal for consonant sounds.

Continuant
When active only a partial closure is made,
otherwise a complete closure. Only possible
when the consonantal feature is active.

Strident
Active when an obstacle exists downstream of
the constriction. Only possible when the con-
tinuant feature is active.

Sonorant
Active when a bypass airstream exists, pre-
venting a pressure build-up. Only possible
when the consonantal feature is active.

In clear speech extra effort is made for producing the correct speech sound.
This can be achieved by adjusting other articulators than normally used to form
the correct acoustics. It has been observed that when two speech sounds are
perceptually similar an extra effort is made to achieve a correct articulation to
enhance the differences between them. When speaking fast it is difficult for
the articulators to quickly find the correct configuration, since about 200 ms is
needed to move an articulator from one extreme to another and back again. In
fast speech it is quite common to use other articulators than normally used to
achieve a clearer speech.
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Table 2.2: Articulator-bound features in speech production. The features are
either on or off in this model.

Feature When active . . .

Round lips the lips are rounded.

Tongue blade anterior the tongue tip is touching the alveolar ridge
or a position more forward.

Tongue blade distributed a long channel is produced between tongue
blade and the alveolar ridge.

Tongue blade lateral the tongue blade is formed so air passes along
the edges of the tongue.

Tongue body high the tongue body is placed high.
Tongue body low the tongue body is placed low.
Tongue body back the tongue body is placed at the back.
Nasal the velum is open.
Advanced tongue root the pharynx is widened.
Constricted tongue root the pharynx is narrowed.
Spread glottis the glottis is widened.
Constricted glottis the glottis is narrowed.

Stiff vocal folds the vocal folds are directly stiffened by ten-
sion.

Slack vocal folds the pharyngeal walls and the vocal folds are
contracted, slackening the vocal folds.
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Chapter 3

Models and Properties of
Hearing

This section will first describe the hearing functions found in humans. These
functions have generally been observed by psychoacoustical experiments and ex-
aminations of the auditory system. Some of the models and functions presented
in this section are under debate.

3.1 Loudness Perception

Loudness is defined as that attribute of auditory sensation that corresponds most
closely to the physical measure of sound intensity. It could also be defined as how
sound intensity is perceived. Loudness is therefore a subjective measure of sound
intensity. One way to measure the subjective loudness is by loudness matching.
This is done by having listeners vary the intensity of one stimulus so that it
sounds as loud as a standard stimulus with a fixed intensity. Equal loudness
contours make up a diagram of such matched loudness, against a standard of 1
kHz and with a series of different intensities. The equal loudness contours are
graded in phons, where a tone at any frequency having a loudness of 10 phons
have the same loudness as a 1 kHz tone with a intensity of 10 dB SPL, see Figure
3.1. For the lowest intensity, the curve follows the absolute hearing threshold,
below which nothing is heard. This curve has a higher level at lower frequencies.
Gradually the equal loudness curves flatten with increasing intensity.

The loudness matching method cannot give an absolute measure of how
much steeper the loudness to intensity relation is at low frequencies compared
to higher frequencies. Therefore another measure is introduced, the loudness
scales, where only one standard is used, for example a 1 kHz tone of 40 dB SPL.
The listeners give a number of how much louder a stimulus is compared to the
standard. The measuring unit is sone, where 2 sones indicates a loudness twice
as much as the standard, and 0.5 sones indicates half the loudness. For tones
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Figure 3.1: Typical example of an equal loudness contour diagram. The number
at each curve represents the loudness in phons. This diagram is generated by
further processing of data resulting from a program found at [5], which is an
implementation of the model found in [6].
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above 40 dB SPL an equation of the loudness can be calculated,

N ′ ≈ C · Eα, (3.1)

where N ′ is a loudness per critical band, E is the excitation intensity, C and
α ≈ 0.23 are constants. The excitation intensity is found by first filtering the
input sound by a filter having the same transfer characteristics as the outer and
middle ear, that is the inverted absolute threshold curve for frequencies above
2 kHz and flat below. To compensate for levels below 40 dB SPL, nearer the
absolute threshold, a modified model is suggested,

N ′ ≈ C(ETHRQ)α · ((0.5 ESIG

ETHRQ
+ 0.5)α − 1), (3.2)

where ESIG is the excitation produced by the stimulus and ETHRQ is the exci-
tation at the absolute threshold. A simpler model is also suggested, where the
pre-filtering is the inverted absolute threshold curve for frequencies above 1 kHz
and the inverted equal loudness contour at 100 phon below 1 kHz, the loudness
is now formulated as

N ′ ≈ C · (EαSIG − EαTHRQ). (3.3)

It has been found that loudness is summed in bands, that is if a noise is
varied in bandwidth within a critical bandwidth for loudness summation main-
taining the overall intensity, the same loudness is perceived. When the noise
bandwidth increases further, the loudness increases as well. When a sine tone
target stimulus is presented in noise the loudness of the target stimulus is re-
duced compared to when no noise is present. When a perceptually similar sound
is present before the target signal, an increase in loudness occurs. This effect
only lasts for a few hundred milliseconds.

The duration of a tone affects the loudness. For tones of a short duration,
the loudness will increase with increasing duration. It could be expected that
a long duration would give a decay in loudness because the neuron firing rate
reduces after the onset. A loudness decay has been shown for low-intensity
sounds, below 39 dB above the absolute threshold.

The discrimination of loudness is the ability of the auditory system to detect
differences in the intensity of sounds. A much used term is the just noticeable
difference, which is commonly defined by the Weber fraction, ∆I/I, where ∆I
is the intensity difference and I is the intensity. For wideband noise the Weber
fraction is constant, for intensities between 20 and 100 dB above the absolute
threshold. For pure tones the Weber fraction decreases slightly at high levels.
This phenomenon is called the near miss. The near miss effect is valid for
frequencies from 250 Hz to 4 kHz; at higher frequencies a maximum in the
Weber fraction at medium intensities is seen. The Weber fraction decreases by
3 dB for a doubling in duration within a specific duration range. Durations
extending this range yield a constant Weber fraction. The range is dependent
on the tone frequency, 100 ms at 250 Hz to 10 ms at 4 kHz. Some results show
that the range is even longer.
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As pointed out before, one possible way for the auditory system to cope
with the large dynamic range of the sound intensities is to combine several
parts having different sensitivities. No such evidence has been found. The
Inner hair cells have a dynamic range of 30 dB and the auditory nerve fiber 60
dB, but human hearing as a whole have 120 dB of dynamic range. Since there
are far more auditory nerve fibers activated by low intensity then high intensity
sounds, an effect on the Weber fraction would be expected, but does not exist.
This is explained by the assumption that the auditory system does not use all
the information given for low intensity sounds. There is noise introduced in the
system corrupting low intensity sounds. This noise is likely to enter the system
for each frequency channel above the auditory nerve, probably at each synapse.

Detecting a tone in noise is easier after a while since the constant noise givs
a decay in firing rate over time. This effect is most prominent when the noise
energy is remote in frequency to the freqeuncy of the tone. At high frequencies,
the effect is also largely affected by energy close to the tone frequency.

3.2 Auditory Filter and Masking

The frequency resolution can be defined as the closest in frequency two sound
stimuli may lie without masking occuring, so that both sounds are resolved.
The frequency resolution of hearing is dependent on the auditory filters. The
auditory filters are formed by a combination of factors, the Cochlea being the
largest.

3.2.1 Auditory Filter

The peripheral auditory system contains a bank of bandpass filters with over-
lapping passbands. Each bandpass filter is an auditory filter, with a triangular
shape. The bandwidth of each auditory filter is called the critical bandwidth.
The critical bandwidth is the bandwidth over which a range of frequencies will
give a similar effect. This has been determined through experiments on mask-
ing, loudness, absolute threshold, phase sensitivity, and discerning parts of tone
complexes, although the actual bandwidths are unique to the characteristic
measured. One measure of the critical bandwidth is the Equal Rectangular
Bandwidth (ERB), which can be estimated by

ERB(f) = 24.7(4.37 · 10−3f + 1), (3.4)

where f is the center frequency. The typical standard deviation of the ERB is 10
percent of the mean value, but increases for very low and very high frequencies.
The translation from the frequency scale to the ERB scale can be approximated
by

ERBscale(f) = 21.4 log(4.37 · 10−3f + 1). (3.5)

Each ERB band corresponds to a distance of about 0.89 mm on the basilar
membrane. The “traditional” critical bandwidth flattens below 500 Hz. Later
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studies have shown that this was incorrect, and it was mainly a result of sparse
data for low frequencies. A traditional scale is the Bark scale. The Bark scale
bands can be approximated with

Barkscale(f) =
26.8 · 10−3f

1 · 10−3f + 1.96
− 0.53. (3.6)

The auditory filter is almost symmetric on a linear frequency scale at low-
and mid-levels. A model of the auditory filter is formulated by

W (g) = (1 + pg)e−pg, (3.7)

where g is the relative frequency deviation,

g =
|f − fc|

fc
, (3.8)

and p is a parameter that determines the bandwidth and slope of the skirts, and
W is the filter shape. When p increase the auditory filter becomes sharper and
the slopes becomes steeper. At higher levels, an asymmetry is shown since the
slope of the low-frequency side becomes less steep, and on the high-frequency
side the slope becomes slightly more steep. This can be compensated for by
introducing a separate parameter for the low-frequency slope, pl, and the upper-
frequency slope, pu. The model is less accurate when the range of levels is large
or when near the absolute threshold. These problems can be accommodated for
by limiting the dynamic range of the filter using a second parameter r,

W (g) =
{

(1− r)(1 + plg)e−plg + r , f ≤ fc
(1− r)(1 + pug)e−pug + r , f > fc

. (3.9)

These equations are quite accurate up to the level where pu is twice as large as
pl. An even more accurate model is also suggested, for which it is possible to
separately control the slopes at a large deviation from the center frequency.

To calculate the change of the pl parameter for different levels, the parameter
pl(x) is introduced, where the x is the effective input level in dB/ERB. Since
the auditory filter with a center frequency at 1 kHz and a level of 51 dB/ERB,
equal to 30 dB SPL, is roughly symmetric it is used as a template to construct
the other levels low-frequency slopes,

pl(x) = pl(51) − 0.38(
pl(51)

pl(51;f=1kHz)
)(x− 51). (3.10)

The high-frequency slope change is less consistent with level. At medium center
frequencies, 1–4 kHz, there is a trend for the slope to increase with increasing
level. At high center frequencies, the slope decreases slightly with increasing
level. No clear trend has been shown for low center frequencies. In Figure 3.2
the auditory filter model is illustrated for different levels.

The large number of auditory filters makes the frequency resolution high
in the peripheral auditory system. The frequency discrimination of sequential
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Figure 3.2: Model of an auditory filter with a center frequency of 1 kHz. The
parameters are set to: r = −75 dB; pu = 25 + 1 for each 10 dB level increase;
pl(51) = 29. This is quite consistent with experimental data.
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tones is 0.1–0.2 percent of the frequency of the tone compared with the approx-
imately 10 percent difference needed to discriminate simultaneous tones. The
difference is explained by the fact that the physical resolution of the periphery
auditory system is high but noise and interference are introduced in the system.

3.2.2 Masking

Masking is a term describing when a sound makes another sound inaudible.
There exist many types of masking; simultaneous, backward and forward mask-
ing. It is possible to estimate the masking at one frequency by calculating the
auditory filter shapes at adjacent center frequencies, see Figure 3.3. As seen,
although the auditory filters are symmetric, the masking threshold has a steeper
slope on the low-frequency side, due to the increase of bandwidth with increas-
ing center frequency. This model of the masking threshold is not complete since
more than one auditory filter may be used to detect a signal. The use of several
auditory filters gives an elevation of the slopes of the masking threshold. Typi-
cally, the low-frequency slope of the masking threshold is 80–240 dB/octave for
pure tone masking and 55-190 dB/octave for narrowband noise masking. The
slope on the high-frequency side is less steep and depends on the level. The
amount of masking becomes non-linear on the high-frequency side. An increase
in masker signal level gives an even greater increase of the masker threshold,
the threshold/masker signal level rate increases with increasing masker signal
level; this is called the upward spread of masking.

The effect of several maskers is hard to predict. When two equally strong
simultaneous maskers are presented, the masker threshold is often raised by
more than 3 dB, compared to the individual maskers threshold. This is called
excess masking, and occurs because the combined maskers are more efficient
than the sum of the effect of the two maskers. A possible explanation for this
is that different cues have been used to try to detect the masked signal. These
cues are then disturbed by the other masker signal, making the signal harder
to detect. As an example, one masker is continuous broadband noise, another
is a continuous sinusoid, and the detection cues are energy level differences and
fluctuation in the envelope. The second cue is very effective when the masker
is presented alone. When the two maskers are combined the noise introduces
random fluctuations in amplitude that make it difficult to use the envelope
fluctuation cue. The energy level cue is also less effective since the sinusoidal
masker increases the energy at the auditory filter output. Hence, an excessive
masking threshold exists.

The non-simultaneous masker can come either before or after the target sig-
nal. Backward masking, when the signal precedes the masker, is not understood
well. The amount of backward masking depends strongly on how much practice
the test person has had, where with sufficient practice the person shows little
or no backward masking.

Forward masking, when the masker precedes the signal, is greater the nearer
in time the masker is to the signal. The amount of forward masking in dB is
linearly related to the logarithm of the time delay. Recovery from the effect
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of forward masking increases with masker level. Thus, regardless of the initial
amount of forward masking, the masking decays to 0 after 100–200 ms. With
an increase in masker level the masker threshold increases, but a 10 dB increase
of masker may only generate a 3 dB masker threshold increase. This result
is in contrast to the simultaneous masking. The amount of forward masking
increases with the duration of the masker at least up to 20 ms, but the increase
may continue even for durations of up to 200 ms.

3.2.3 Masking Across Auditory Filters

Masking is not limited to the bandwidth of an auditory filter. There exist at
least three different types of masking resulting from a wide range of frequen-
cies: spectral shape, modulation discrimination interference and co-modulation
masking release. It is not strange that hearing is sensitive to differences in spec-
tral shapes since most sounds are recognized rather independently of amplitude
level. One cue for detecting a target signal is its relative shape compared with
the masker spectrum. It has been shown that the overall level can be changed
by as much as 40 dB in relation to the masker spectrum without affecting the
spectral shape constancy, or the profile analysis. A change to the spectral shape
is most easily detected when the masker spectrum is flat, with gradually decreas-
ing performance for perturbed spectra. When the number of components in the
masking spectrum increases the signal threshold decreases, up to about 11–21
components. Beyond this, the threshold increases since the components will fall
within the auditory filter bandwidth of the signal and thus give increased mask-
ing. The masking threshold is lowest when the signals are near the middle of
the masking frequency region. Profile analysis performance is best when all the
components of the masker and the signal are either unmodulated or modulated
in phase.

Another process that is affected by inter-auditory filter masking is detection
of modulation. It seems that the auditory system has difficulty distinguishing
components with the same modulation rate. An amplitude modulation (AM)
of one frequency component is harder to detect when another distant frequency
component is modulated at the same rate. This effect is called Modulation
Discrimination Interference. The interference decreases with a slope of 3–4
dB/octave of increased modulation frequency difference. The modulation of
the signal and masker does not need to be in phase for interference to occur.
The modulation discrimination interference exists also for frequency modula-
tion (FM). FM interference is sensitive to phase differences between signal and
masker. There exists also interference between FM and AM maskers and signals,
which is explained by the fact that when modulating in frequency the auditory
filter slopes give a changing gain, thus an amplitude modulation.

The third inter-auditory filter masking is in fact a release of the masking,
giving decreased masking. A tone is less masked if the masking noise, close
in frequency, is amplitude modulated at the same rate as for noise at distant
frequencies. The modulation is correlated in different frequency bands, so called
co-modulated. This names the effect: co-modulated masking release. An in-
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Figure 3.3: Auditory filter transform to masking threshold. The level at a
specified frequency and the center frequency of each auditory filter found in the
upper graph are plotted versus each other in the lower graph. Although the
auditory filters are symmetric, the masking threshold has a steeper slope on the
low-frequency side.
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crease in co-modulated masking release is achieved for narrower noise masker
bandwidth, lower modulation frequency, higher masker level, more frequencies
having modulation, more in-phase, and shorter delay between masker onset and
signal onset. The most important factor is the number of masking noise bands
present, up to 3–4 bands. Co-modulated masking release can work for concur-
rent masked tones, with different noise modulation.

3.3 Time Models

A sound does not necessarily have to be increased in level to reach the hearing
threshold, as the duration of the signal has also influence on the detectability.
The signal duration influence can be modeled as an integration of the signal
power. For short durations the integration model is quite accurate but for
longer durations the accuracy decreases, as a few examples show. For sinusoids
segments in quiet the signal threshold in dB is approximately linearly dependent
on the logarithm of segment duration with a slope of −3/4, at least up to 0.5
seconds. For sinusoids segments in masking noise the slope is −1 up to 300
ms, after which the slope increases to zero. For noise bursts in quiet the slope
is approximately equal compared to a sinusoid in quiet, −3/4, at least up to
1 second. For a noise burst in masking noise the slope is −1/2, for durations
up to approximately 200 ms, after which the slope is increased towards zero.
The integration model assumes that the signal is detected at the end of the
signal segment since the integrated power is maximized at this point. Recent
theories suggest that the loudness, or other compressed magnitude relation, is
an integrated measure instead of a momentary signal power measure, since this
gives a better fit to experimental data.

Humans can hear very short durations of signals. One experiment to derive
an estimate of this is to play two click sounds with different amplitude levels
both forward and backward. If the listener can decide the order of the clicks, the
temporal resolvability is less than the total sound duration. Since the amplitude
spectrum of such sounds is independent of the play direction the decision must
be made based on time cues. Experiments show that the time threshold is 2 ms,
but may be as short as 200 µs with extensive training. More general temporal
acuity experiments show that for durations of 20–30 ms it was possible to detect
the order of two sound signals. At durations of 20–30 ms it is also possible to
detect the order when one or both of the stimuli instead are light signals percived
by the eyes.

Detection of a silent gap between two stimuli is dependent on the bandwidth
of the stimuli but insensitive to total stimuli duration and temporal position
of the gap within the sequence. The gap threshold varies roughly with the
reciprocal of the square-root of the bandwidth of the stimuli. The just-detectable
gap – measured in logarithm of gap duration – increases linearly with the second
stimulus decrease in dB. The just-detectable gap reaches a maximum of 200 ms
when the second pulse is 0 dB.

The detection threshold for two sounds starting, or ending, at the same time
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has been tested in experiments, where the main parts of the sounds overlap.
The onset detection threshold is less than 1 ms. It has been shown that an
onset asynchrony threshold is about 3 to 10 times smaller than an offset asyn-
chrony. It is also easier to detect when the asynchrony component appears alone
either before or after the other sound. Detection is also easier for asynchrony
of harmonic signals, at least up to frequencies where several signal components
fall within the same critical band. The overall detection of asynchrony in high
frequency signal components is poor. For frequencies below 2000 Hz onset asyn-
chrony of harmonic signals is detectable when the odd component starts only
1/4 cycle before the remaining components. When the signal components are
started individually at a specific time distance from each other, the onset asyn-
chrony detection of a signal component breaking the pattern is more difficult
to detect. The offset asynchrony detection is not affected by the asynchrony of
the rest of the complex.

3.4 Pitch Perception

Pitch is defined as that attribute of auditory sensation in terms of which sounds
may be ordered on a scale extending from high to low. For pure tones, pitch
is mainly the frequency of the tone, although other factors can change the
perceived pitch. Many other sounds, even without tonal components, may give
rise to a pitch sensation. Many people may hear relative pitches accurately,
but absolute pitch perception is rare and is probably due to innate abilities
combined with training at an early age.

The mel scale is a translation between perceived pitch and a pure tone fre-
quency. A 1 kHz tone translates to 1000 mels, a tone that sounds twice as high
in frequency is 2000 mels, and a tone that sounds half as high is 500 mels. The
mel scale is related to the non-linear bark scale, 100 mels = 1 bark. The per-
ceived pitch also depends on the intensity of the tone. For tones below 1 kHz
the pitch decreases with intensity, for the frequency range 1–2 kHz the pitch
remains unaffected, and above 2 kHz the pitchs increase with increasing inten-
sity. This effect of intensity is small and varies considerably between listeners.
When the pure tone is partially masked by a masker of lower frequency, the
pitch increases. A masker above the original tone gives a much less prominent
decrease in pitch.

The pitch sensation mechanism is mainly located in the central parts of the
auditory system, and gives a virtual pitch. When a harmonic complex of tones
is missing the fundamental frequency, the pitch can still be perceived at the
frequency of the fundamental, as the auditory susyem makes use of information
from several frequency bands. The peripheral auditory system contributes with
spectral pitch cues, like pure-tone pitch shifts and phase locking. The pitch of
a harmonic sound can still be perceived when all harmonic frequency resolv-
able components are removed, but the performance decreases gradually with
increasing number of removed resolvable components. Although the harmonic
components are equally spaced, the larger frequency bands at higher frequencies
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give unresolvable components. The just noticeable difference of the fundamental
frequency dropped from 0.5 Hz to 5 Hz, when components were removed. When
only unresolvable components are present, the phase between the components
are of importance, improving the performance when the crest factor, or peaked-
ness, was minimized. The central auditory system is capable of sorting out
harmonics of several simultaneous harmonic complexes and their correspond-
ing fundamental frequency. This process does not depend on localization cues
of the different sounds. It is individual and ambiguous when a harmonic tone
complex will be perceived as one holistic pitch or perceived as many pitches of
the individual components in the complex.

Noise sounds may also be perceived as having a pitch. When any sound is
echoed, that is delayed and added to the original signal, a pitch matching the
delay is heard. This pitch is emphasized with multiple synchronous echoes, gen-
erating a spectral shape similar to comb filtering. The typical delay generating
the effect is 1–10 ms. When broadband noise is filtered, with a steep slope in
the transition region, a faint pitch is heard near the cutoff frequency. Gating
or amplitude modulating a noise signal with a sine wave below 100 Hz gives a
pitch perception nearly as strong as for a pure tone.

Speech containing pitch, like vowels and voiced consonants, is caused by
vibration of the vocal cords at the fundamental frequency. The continuous
variation of the pitch, called intonation pattern, carries important prosodic in-
formation. The pitch in speech is determined by the number of critical bands
the fundamental frequency is swept over, although very little energy exists at
the fundamental frequency. This bears a strong resemblance to the mel scale be-
havior, which also is very related to the critical bandwidths, although intended
only for pure tones.

3.5 Auditory Grouping and Identification

3.5.1 Auditory Grouping

Auditory grouping is divided into two categories: primitive grouping mecha-
nisms which partition the input on the basis of simple stimulus properties, and
schema governed mechanisms which use learned patterns of refined inputs. The
schema governed mechanism may or may not use specific primitive cues to group
sounds. This mechanism is not discussed in this report. It can also be noted
that a sound can be group in one perspective and still be perceived as individual
components in another.

3.5.1.1 Primitive Grouping Mechanisms

The peripheral auditory system contributes with cues to the central processing
of auditory grouping. Such cues are frequency resolution, phase locking and
adaptation. The frequency resolution contributes by resolving harmonics, at
least for the lowest eight. Higher harmonics cannot be resolved because several
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fall within the same auditory filter range. Phase locking will occur for frequen-
cies below 4–5 kHz. For higher frequencies a phase locking to the total envelope
within an auditory filter occurs. For a periodic complex tone, this envelope
repeats at a rate equal to the fundamental frequency. The adaptation makes
the firing rate rapidly increase and then reduce. This gives cues for the starting
time of sounds.

A harmonic complex of tones is grouped to one sound source. The harmony
is more important than the direction of the sound for the grouping effect. It
has been found that the perceived location is determined after grouping of the
harmonic components. When mistuning one component of a harmonic complex
of tones by about 2 percent, it is distinguished for low harmonics as a separate
tone and for higher harmonics as a beating. Beating is only heard for longer
sequences, when at least a full cycle of beating can be heard, which is typically
not possible below 50 ms duration.

The mistuning of higher harmonics is not heard as a separate tone, not
even for large mistunings. Instead a roughness can be heard. The ability to
hear out a component is not just dependent on the harmonic number, but
the absolute frequency is also important. The possibility of separating two
harmonic complexes increases when the harmonics can be resolved. When both
complexes have resolvable components, a 2 percent difference in fundamental
frequency (F0) is enough to hear two sources, but when one of the complexes
has unresolvable components the threshold is about 10 percent of the F0. When
a component of a harmonic complex is mistuned the perceived pitch is changed.
For small mistunings the pitch is changed with the mistuning, and for larger
mistunings the pitch returns gradually to the complex perceived pitch.

As discussed before an onset asynchrony of a component in a harmonic
complex can easily be detected but it is still grouped with the complex up to
leads of about 30 ms.

When tones are amplitude modulated they may be fused to one sound, if
the modulation rate is below 50 Hz and similar in phase. Frequency modu-
lation phase differences are detected in harmonics by their mistuning. Phase
differences in FM cannot be detected for inharmonic tones.

3.5.1.2 Auditory Grouping of Speech

Voiced speech constitutes harmonics with amplitude peaks at the formant fre-
quencies. An /I/ vowel may be changed to an /e/ by slightly increasing the fre-
quency of the first formant frequency (F1). When a formant frequency changes,
the harmonics change in amplitude but not in frequency since it is only depen-
dent on the F0. If instead of altering the amplitude of a harmonic it instead
is mistuned, which thereby reduces its grouping with the complex, a change in
vowel appears at 8 percent mistuning. The threshold is larger than for distin-
guishing the component but is similar to the mistuning needed for not affect-
ing the perceived pitch. When the harmonics adjacent to individual formant
frequencies have different F0 they are still perceived as one syllable in quiet
backgrounds, but if simultaneously presenting several syllables the formants are
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grouped by fundamental frequency. The threshold for separating speech sig-
nals is 6–12 percent of F0 differences and improves at least up to 19 percent
differences in F0.

To remove a formant and thereby change the syllable an onset asynchrony
in the range 100-300 ms is needed. When instead whole syllables have different
onset times, less than 5 ms is needed to separate them.

When a vowel sound has frequency modulated components it is more easily
separated from a background of unmodulated vowels than when all or none of
the vowels are modulated. FM increases the fusion, but it seems that this cue
is not much used by listeners.

It is possible to understand speech even in the absence of primitive cues. An
example is to synthesize speech by modulating sine waves according to formant
frequency variations, without a fundamental frequency. When listeners are told
that they will hear speech, the message can be understood. Because of this it
may be claimed that the perception of speech does not require primitive grouping
mechanisms, but primitive grouping cues are still used to separate the speech
from the background. It has also been shown that the intelligibility improves
when the amplitudes of the sine tones are co-modulated. The co-modulation
rate is similar to that of speech, caused by the opening and closing of the glottis.

3.5.2 Auditory Identification

When identifying a sound an identification of the sound object generally is
done. The sound object is the event that generated the sound. The perceptual
qualities of a sound object are termed timbre. A sound object can be modeled
as a sound source and a filter, like the air passing the vocal cords and filtered
by the vocal tract, or striking a string on the guitar filtered by the resonances
of the guitar body. The source has several modes, or resonant frequencies, of
excitation with individual damping, all of which change over time. The modes
are then filtered by several resonance frequencies of the filter. The excitation
part of the model is dependent on the energy introduced in the system, and the
filter is dependent on the physics of the object.

Auditory objects are generally identified by one or more of the cues: fre-
quency spectrum shape, onset and offset transients, transitions between sounds,
timing and rhythm. Cues often change for the same sound object, so a direct
match cannot be made. The sounds are perceived in a context which affect the
cues.

In voices the source has some possible cues: average fundamental frequency,
frequency range, and contour of the vocal fold vibration. Typical fundamental
frequency ranges for men are 80-240 Hz, for women 140-450 Hz, and children
170-600 Hz. The F0 range is 2 to 1 for natural speech and 3 to 1 for singing.
The filter part of the model gives the cues: strength, frequency, and bandwidth
of the formants. It seems that the most important cues for recognition and iden-
tification are average fundamental frequency, formant frequencies, and formant
bandwidths. This has been found by exchanging filters or sources for different
speakers, and listeners have been asked to identify the speaker. Although these
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cues are much tied to the physiology of the speaker, other cues are also of impor-
tance such as F0 contour and syllable duration. It should be remembered that
if the more obvious cues are removed or masked, listeners tend to use whatever
cues are available.

It has been suggested that six types of voice phonations can be produced:
normal, vocal fry, falsetto, breathy voice, harsh, and whisper. For example to
differentiate normal from breathy voice a number of cues must be present, e.g.
the spectral slope, fundamental frequency level and high frequency aspiration
noise. If only one of these cues changes the change from normal to breathy voice
type is much less prominent or even nonexistent.

An investigation of unpleasant sounds has been conducted. The sound
judged most unpleasant was the scraping of a garden tool across a piece of
slate, followed by rubbing two pieces of styrofoam together. Surprisingly the
low frequency spectrum part produced the unpleasant perception. When the
amplitude envelopes were smoothed, no effect on the perceived unpleasantness
was found. In another experiment, listeners judged the texture of an object by
the sound produced by scratching the surface. It was possible for the subjects
to judge the texture by sound although the accuracy was much less than when
they were allowed to touch the surface.

For sequences of sounds, the gross temporal pattern classified the sounds
as similar, like hammering and knocking, or sawing and filing. To distinguish
bouncing from breaking, two factors are important: the accelerating time inter-
vals of impact and the spectral shape. A breaking sound is actually many bounc-
ing sounds with different spectral shapes. When using the timing of bouncing
but exchanging the spectral shape for each bounce no bouncing was perceived.
When instead the spectral shape was the same for all impacts but averaged
from breaking parts a bouncing was perceived. If the overlap impact timing of
multiple parts was used and all having the same spectral shape a bouncing was
heard. The time-varying spectral pattern provides the information needed to
perceive different sounds.

When studying the brain it has been found that verbal sounds are processed
in different areas as compared with non-verbal sounds, although they have a
similar pattern of perception for identification and discrimination. The similar-
ity in perception has been explained by the fact that the different areas utilize
equivalent cellular architecture.

3.6 Spatial Hearing

3.6.1 Properties of Binaural Processing

The spatial acuity in the audial domain is about 2 orders of magnitude less than
for the visual domain. The auditory sense outperforms the visual in one way
since it can get information from all directions, while the visual sense is limited
to the frontal region.

When using headphones lateralization can be determined from the sound in
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the ears. The lateralization perception is different from the localization percep-
tion given from free-field sounds in that it gives a sensation of an internal sound
image in the head along a line between the two ears. The localization perception
results in a sound image at an external space location, this is explained further
down. The perceived sound image can be moved by introducing a time delay
or amplitude difference between the ears. The image moves to the right if the
sound signal at the left ear is delayed or weakened. The time delay is used for
low frequency sounds (below 1.5 kHz), and the level difference is used for high
frequency sounds (above 4 kHz). The range between low and high frequencies
has reduced lateralization performance. This use of cues is explained by the
acoustical properties, making high frequency time delays ambiguous, and level
differences for low frequency sounds small between the two ears.

The left or right end-point in lateralization is reached for an 18 dB level
difference between the ears, with a rather linear dependence between level and
lateralization. The time delay, or actually phase difference, between the two
ears saturates at one end-point when a 120 degrees phase difference occurs.
The lateralization perception is better with a strong correlation between the
signals to the two ears. With decreasing correlation the sound image becomes
diffuse, filling the entire head. The binaural masking of sounds is very related
to the correlations of the masker and target signals between the ears. In other
words, one detection cue of a signal is the changing of binaural correlation.

When a sound source oscillates in lateral position faster than 2.4 Hz the
lateralization perception is blurred, and at a rate of 10–20 Hz no movement of
the source can be heard. The time-delay dependent lateralization perception
has the worst performance regarding an oscillating sound source.

The localization performance in the horizontal plane is comparable to the
lateralization performance, with a performance degradation in the 2–4 kHz fre-
quency range. The best horizontal position discrimination is accomplished for a
frontal position, where the resolution is 1 degree of the arc. The resolution drops
when concurrent sounds should be positionally discriminated, and for sounds
with similar spectra it was impossible.

The localization perception of a sound object use the cues of the head and
pinna “shadowing” of the sound arriving at the ears in complement to the level
and time delay cues. The pinna give rise to spectral peaks and notches in the
high frequency region, above 7 kHz. The pinna filtering is due to the small
cavities of the pinna. These spectral cues are used mostly for a vertical position
perception. The spectral cues change systematically with the sound source
position. If the spectral peaks and notches are introduced at the sound source
the positional perception may estimate the position according to the spectral
cues rather than the time delay or level cues, at least for the vertical position.
Since the spectral cues only exist above 7 kHz, sound sources having energy
mainly below this limit give no acoustic cues for its vertical position.

The distance to a sound object can be judged by the sound pressure level,
the amount of reverberation, and spectral shape. The sound pressure decreases
by 6 dB for each doubling in distance, and a change in sound level related to
a known distance change gives an absolute distance cue. This has been shown
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by the fact that the accuracy of distance estimation is higher when the test
person is allowed to walk towards the sound. The distance can be judged by the
relative ratio of reflected to direct sound; when the ratio increase the distances
also increases. The spectral shape gives information about the relative distance
to a sound source, since air attenuates higher frequencies more than lower.

The resolution for determining the angle of a sound source is worse when
it moves, but approaches the resolution of fix sources when sufficiently long
durations (300–500 ms) are used. There are specific motion-sensitive units in
the auditory system. It is under debate if motion is determined by a series of
snapshots, and/or continuous perception.

When a repeated sound is heard it results in a lower level of stimulation after
a specific number of events. This behavior can be reset by moving or otherwise
altering the sound source.

3.6.2 Models of Binaural Processing

To account for some of the properties of the binaural processing, a model based
on cross-correlation has been established. The signals from each ear are audi-
ally filtered, that is, bandpass filtered for all characteristic frequencies, lowpass
filtered, and exponentially rectified. The output from the rectifier proportion-
ally controls a Poisson process firing rate function of the modeled nerve fibers.
An approximate short-time cross-correlation is calculated for each individual
characteristic frequency channel. The approximate short-time cross-correlation
is calculated by using delay-lines and a firing coincidence counter followed by a
running averaging of the counter. This model generates an array for character-
istic frequencies and internal delays where the levels of the averaged coincidence
counter are plotted. It has been shown that there exist neural cells in the brain
which respond to specific time delays, even for delays exceeding the maximum
delay caused by the physical distance of the ears. The coincidence counter array
can be used to interpret a lateral position by locating the peaks since the peak’s
delay position translates to a specific time delay between signals reaching the
ears. When the coincidence counter array is elevated, forming a ridge along a
line of characteristic frequencies, the lateral position is determined more easily.
The model is as yet only tested for simple stimuli, such as single tones and
bandlimited noise.

The binaural masking level difference phenomena can be seen in the model.
When a tonal signal is masked by noise the phase difference between the ears
affects the masking level. When the masker is in phase – forming a ridge at 0
internal delay – and the tone is out of phase a dip in the ridge can be seen at
the frequency of the signal.
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Chapter 4

Models and Properties of
Speech

The production of speech generally consists of the lungs, giving the airflow; the
glottis or other constrictions, generating acoustic energy from the airflow; and
the vocal tract, filtering the acoustic energy. This simple model has been proven
to be quite accurate. In this section, first the source mechanisms are discussed,
although the source mechanisms can be affected by the vocal tract filtering to
some extent.

4.1 Source Mechanisms

In this section an overview of all the acoustic speech sources in the speech
processing system are presented. The two main types of sources are the quasi-
periodic and the noise sources.

4.1.1 Quasi-Periodic Glottal Source

A periodic sound is often generated by vocal fold vibration. The vibration is
generated by the air pressure from the lungs, which forces the vocal folds apart,
air passes and the pressure drops, then the vocal folds close due to a reduced
force.

The upper and lower parts of the vocal folds vibrate out of phase, due to
differences in the mechanical mass and the compliance, see Figure 4.2. The
lower part has a greater mass. The lower part, closest to the lungs, is first
forced apart by the pressure from the lungs, as can be seen in Figure 4.1. When
the lower part reaches a critical lateral position, the air pressure also forces
the upper part of the vocal folds apart. This gives an air-passage through the
glottis. Due to the lighter upper part of the vocal folds and the force from the
lower part moving outwards, the upper part accelerates faster than the lower
part. As soon as the air passage has opened the air flows out and the outward

41



force drops almost to zero on the lower part. Since there is no force outwards
on the lower part it accelerates rapidly inwards, effectively closing the glottal
opening. The upper part then also begins an inward motion, and returns to the
starting position. The cycle is repeated. As can be seen by the shadowed area in
the lower panel of Figure 4.1, the glottis opens slowly and closes abruptly. The
glottal opening can be approximated by a rectangular area, having an effective
length of about 2/3 of the vocal cords length, which for males corresponds to 1
cm, and for females 0.7 cm. The glottal opening area changes proportionally to
the displacement at the narrowest part – vertically – between the vocal folds,
measured at the center – horizontally – of the vocal folds. The area changes
generate a modulation of the airflow, which in turn generates pulsating acoustic
energy.

Panel b) in Figure 4.1 is drawn using a model without constrictions in the
vocal tract and without considering the acoustic mass of the air. When account-
ing for the acoustic mass the waveforms are skewed towards a steeper closing
phase. The amount of skewness is changed in accordance with the amount of
acoustic mass, which is affected by the constrictions in the vocal tract.

The sound pressure at the lips is proportional to the derivative of the air
volume velocity at the output of the vocal tract. Since the vocal tract can
be approximately modeled by a linear transfer function, the sound pressure at
the lips is proportional to the derivative of the glottal air volume velocity. In
Figure 4.2 a typical example of the air volume velocity at the glottis and its
time derivate is drawn. The air pressure spectrum calculated for such a volume
velocity derivative falls off by about 6 dB/octave for frequencies above 2-3 kHz,
but is highly dependent on the rising slope of the dip.

The vocal fold vibration frequency is controlled by the stiffness and the mass
of the vocal folds. The stiffness is controlled by the length of the vocal folds, up
to a length of 20–30 percent in excess of their relaxed state length is possible.
The change in length also affects the thickness of the vocal folds and thereby also
the mass per unit length. A lengthening of the vocal folds by 30 percent gives
a doubling of the fundamental frequency. This complies with the fundamental
frequency range observed in adult speech.

The air pressure from the lungs affects the vibration of the vocal folds. A
doubling in pressure results in an 8 percent decrease of the period of a full glottal
cycle, due to a more rapid opening and closing of the glottis. The low-frequency
amplitude increases by about 9 dB for a doubling in the lung pressure. The
high-frequency part also increases due to the more rapid closing phase. The
start of the vocal fold vibration is dependent on the initial distance between
the vocal folds. The distance must be sufficiently large so that the pressure
from the lungs may open up an air passage, but also it must be short enough
so a pressure difference exists between the supraglottal and subglottal parts.
It has been shown that a pressure difference of at least 3 cm H2O is needed
to maintain a vocal fold vibration when the vocal fold length and distance are
optimally adjusted.

A pressed or creaky voicing is achieved by tightly pressing the vocal folds
together. This results in a shorter opened period of the glottis and an opening
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Figure 4.1: Typical pattern of vocal folds movement during periodic sound
generation, shown in panel a) by a lateral section at the center of the vocal
folds. The time marks are approximate positions in panel b), a typical example
of displacement of the upper and lower mass. The shadowed area marks the
time period during which the glottis is open. The lower part of the vocal folds
are first affected by the force of the air pressure from the lungs, later the upper
part is also affected, and the glottis is opened. Then the pressure decrease on
the lower part and the opening is closed again, followed by the closing of the
upper part as well.
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Figure 4.2: Upper Panel: typical example of the volume velocity in the glottis
during voicing. Lower panel: typical example of a time derivative of a glottal
volume velocity, which is proportional to the air pressure at the lips. The first
slow variation determines mostly the lower frequency part of the air pressure
spectrum, and the large dip contributes mostly to the high frequency part.
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area that is much smaller. This gives a reduced amplitude at low frequencies,
but a somewhat increased amplitude at higher frequencies due to the reduced
duration of the pulse. A breathy voicing is achieved by a constant leakage of air
through the glottis. The leakage is mostly due to a separation of the supporting
cartilage, not the actual vocal folds. The cartilage separation gives an opening
of about 0.03 cm2 and an airflow of 110 cm3/s at a pressure of 8 cm H2O.
This phenomena generates a smoother onset and offset of the glottal opening
because the leakage prevents an abrupt flow change. The high-frequency part
of the spectrum is lower due to the smoother closing phase.

4.1.2 Turbulent Noise Sources

Turbulent jets of air can be generated at constrictions. The turbulent air gives
rise to randomly varying acoustic energy, or noise sounds. The noise source can
be located anywhere in the vocal tract – including the glottis – where a narrow
constriction can be formed. Three main situations give rise to noise in the speech
processing system: a rapid airflow through a narrow constriction generating
fluctuation in the volume velocity; a rapid jet against an obstacle, or a surface,
generating a fluctuating force on the air; or irregularities in, or adjacent to, the
narrow constriction, generating fluctuating velocities. In speech production the
second noise generation method, jet against an obstacle, contributes most to
the sound pressure level.

The noise sound power is proportional to the cubic of the pressure drop over
a constriction, for middle and high frequencies. The spectrum is also dependent
on the distance between the constriction and the obstacle, where decreasing
distance gives an increase in the spectral level. The sound pressure spectra
have a broad peak at a frequency proportional to the ratio u/d, where u is the
airflow velocity and d is the cross-dimension of the constriction. A constant
factor between the ratio and the frequency is 0.1–0.2 for speech production.
At frequencies above the peak, typically around 1000 Hz, the spectrum has a
soft descent. A steeper high-frequency spectrum is achieved when the airflow is
terminated abruptly after a constriction.

When producing fricative and stop consonants, there usually arises one con-
striction at the glottis and one at a supraglottal location. For configurations
without vocal fold vibration the sound pressure from the glottal source increases
monotonically with increasing opening area of the supraglottal constriction. The
supraglottal source has its maximum sound pressure when the opening is about
1/
√

5 of the glottal opening area. When the vocal folds are vibrating and a
supraglottal noise source exists, a voiced fricative is produced. This situation
will generate about 7 dB lower sound level compared to a voiceless fricative,
for the same lung pressure. At the release of a stop consonant, noise can be
generated. This is due to an abrupt opening of the supraglottal constriction
which will generate a rapid airflow. At the end of the release, when the pressure
across the constriction drops to the atmospheric pressure, the pressure across
the glottis increases and several different scenarios may occur. The different
glottal scenarios are: silence, due to insufficient glottal pressure; noise, due to
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an open glottis; or vocal fold vibration, due to suitable initial glottal opening.
The glottis is capable of producing periodic and noise sounds simultaneously,

because the periodic and/or continuous airflow hits an obstacle in the larynx.
For normal, modal voicing the noise contribution is quite low, but is noticeable
at frequencies above 3 kHz. During breathy voicing the periodic voicing con-
tribution is much lower at high frequencies, and therefore the relative level of
noise sound is indeed substantial at high frequencies.

4.1.3 Other Sources

Other possible sources in speech production are: transient sources, suction
sources, and supraglottal vibrations. In the previous section the noise gen-
eration during stop consonants were explained. In conjunction to the noise, at
the very release of the closed contraction, a transient sound is generated. The
sound pressure generated by the transient is comparable with that of a glot-
tal pulse, at least above 1 kHz, but with a different vocal tract filtering. The
transients sources are located at, for example, the tongue blade or root, or the
lips.

The transient sources are also capable of generating a vibrating sound, a
trill. The principles of such supraglottal vibrations is the same as for the vocal
folds, that is a pressure build-up, release of the air by opening the constriction,
and due to the lower pressure closure of the constriction. The fundamental
frequency of the vibration is lower – for example around 30 Hz for the tongue
tip – compared with the glottis. The trill have this lower frequency because of
differences in physics, for example larger masses and surfaces of the articulators.

In some languages speech sounds are produced by suction. The sounds are
produced by forming a closed volume in the oral cavity, and increasing the
volume and thereby decreasing the pressure, followed by a release of the front
constriction. The click sounds generated are achieved by the inward flow of air.
The closed volume is formed by a constriction at the tongue body and another
at the tongue blade or lips. An abrupt click sound has a rather flat spectrum,
but the slopes descend above about 3 kHz.

4.2 Basic Vocal Tract Acoustics

In conjunction with the sources presented in the previous section a vocal tract
transfer function, from the sources to the output at the lips, constitutes a model
of the speech production acoustics. Furthermore, radiation characteristics from
the lips to a point in the air can be applied to complete the picture.

The relation between the output volume velocity at the lips, Uo(f), and the
sound pressure at a distance r from the lips, pr(f) is

pr(f) = R(f) · Uo(f), (4.1)

where R(f) is the radiation characteristic. In a first simple model of the radia-
tion characteristic the amplitude spectrum rises by 6 dB per octave, simulating
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a point source in free field.
The frequency response of the source in the system is denoted by S(f). When

the vocal tract transfer function, T (f), is considered to be a time-invariant linear
system, the relation between volume velocity at the lips and the source is

T (f) =
Uo(f)
S(f)

. (4.2)

This transfer function is determined by the vocal tract tube. The tube can be
modeled as an area function A(x), over most frequencies of interest since the
wavelengths are much shorter than the vocal tract cross-dimensions and the
sound pressure is essentially the same in a cross section at position x. The
transfer function T (f) is as a first approximation a poles-only filter. The filter
can have a large dynamic range, and hence give the general spectral character-
istic of the speech produced. The total filtering of the source is then formulated
as

pr(f) = S(f) · T (f) ·R(f). (4.3)

4.2.1 Radiation Characteristics

Most of the sound radiating from the vocal tract comes through the mouth but
some of the sound may also radiate through the head and neck. The head and
neck sound radiation is observed mostly for low frequencies and when the mouth
is closed.

For frequencies below 300 Hz the sound pressure, pr(f), at a distance r from
the mouth is well approximated by a source in free field,

pr(f) =
j2πfρUo

4πr
e−jkr, (4.4)

where k = 2πf/c, c is the sound velocity, and ρ is the air density. For higher
frequencies a more complex model is used. The head and mouth are modelled
by a sphere with a small piston. The radius of the sphere is approximately 9
cm.

For higher frequencies the sphere (head) alters the sound pressure compared
to what Equation (4.4) states. On the midline from the mouth, and from 300
Hz to about 2000 Hz, a gradual increase of an excess sound pressure by 5 dB
can be observed. Above 2000 Hz the excess sound pressure due to the sphere is
approximately fixed to 5 dB.

The sound pressure is also dependent on the angle from the source relative
the midline. Generally the sound pressure is largest at the midline. Different
patterns of sound pressure depending on the angle between the midline and the
measurement point and the frequency of the sound has been observed.
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4.2.2 Vocal Tract Transfer Function

4.2.2.1 Lossless Vocal Tract Model

An approximate model of the vocal tract transfer function consists of complex
conjugated pairs of poles and zeros. The zeros in the model are mostly due to the
nasal cavity and oral articulation configurations having multiple air passages.
The transfer function then is,

T (s) =
1

A(s)
=

1
Kp
· s1s

∗
1

(s− s1)(s− s∗1)
· s2s

∗
2

(s− s2)(s− s∗2)
. . . , (4.5)

where sn = σn + j2πfn are the complex frequencies for the poles, Kp is a
constant, and the star indicates complex conjugate. The polynomial A(s) is
associated with the poles. The poles represent the complex natural frequencies
of the vocal tract, where the formant frequencies are dependent on the imaginary
parts of the poles and the formant bandwidths are dependent on the real parts.
The formant frequencies are denoted by F1, F2, . . ., Fn, . . ., for increasing
frequency. When |σn| � 2πfn, which is generally true, the height at the formant
frequency is |πfn/σn| and the 3 dB-bandwidth Bn = |σn/π|. An increase in
formant frequency gives an increase of the total amplitude spectrum, affecting
mostly the spectrum above the formant frequency. When formant frequencies
are adjoining, an increase in the amplitude spectrum is seen in the region of
these frequencies. When the vocal tract transfer function is to model the vocal
tract within a restricted bandwidth the number of formant frequencies is finite.

The spectral amplitude at an arbitrary frequency of the output volume ve-
locity at the lips is dependent on the coupling between a source and the poles of
the vocal tract transfer function, and also on the sum of other volume velocities
from other sources and poles.

The vocal tract can be seen as a tube with a variational cross-sectional
area, changing with the distance to the glottis. To understand the acoustics
in a general circular cross section tube, a number of different fixed tubes can
be studied. In many articulation configurations the tube has 0–2 constrictions
above the glottis. The vocal tract may be modeled by a number of connected
circular cross section tubes with different diameters. The simplest form is a
uniform tube from the glottis to the lips. The resonance frequencies for different
tubes are listed in Table 4.1. To derive the natural frequencies of oscillation in
a tube, an equation for the sound pressure and volume velocity is considered,

dp

dx
= −j2πfρ

A
U (4.6)

and
dU

dx
= −j2πfA

γP0
p, (4.7)

which leads to
d2p

dx2
+

1
A

dA

dx

dp

dx
+ k2p = 0, (4.8)
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where x is the negative distance from the lips, A the cross-sectional area func-
tion, k = 2πf/c, the sound velocity c =

√
γP0/ρ, P0 is the air pressure, and the

factor γ = 1.4 for air. Equations (4.6)–(4.7) above show that the pressure and
velocity are derivatives of each other, meaning that the position of a pressure
peak give a zero velocity, and vice versa. The natural frequencies of a tube can
now be calculated by Equation (4.8) together with for the specific tube suitable
boundary conditions, although this is difficult for an arbitrary tube.

To simplify calculations on connected tubes with different cross-sectional
diameters, as for example d), e) and g) in Table 4.1, an approximately equivalent
electrical circuit is used. The acoustic mass, MA, of a tube is analogous to an
inductance, and the acoustic compliance, CA, is analogous to a capacitance. The
acoustic mass is used to model the kinetic energy in a tube, and the acoustic
compliance is used to model the potential energy in a tube.

The vocal tract has side branches in conjunction to the main tube. Possible
side branches in the vocal tract are the nasal cavity connected by the velopha-
ryngeal opening, or by dividing the oral cavity into multiple paths with the
tongue blade. These sidebranches will contribute to the vocal tract transfer
function by introducing new poles and zeros. A nasal consonant configuration
is accomplished by a small opening at the velum; a larger opening is suitable
for nasal vowels. See shape h) in Table 4.1 for an approximate tube model.

The transfer function of the nasal cavity is very much individual due to
differences in volume and coupling to sinuses in the nose. The lowest of the
poles in the transfer function is in the range 450–650 Hz. Zero-pole pairs are
also introduced, for example at around 400 Hz and 1300 Hz. The distance
between the pole and the zero is dependent on the narrow coupling between
the larger volume of the sinus and the nasal cavity. Above about 1300 Hz the
sinuses do not contribute significantly to the transfer function, but instead a
second pole at around 2000 Hz can be observed. The first separate zero is at
around 1000–1500 Hz. The nasal cavity transfer function can be incorporated
with the vocal tract transfer function by observing at which frequencies the total
susceptibility at the crossing of the nasal, mouth and pharynx tubes is zero. The
formant frequencies of the total modeled system are at those frequencies which
show a zero total susceptibility. For a uniform vocal tract tube, the formant
frequencies are perturbed upward when the velum is opened to the nasal cavity.

By forming the tongue to achieve multiple paths in the oral cavity, articula-
tion configurations suitable for lateral or retroflex consonants are formed. These
configurations introduce poles and zeros in the transfer function. A short dead-
end side branch near the mouth opening results in a reduced average distance
between the formant frequencies, because the total length has increased by the
side branch length. A substantial spectral amplitude reduction at the frequency
c/(4ls) of the introduced zero is also observed, where ls is the length of the side
branch. See shape i) in Table 4.1 for a suitable tube model of the vocal tract.

When the oral cavity is divided into two paths both ending at the mouth
opening the poles of the system are the same as those of the two individual tubes.
In conjunction with the poles, zeros are also introduced at certain frequencies
dependent on both the summed lengths and the difference in length of the two
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Table 4.1: Resonance frequencies for different basic tubes. The tubes are ap-
proximate to the vocal tract shape for different articulation configurations. The
shapes a)–c) and f) are representative of some vowel sounds, and g) is represen-
tative for a fricative consonant. Shapes h), i) and j) are representative of nasal
consonants or vowels, lateral consonants, and retroflex consonants, respectively.

Tube Resonance Frequencies Remark

a)
l

2n−1
4 · cl n = 1, 2, 3, . . .

b)
l

n−1
2 · cl n = 1, 2, 3, . . .

c)
l

n−1
2 · cl n = 1, 2, 3, . . .

d)
, MA

CA

l2l1

A1 A2
1

2π
√
MACA

Valid for low frequencies,
CA = A1l1

ρc2
, MA = ρl2

A2
.

e)
MA1

CA1

MA2

CA2
—

Difficult to calculate, but
when MA1 is large it can be
calculated as two d)-systems.

f)

l2l1

A2A1

f ′ ≈ f
(
1± 2

π

√
A1
A2

)

Valid when A1 � A2 & f ≈
f1 ≈ f2, where f1 & f2 are
the natural frequencies of the
tubes. f ′ are the 2 perturbed
natural frequencies due to in-
terference. When the dis-
tance between f1 & f2 in-
creases the perturbation de-
creases, and the individual f1
& f2 are valid.

g)
l3l2l1

A2A1

CA

, MA Sec 1: n2 · cl1 ; Sec 3: 2n−1
4 · cl3 ;

Sec 1 & 2: 1
2π
√
MACA

Valid when A2 small, as A2 in-
creases the frequencies are per-
turbed upward.
CA = A1l1

ρc2
, MA = ρl2

A2
.

h) — See text.

i)
l

ls
2n−1

4 · c
l+ls

n = 1, 2, 3, . . .. The lowest
zero at c/(4ls).

j)

l2

l1

n−1
2 · cl1 ; n−1

2 · cl2

The frequencies of the zeros
are (2n − 1)c/(4(l1 + l2)) and
(2n − 1)c/(4(l1 − l2)). n =
1, 2, 3, . . ..
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tubes. A two-path tube model can be seen in Table 4.1, shape j).
The subglottal cavities – including the lungs, bronchi and trachea – also have

a transfer function, which is fixed. The lowest poles for an adult male are at
600, 1550 and 2200 Hz, with bandwidths of 200-400 Hz. The transfer function
also has zeros. The subglottal system only affects the sound pressure at the
lips when the glottis is open. The subglottal system increases the spectrum
amplitude mainly at the F2 and F3 frequencies, when the glottis is open.

4.2.2.2 Vocal Tract Acoustic Losses

The vocal tract transfer function is described in the previous section without
losses. The effect of the losses is mainly to increase the bandwidth of the
formant frequencies. There are many different effects that contribute to the total
bandwidth at a formant frequency, and the sum of these individual bandwidth
contributions gives the total bandwidth. The acoustic losses are due to radiation
impedance, tube walls impedance, heat conduction, and viscosity.

The radiation impedance of the mouth opening will give a radiation band-
width contribution, Br, according to

Br =
f2Am
lc

Ks(f), (4.9)

where Am is the cross-sectional area of a uniform tube of length l, Ks is a factor
corresponding to the baffling effect of the head generally in the range 1–1.7. The
effect is of course less on back-cavity resonance frequencies, i.e. cavities which
are separated from the lips by a constriction.

The lossless calculation in the previous section assumed rigid walls, but the
surface of the tongue, cheeks and pharynx are pliant. This causes an energy
loss and thereby increases the bandwidth of the formant frequencies,

Bw =
GswSρc

2

2πA
, (4.10)

where Gsw is the specific acoustic conductance, cross-sectional area A, and cross-
sectional perimeter S. The bandwidth contribution at F1 is Bw ≈ 11, calculated
for a uniform tube of length 17.7 cm and diameter 2.0 cm. The compliance of
the walls may also result in a shift upward in frequency at F1, especially for very
low frequencies. Since the nasal cavity has a large surface area the bandwidth
of the poles increase when the transfer function includes the nasal cavity. The
broadening of the poles’ bandwidth is most noticeable at low frequencies.

The viscous friction increases the bandwidth as well. A uniform tube closed
at one end gives a bandwidth of

Bv =
RvA

2πρ
, (4.11)

where Rv is the resistance arising from the viscous friction.

Rv =
S

A2

√
πfρµ, (4.12)
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where µ = 1.86 · 10−4 dyne-s/cm2 is the coefficient of viscosity.
Finally, the heat conductance influence on the bandwidth,

Bh =
Ghρc

2

2πA
, (4.13)

where

Gh = S
0.4
ρc2

√
λπf

cpρ
, (4.14)

the coefficient of heat conductance λ = 5.5 · 10−5 cal/cm-s-degree, and the
specific heat of air at constant pressure cp = 0.24 cal/gm-degree.

To summarize, all of the bandwidths are dependent on frequency and the
shape of the vocal tract. For a uniform tube Br contributes most at high
frequencies, and at low frequencies the different partial bandwidths are in the
same range. For a tube with a cross-sectional area of 3 cm2 the total bandwidth
change from 20 Hz to 152 Hz for formant frequencies of 592 Hz and 3927 Hz,
respectively. For a tube with a narrow opening the total bandwidths are also
dependent on whether the formant frequencies are in a back cavity or in the
front cavity. In any case, the bandwidth contribution due to radiation is low.

There also exist acoustic losses due to the airflow at a constriction. For a
tube shaped as d) in Table 4.1 the bandwidth due to airflow is approximately

Bc =
U

2πl2A2
. (4.15)

This contribution is comparable to the bandwidth from other bandwidth sources.
For a tube shaped like g) in Table 4.1 the bandwidth due to airflow is approxi-
mately

Bc =
ρc2

πlA1Rc(1 + 4π2f2M2
c

R2
c

)
, (4.16)

where l is either the front or back cavity length, Mc is the acoustic mass of the
constriction, and

Rc =
ρU

A2
2

. (4.17)

This contribution to the bandwidth is relatively large compared to other sources
of bandwidth.

When Equation (4.16) is applied to the glottis, it can be shown that the
bandwidth at F1 during normal voicing is on average 120 Hz. For a breathy
voice even larger bandwidths are achieved. For higher formants the constriction
bandwidths drop rapidly.

4.2.2.3 Source Coupling to Vocal Tract Transfer Function

Above, the model consisting of a filter and an exciting source energy is presented.
The coupling of the vocal tract transfer function – the filter – and the sound
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source – the exciting energy – is dependent on the type and position of the sound
source and the shape of the vocal tract. Two different models of sound sources
exist: a volume velocity source excites the normal mode of the vocal tract in
proportion to the relative amplitude of the sound pressure distribution at the
point of the source; a sound pressure source will instead excite in proportion
to the relative amplitude of the volume velocity distribution at the point of the
source. That is, at positions where the normal mode of the vocal tract is large
the coupling between source and transfer function also is large. For example,
a sound pressure source will excite maximally at the opened end of a tube,
and a volume velocity source will excite maximally at the closed end of a tube.
Certainly there are maxima at positions in between as well, for higher natural
frequencies. The volume velocity amplitude distribution is at maximum where
the sound pressure is zero, and vice versa.

The typical glottis vibration during vowel sound production can be approxi-
mated by a volume velocity source, often positioned at the closed end of a tube.
When the vocal tract is a uniform tube the glottis will excite all the natural
frequencies of the vocal tract maximally.

Aspiration noise can be generated along a small section of the vocal tract
adjacent to the glottis. This distributed turbulent noise source can be modeled
as a sound pressure source, because of the occurring fluctuating forces on the
vocal tract surfaces. The coupling to the vocal tract transfer function is low for
the first natural frequency, due to a zero volume velocity at the closed end of the
tube. Since the source is distributed over a section, extending from the closed
end of the tube, the coupling to higher natural frequencies is larger. That is,
at positions where the distributed source includes maxima in volume velocity
distributions, maxima in coupling are achieved. During periods of aspiration
noise, the volume velocity through the glottis may give rise to a volume veloc-
ity source at the glottis. Such a source will contribute mostly to the output
spectrum at frequencies of the first and second formant, due to the fact that
the aspiration sound pressure source has a weak coupling in the low-frequency
region.

A continuous noise source at other positions than at the glottis is also pos-
sible. These kinds of sources are formed by an airstream against an obstacle or
a surface, and can be modeled as a sound pressure source. When the constric-
tion adjacent to the noise source is narrow the impedance looking back into the
constriction is large, giving a resonant tube consisting of only the front cavity.
A shorter cavity give rise to higher natural frequencies compared to the longer
total vocal tract. A zero is also introduced in the output spectrum; for decreas-
ing distance from the constriction to the source an increase of the frequency of
the zero is observed. When the back cavity also is considered, small perturba-
tion of the output spectrum is seen, due to pole-zero pairs with small frequency
discrepancies.

A volume velocity source is also possible at constrictions above the glottis,
giving a quasi-periodic fluctuation of the volume velocity. In this case the trans-
fer function is all-pole. The coupling is more efficient than for sound pressure
sources at low frequencies, which may compensate for the lower amplitude of
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the excitation from these sources.
Transient sources have often a different coupling at the initial release com-

pared with later in time. This is due to the rapid enlargement of the constriction
cross-sectional area. An initial volume velocity source will excite the all-pole
front cavity transfer function, just as for other volume velocity sources. In the
case where no glottal source is present, the later response is similar to the re-
sponse for a uniform tube with a volume velocity source adjacent to the position
of the transient release.

4.3 Vowel Sounds

Vowel sounds are generally produced when the vocal tract is in an open config-
uration. That is, when the constrictions in the vocal tract are wide enough to
not generate turbulent noise. The primary sound source is quasi-periodic vocal
fold vibration at the glottis.

4.3.1 Tongue Position Relative To Vowel Sound

Many of the vowel’s characteristics are controlled by different configurations of
the tongue. The basic positions of the tongue body are high, low, and non-
low/non-high (intermediate). The tongue body may also be in a frontal or a
back position. The matrix of these six basic positions is easily found by relating
the tongue position to, for example, the upper or lower rows of teeth. The vowel
matrix is presented in Figure 4.3. The fact that the palate is arch shaped helps
in controlling the cross-sectional area as only a small middle part of the tongue
needs to be controlled for the smallest constriction sizes. The air channels with
different cross-sectional areas and lengths, between the tongue and the palate,
are then both stable and repeatable. It is mostly the first and second formants
that are different for these vowel sounds, at least when considering the formant
frequencies on a Bark scaled frequency axis. The volume of the vocal tract is
roughly constant so when forming a constriction in the oral cavity a widening
in the lower half is accomplished. A high tongue-body position, otherwise high
vowel, gives rise to a low F1, due to a much constricted air channel in the oral
cavity together with a resonator in the lower parts of the vocal tract. Generally
the F1 is in the same range as the fundamental frequency, F0, that is the F1
range is 250–350 Hz and the F0 range is 50–400 Hz. The bandwidth for F1
during high vowels is approximately 80 Hz. This gives quite a high spectral
level at 0 Hz during high vowels.

For low vowels the vocal tract has a larger cross-sectional area in the upper
half of the vocal tract. The large cross-sectional area is due to a low tongue
body position and a wide mouth opening. The articulation configurations for
low vowels give a high F1, reaching a maximum when the upper wide cavity
and lower narrow cavity are of approximately equal lengths. The non-high/non-
low vowels have a tongue body position intermediate between the high and low
vowels. This articulation configuration, then, generates an F1 between the high
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Vowels

High Intermediate Low

Front

Back

/i/ /e/ /Q/

/u/ /o/ /A/

/I/
/E/

/a/

/U/
/ç/

L
ax

T
en

se

F1 ✲

F2

✻

✄

✂

�

✁ ✄

✂

�

✁ ✄

✂

�

✁

✄

✂

�

✁

✄

✂

�

✁

✄

✂

�

✁

Figure 4.3: Matrix of tongue body positions with corresponding vowels. The
inner box shows the Lax vowel positions, and the outer box shows the Tense –
basic – vowel positions. The basic vowels mark the most extreme vowels that
can be produced. Attempting to produce a vowel outside of the quadrilateral
of the /i Q A u/ vowels will give too narrow a constriction and thereby give rise
to a noise source, reducing – or eliminating – the vocal fold vibration source.
The figures at the corners and the middle illustrate vocal tract models suitable
for the vowels at these positions. The F1 increase towards low vowels, having a
range of 250–850 Hz, and F2 increase towards a frontal position, having a range
of 850–2800 Hz. The vowels /u/ and /o/ are formed with rounded lips, marked
by a circle. Vowels formed with unrounded lips are marked by an oval.
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and the low vowels. The increase of F1 compared to the case of high vowels is
achieved by a less constricted oral cavity and thereby a reduction of the acoustic
mass of the constriction. For all the vertical positions of the tongue body the
possible F1 frequencies are in the approximate range of 250–850 Hz.

The front-back tongue-body positions mostly affect the spectrum above the
first formant, and especially F2. A frontal position gives an increase in F2; the
maximum F2 achieved is also dependent on the vertical position of the tongue
body. The maximum frequency of F2 is observed for the high vowels. This
means that spectra of fronted high vowels have a large valley between F1 and
F2, where F2 is close to F3 and F4. For a backed low vowel F1 and F2 are close
together, giving a mainly low frequency spectrum. To achieve the lowest F2 the
backed tongue-body position is combined with a rounding of the lips.

It is not possible to form a vowel outside of the quadrilateral of the basic
vowels, see Figure 4.3, due to restrictions in how narrow the constriction may
be to still give rise to vowel sounds. It is possible to form other vowels than the
basic vowels, by perturbing F1 and F2 closer to the uniform tube, see Figure
4.3. One such way is rounding or unrounding the lips. A rounding of the lips
results in a decrease in the cross-sectional area and a lengthening of the front
part of the vocal tract. This lowers the natural frequencies associated with the
front cavity. For high and intermediate vowels mainly F2 is lower, and for low
vowels mainly F1 is lowered. The vowels /u/ and /o/ are already produced with
rounded lips giving an increase in F2 when unrounding the lips, see Figure 4.3.

The basic vowels discussed so far, are also called tense vowels. Vowels pro-
duced by less extreme tongue body position, i.e. intermediate between the
matrix of the six vowels and a uniform vocal tract, are referred to as lax vowels.
A tense-lax vowel can be controlled by the advanced tongue root feature. An ad-
vanced tongue root widens the pharynx and pushes the tongue dorsum upward
resulting in a narrowing of the oral cavity. For lax vowels the tongue root is
not advanced as much as for tense vowels. The lax vowel configuration is closer
to a uniform vocal tract than for tense vowels, hence F1 and F2 move towards
the center of the formant frequencies, see Figure 4.3. The tense vowels /i e o u/
then transform into the lax vowels /I E ç U/, respectively. The tense low vowels
/Q/ and /A/ change to the lax low vowel /a/. In English the lax vowels often
have a shorter duration as well. The lax-tense movement is sometimes delayed
compared with the tongue body movements. The unsynchronized movements
may give rise to diphthongs, since the vocal tract changes during voicing of the
vowel.

4.3.2 Extending the Vocal Tract with Other Cavities

One cavity that can affect the vowel produced is the subglottal system. When
the glottal opening is opened the subglottal system is acoustically coupled to the
rest of the vocal tract. This generally introduces a widening of the bandwidth of
F1 as well as a shift in frequency, often upward. The spectrum above F1 may be
affected by the resonances at approximately 1600 Hz, and interfer with formant
frequencies when F2 or F3 is close to this resonance. Speakers may avoid putting
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F2 in this frequency region to escape perturbations, and will thereby enhance
the differences between front and back vowels.

Another cavity that may be introduced during vowel sounds is the nasal
cavity. This is controlled by a closed or opened velum, which couples the nasal
cavity to the main vocal tract. In English, nasalization of vowels exist mainly
adjacent to nasal consonants. The nasalization is usually only during a part
of the vowel in English. In many languages, for example in French, there is a
distinction between nasal and non-nasal vowels. These languages have larger
spectral differences between nasal and non-nasal vowels. One general aspect of
nasalization is a flattening of the spectra below 1500 Hz. Another aspect is the
introduction of zeros at higher frequencies. During nasal vowels both the mouth
and the nose contribute to the radiated sound, in contrast to nasal consonants
where only the nose contributes. The amount of nasalization is individual and
is dependent on how much the velum is opened, and on acoustical differences
in the nasal cavity.

4.4 Consonants

In this section the consonants are presented. For an overview of the conso-
nants presented in this section see Figure 4.4. The consonant types are stops,
which form a complete closure in the oral cavity which then is rapidly released;
fricatives, which generate mainly a high-frequency noise spectrum; affricatives,
which are a combination of the stops and fricatives generating a transient release
followed by a frication noise; nasals, which have all their output sound pressure
through the nose; glides, which are similar to a vowel configuration but with a
more narrow constriction in the oral cavity; and liquids, which use multiple air
passages in the oral cavity.

Some types of the consonants are analyzed in a context of adjacent vowels,
/V C V/, that is vowel-consonant-vowel sounds. This is to emphasize how
the consonants are affected by an adjacent vowel. Commonly the vowels have
a different vocal tract articulation configuration compared to the consonants.
Another aspect is that vowels have vocal fold vibration but many consonants
do not. Therefore when analyzing consonants adjacent to vowels, they can be
observed when vocal fold vibration stops and is initiated again. The adjacent
vowel mostly used for comparison has formant peaks at 0.5 kHz, 1.5 kHz, 2.5
kHz, . . ., and a decreasing amplitude for each higher formant frequency with
about 12 dB, i.e. the natural vowel /schwa/ with a uniform vocal tract.

4.4.1 Basic Stop Consonants

The basic stop consonants are produced with a complete closure at the lips
(labial stop consonants), tongue tip (alveolar stop consonants), or tongue body
(velar stop consonants). The general events that form a basic stop consonant
are: complete closure is formed at one of the oral constrictions; pressure builds-
up behind the constriction; a release of the closure and the stop consonant sound
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Consonants

lips✛

unvoiced

voiced

labial
labiodental

alveolar
palatoalveolar

palatal
velar

stops

fricatives

affricatives

stops

fricatives

nasals

glides

liquids

/p/ /t/ /k/

/f/ /s/a /s‡//T/b

/tS/c

/b/ /d/ /g/

/m/ /n/ /N/

/z/

/w/ /j/

/l/d/r/e

astrident (airstream impinging on teeth)
bnot strident (no obstacle for the airstream)
cFirst full closure then frication phase.
dlateral (two air-passages)
eretroflex (cavity beneath the tongue)

Figure 4.4: Overview of the consonants. The consonants are shown in a matrix
of positions of the main constriction/closure in the oral cavity and the consonant
types. Since a shorter cavity generally gives a higher resonance frequency the
unvoiced consonants have a more high-frequency prominent spectrum. This is
in part due to the fact that voiced consonants must use the whole vocal tract
to couple the glottal source to the output spectrum. The cavity length has
the effect that labial consonants are more high frequency prominent then velar
consonants, with the exception of nasals which have the output at the other end
of the oral cavity.
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is produced. The speech sound produced during the stop consonants are very
much dependent on the adjacent speech sounds. The change of articulation
configuration during the stop consonant, due to the configuration differences
of the adjacent speech sounds and the closure, often gives formant transitions
adjacent to the closure.

When the adjacent speech sounds are vowels the vocal folds continue to
vibrate for 2–3 fundamental frequency pulses after the closure, that is until the
pressure over the glottis has dropped enough to prevent vocal fold vibration.
The continued vibration, however, has a much reduced amplitude. At the release
of the closure the vocal fold vibration is resumed when the pressure over the
glottis has reach a suitable level, within 5–15 ms depending on the type of stop
consonant. When a closure is formed in the oral cavity F1 decreases to about
200 Hz. At the subsequent release F1 increases again. The amplitude of F1 also
drops during the closure, and rises again after the release.

The speech sound produced during a stop consonant is dependent on several
contributing acoustical effects: formant transitions, glottal source (vocal fold
vibration), noise source at and after the release, the articulation configuration
for the subsequent speech sound, and certainly the constriction position. Prior
to the closure it is mainly the formant transitions that change the speech signal.
During the period of complete closure only vocal fold vibrations heard through
the neck contribute to the speech signal. At the release of the closure a brief
burst is generated, due to the released air flow. In the following phase a burst
of turbulent fricated noise is generated at the constriction, followed by a tur-
bulent aspiration noise generated at the glottis. Then, when the pressure over
the glottis has increased the vocal folds start vibrating and the change of the
articulation configuration for the subsequent speech sound is begun.

For a labial stop consonant, e.g. /p/, all the formant frequencies decrease
prior to closure and after the release return to their higher frequencies. This
movement is more prominent when the adjacent vowel is a back-vowel. The
higher formant’s transitions are less rapid than those of the lower formant. The
initial formant transitions after the release are of less importance since the quasi-
periodic glottal source is not initiated at this time and the vocal tract shape
does not affect the transient source or the noise source at the lips. The transient
noise source spectrum has a similar level as the subsequent vowel, but without
formant peaks. The subsequent frication noise source at the lips has a much
lower level. The aspiration noise is generated just above the glottis and thereby
the vocal tract transfer function applies to this noise source. The noise spectrum
is succeeded by the voiced vowel spectrum, which has higher amplitude at low
frequencies and comparable levels at high frequencies.

When the constriction is formed at the tongue tip, alveolar stop consonants
are generated, e.g. /t/. The events that arise are the same as for labial stop
consonants, but the effect is different since the transfer functions of the back
and front cavities are not the same. The formant transitions have at first a rapid
increase in frequency after the release of the closure. This initial transition will
not contribute to the radiated sound due to insufficient excitation. Following the
initial formant transition F1 continues to increase, while F2 and F3 decrease.
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The speed of the transition is greater when the consonant is followed by a front-
vowel, compared with a back-vowel. The transient noise burst at the release
of the closure has a peak at the front cavity’s resonance, at approximately 4.5
kHz. This generates a spectrum which has a higher level at high frequencies
compared with the subsequent vowel. The transfer function has a zero at 0
Hz which gives a low level at low frequencies. The frication noise source has a
similar spectrum shape, but with an even lower level at low frequencies. If there
is a brief delay before the vocal fold vibration is initiated, an aspiration noise
source just above the glottis is observed as for labial stop consonants.

The sound output of the velar stop consonants differs in many ways from
the other stop consonants described here, but the same chain of events applies.
An example of a velar stop consonant is /k/. Since the closure and release is
slower compared with labial and alveolar stop consonants – due to the larger
mass and length of the tongue body – the formant transitions are also slower.
Prior to the closure F2 and F3 approach each other, and after the release the
distance between them increases again. The front cavity transfer function has
two peaks at approximately 2 kHz and 5 kHz. This implies that the transient
noise source is on the same level as the subsequent vowel around F2 and at high
frequencies. The frication noise has a spectrum shape similar to the transient
noise, but at a somewhat lower level. The noise due to the glottal noise source
has a level well below the vowel and transient noise spectrum.

4.4.2 Fricatives

Fricatives are speech sounds generated by forming a narrow constriction in the
supraglottal part of the vocal tract. The constriction gives rise to a noise source
when air is pressed through it. A voiceless fricative is generated without vocal
folds vibration and the supraglottal constriction is formed in the oral cavity.
The glottal opening is adjusted to maximize the amplitude at the supraglottal
noise source. Usually, the interoral pressure difference over the constriction
is more than 80 percent of the total subglottal pressure. The noise source
amplitude shows only small variations during the narrow constriction period of
the fricative. At the beginning and end of the fricative a glottal noise source
with a comparable amplitude level to the sound in the oral cavity may arise.

A labial fricative is produced with the lips, and the labiodental fricative /f/
is produced with both the lips and teeth by forming a constriction between
the lower lip and upper incisors directing an air stream against the upper lip.
The transfer function of the 0.9 cm long vocal tract from this noise source to
the lip opening has a resonance at 10 kHz. The relatively high frequency of
the resonance will give an approximately flat spectrum, at least up to 5 kHz.
Additionally a volume velocity noise source occurs due to a fluctuation in the
volume velocity, giving a small peak affecting frequencies up to 2.5 kHz. The
overall low frequency spectrum amplitude is much lower than for an adjacent
vowel, and reaches almost the same level at 5 kHz. An aspiration noise spectrum
– due to the noise source at the glottis – is present at the beginning and end
of the fricative. This noise spectrum has about the same amplitude level as the

60



frication noise but is filtered with the transfer function suitable for the adjacent
vowel. The formant frequencies’ movement is of less importance for fricatives
since the main part of the sound is usually not affected by vocal tract changes,
and certainly not for labial fricatives. The formant transitions are similar to
the ones seen during basic consonant stops, but less prominent and without
significant excitation.

By raising the tongue blade against the roof of the mouth a narrow constric-
tion can be formed near the alveolar ridge, giving the articulation configuration
for the alveolar fricative /s/. The air stream through the constriction is directed
against the lower incisors, giving a front cavity of about 2 cm, which has a res-
onance at 4.5 kHz. This resonance frequency is about 15–20 percent higher for
females. Since the source is placed approximately in the middle of this cavity
a zero at 0 Hz and another zero at 18 kHz are observed. The zero at 0 Hz is
somewhat compensated by a volume velocity source raising the low-frequency
amplitude spectrum. The aspiration noise originating near the glottis is negli-
gible. The peak at 4.5 kHz is about 16 dB above the spectrum of an adjacent
vowel. The amplitude spectrum below the peak at 4.5 kHz is lower than the
adjacent vowel’s amplitude spectrum. It has been observed that the peak at 4.5
kHz is perceptually important for differentiating the two fricatives /T/ and /s/.
A peak amplitude below or above the adjacent vowel amplitude in this region
constitutes the important perceptual difference.

The last fricative presented in this section is the palatoalveolar fricative, /s‡/.
The suitable articulation configuration has the smallest constriction just poste-
rior to the alveolar ridge, and a long narrow channel behind this constriction.
There is also a cavity behind the lower teeth. The transfer function is estimated
to have poles at 0 Hz, 1.9 kHz, 2.5 kHz and 3.5 kHz, and there are also zeros at
around 1 kHz, 1.7 kHz and 3 kHz. This complicated transfer function is caused
by an oral cavity shape much like the shape i) in Table 4.1 in combination with
the back cavity of the vocal tract. The amplitude spectrum can be described
as having peaks at 0 Hz, 2–2.5 kHz and 3.5 kHz. The contribution from the
zeros is partly balanced by a volume velocity source. The amplitude spectrum
of the palatoalveolar fricative has an almost identical level compared with the
adjacent vowel in the region of F3 (2.5 kHz), and a higher level in the region of
F4 (3.5 kHz) and frequencies above.

4.4.3 Affricates

Affricates are stop consonants followed by a frication noise, that is a fricative
sound with an initial transient noise sound. In English the palatoaveolar af-
fricate, for example /c‡/ or /tS/, is the only affricate that is used. This affricate
is formed by a closure with the front part of the tongue blade against a point just
posterior to the alveolar ridge, showing much similarity with the palatoalveolar
fricative configuration. The initial transient source is the same as for the alveo-
lar stop consonant, that is, a peak at F4 (3.5 kHz) with comparable level to an
adjacent vowel, and a peak at 1 kHz having a quite low level. This transient is of
large importance for the perceptual judgement of the affricates. The following
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fricative part changes during the speech sound. This change is due to a change
in the size of the constriction, affecting the noise amplitude and the coupling to
the back cavity. During the first part mainly the front cavity is of importance.
The front cavity has a resonance at about F4 (3.5 kHz) and at about the same
level as the adjacent vowel. The spectrum descent on both sides of the peak
does not show any other prominent peaks, but a zero at about 0.7 kHz. During
the next 40–50 ms the turbulent noise increases. The subsequent later part of
the affricate is identical to a palatoalveolar fricative.

4.4.4 Aspiration during consonants

In this section, first a basic aspiration sound is analyzed, followed by how stop
consonants are affected by an aspiration component. An aspiration sound is
generated by an abducted or spread glottal configuration, in combination with
an air flow.

The basic aspiration consonant is /h/. The transition between an adjacent
vowel and the initial part of the aspiration consonant is analyzed. During an
aspiration sound the vocal folds are in a position where modal vibration occurs
at one end and free vibration occurs at the other end of the vocal folds. The
vocal folds are fixed together at one end, and at the other end it is possible to
divide the vocal folds. This forms a wedge formed air passage, with fluctuating
base length. During aspiration sounds the parts of the vocal folds closest to the
base never touch, and hence a sinusoidal air flow is generated. The part closer to
the top of the wedge generates a normal modal air flow, giving a normal glottal
pulse. Since the vocal fold length forming a modal glottal pulse is shorter than
for unaspirated sounds the harmonics generated have a lower level, generally -6
dB. The first harmonic though has a contribution from the sinusoidal air flow so
that the level of the first harmonic is the same as for unaspirated sounds. This
harmonic structure is generated during so-called breathy voicing. The transition
vowel-aspirated consonant or aspirated consonant-vowel has a duration of about
40–50 ms. When the glottis is opened beyond a critical point the transglottal
pressure becomes too low, and the vibration ceases.

Following the vocalic phase, a turbulent noise is generated at the glottis.
The opened glottis projects the air stream at the walls above the glottis. The
transfer function from the glottal noise source to the lip opening is almost the
same as for the periodic glottal source. These transfer functions are dependent
on the adjacent vowels, since they do not change during the /h/ consonant.
Furthermore, the difference in amplitude spectra between the periodic and the
noise source gives the difference in the amplitude spectrum of the sound pressure
at the lips. This difference is typically independent of the adjacent vowels. The
spectrum amplitude difference, measured in dB, is monotonically increasing
from -35 dB at 1 kHz to 5 dB at 5 kHz, thereafter the increase being much
less. The amplitude spectrum difference shows variability over individuals and
syllables, although all follow the trend of the curve. The conclusion then is that
the noise source is most prominent at frequencies above 3 kHz.

Since the glottis is in an opened configuration a coupling to the subglottal
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cavity may occur. The main effect of the subglottal tract is an introduction of
a pole-zero pair at about 1400–1800 Hz, with the zero at about 300 Hz lower.
The effect is seen in the amplitude spectrum by a dip at the frequency of the
zero and an increase in level for frequencies higher than the zero.

When the adjacent vowel is a high vowel, there may be a constriction in the
supraglottal vocal tract that is comparable to the glottal constriction. This will
introduce a noise source at the supraglottal constriction at the expense of the
glottal noise source. The main effect is that a part of the noise is filtered only
by the transfer function of the front cavity.

The basic stop consonants described in Section 4.4.1 can be complemented
by an aspiration. The voiceless aspiration stop consonants, /pH tH kH/, have the
above described changed harmonic structure with lower level of the harmonics
from two and upward. This is only seen during the transition phase from vowel
to stop or vice versa. The transient phase is slower for an aspirated stop than
for an unaspirated, giving a larger flow and slower increase in transglottal pres-
sure. The aspiration stop differs from the unaspirated stop in that the frication
noise source is stronger (about 5 dB). Other differences are a slight increase
in frication duration, and the subsequent aspiration phase has a much greater
duration. The longer interval of frication noise causes the change to the artic-
ulation configuration suitable for the adjacent vowel to be nearly complete at
the start of aspiration.

4.4.5 Voicing of Stops and Fricatives

For voicing to be initiated and maintained a sufficiently large transglottal pres-
sure must be achieved. As described in Section 4.4.1 and 4.4.2, when forming a
constriction in the supraglottal vocal tract the transglottal pressure decreases.
This decrease will cause the vocal folds vibration to cease. One way to pre-
vent or delay the stop of vibration is to gradually increase the volume in the
supraglottal vocal tract between the glottis and the upper constriction. Then,
the pressure build-up behind the supraglottal constriction is delayed, and hence
the transglottal pressure does not decrease below the point where vocal fold
vibration stops. The voicing is only prominent at low frequencies – in the range
of F1 – in the amplitude spectrum.

The enlargement of the vocal tract is mainly achieved by lowering the larynx.
This has also the effect of slackening the vocal folds, which facilitates vocal fold
vibration for even lower transglottal pressures. This will also give a decrease
in frequency of F0 in the range of 5–7 percent. The actual difference in F0
between voiced and unvoiced consonants are even greater since, during unvoiced
consonants, the vocal folds are actively stiffened.

Examples of voiced stop consonant are /d/ and /b/. Even though the vocal
folds continue to vibrate for some time during the closed constriction period of
the consonant the amplitude level is lowered by about 5–10 dB compared with
the adjacent vowels. Typically the voicing ceases before the release.

When the voicing is combined with aspiration of the stop consonant – as
for syllables like /bhi/ and /dha/ – the active enlargement of the vocal tract
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is faster since the air flow through the more opened glottal configuration is
larger. The voicing ceases directly after the release, followed by a brief period
of aspiration. Then the voicing is resumed.

Fricatives may also have a voicing component, for example /z/ which can be
compared with the unvoiced fricative /s/. The voicing for fricatives are achieved
in a similar way as for stop consonants. During a fricative the amplitude of the
harmonics first increases slightly compared to the preceding vowel, and then
gradually decreases. This decrease can for example be observed for a /z/, by
about 10 dB during the first 50 ms of the constricted period. For some voiced
fricatives the voicing ceases before the release of the constriction.

4.4.6 Nasal Consonants

Just as for stop consonants the oral cavity has a complete closure for nasal
consonants, although the velum is lowered to open an air passage through the
nose. During the time the velum is open – called the murmur period – the
oral cavity behind the constriction is a side-branch in the vocal tract. This
side-branch will generate zeros and poles. The location of the closure will give
rise to different nasal consonants. A closure at the lips gives the labial nasal
consonant /m/, a closure at the tongue blade gives the alveolar nasal consonant
/n/, and a closure at the tongue body gives the velar nasal consonant /N/.
During the nasal murmur the vocal fold vibration continues in the same manner
as for adjacent vowels.

In the low-frequency part of the spectrum there are two resonances and
one zero. During the adjacent vowels one zero and one pole cancel each other
leaving one pole for the F1 resonance, but during the nasal murmur the poles
and zero separate in frequency. The zero increases in frequency, and the poles
diverge since one increases and the other decreases in frequency. The spectrum
below the lowest resonance shows only a small change in amplitude over the
vowel-nasal consonant transition. The first formant divides into two spectral
peaks during the murmur, the most prominent of those being the lower one at
approximately 250 Hz.

The changes in the higher-frequency spectrum are different for the various
kinds of nasal consonants. For labial nasal consonants the formant frequencies
shift down in frequency compared with the adjacent vowel. The average spacing
between the formants is 900 Hz. The closed oral cavity causes the zero to be
shifted during the murmur period to about 1.1 kHz. The amplitude spectrum
has a rapid decrease in level during the vowel-nasal consonant transition. The
decrease of about 20 dB is most rapid in the F2 region, due to the movements of
the zero. During the murmur the amplitude spectrum level is rather constant,
and at the release of the closure the level increases again.

The alveolar nasal consonant, /n/, forms a closure with the tongue blade
against the roof of the mouth. Thereby a shorter oral cavity is formed, com-
pared with labial consonants. Due to the shorter cavity the first zero is shifted
to a higher frequency of 1.6–1.9 kHz. The formants above F1 all increase in
frequency during the murmur. The amplitude spectrum level below 1 kHz is
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mostly unaffected compared to the adjacent vowels. F2 has a drop in amplitude
during the murmur of about 26 dB, due to the zero. For the higher formants
the drop is about 20 dB. At the release the rapid increase in amplitude briefly
exceeds the subsequent vowel’s level at frequencies above 4 kHz. This is due to a
second oral cavity zero that cancels a vocal tract pole only during the murmur,
and hence the pole is revealed at the release. The main difference between /m/
and /n/ is, therefore, a larger change in F2 amplitude level for /m/.

Finally, the velar nasal consonant, /N/, is formed by a closure with the
tongue body against the soft palate. This consonant has a very short or non-
existing oral cavity during the murmur, and hence no extra zeros are introduced
in the transfer function – at least not below 3 kHz. The low frequency pole-
zero pair, described above, diverges also for velar nasal consonants. The zero
moves upward in frequency and cancels F2 during the murmur. The amplitude
spectrum during the murmur shows a rapid decrease of the level at F2 (1.5
kHz) and F3 (2.5 kHz), although the F3 level only decreases by about 20 dB.
During the murmur F2 and F3 approach each other. An extra peak in the F2–F3
frequency range is also observed in the spectrum due to a pole introduced during
the period of nasal coupling. The amplitude spectrum level at F1 (250–500 Hz)
is almost the same during the vowel-consonant-vowel transitions.

4.4.7 Glides

Glides are produced with a constriction in the oral cavity, but the constriction
is not as narrow as for fricatives. The constriction does not cause vocal fold
vibration to ceases and does not give rise to a noise source in the oral cavity.
One glide has already been presented in Section 4.4.4 as an aspiration consonant,
/h/. A quite long narrow constriction in the oral cavity and the rest of the
vocal tract gives rise to a low first formant, about 250–300 Hz. The movement
of the first formant is slow; the trajectory is almost like a parabola reaching its
minimum during the most constricted part of the glide. The first formant is
not only lower in frequency compared to adjacent vowels but also has a larger
bandwidth. The glottal pulse is also modified. Due to a pressure drop across
the constriction in the oral cavity the amplitude of the pulse is reduced. This
will result in a reduction in the low-frequency part of the spectrum by a few
dB.

The labial glide /w/ is the result of forming a narrow passage at the lips,
and raising the tongue body in the velar region. The second formant frequency
creates only a shoulder on the high-frequency side of the F1 slope. The rest
of the amplitude spectrum during the glide is about 30 dB below the F1 peak.
The spectra, then, is only prominent up to about 1 kHz.

By using the tongue to form a constriction the palatal glide /j/ is produced.
This glide has an F2 that is close to F3 and F4. The amplitude spectrum has
a broad prominent peak in the range of F3–F4 (3–4 kHz). This peak is larger
than the F2 peak at 2 kHz. Between F1 and F2 the spectrum shows a large dip.
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4.4.8 Liquids

Liquids are much like glides but the constriction in the oral cavity is much
shorter and the air passage in the oral cavity is divided into several passages.
The vocal folds continue to vibrate throughout the consonant and no noise is
generated in the oral cavity. The first formant during the liquid is in the range
330–480 Hz and has an increased bandwidth compared with adjacent vowels
and a decreased level of about 10 dB. In this section the two liquids found in
American English are presented.

The retroflex liquid consonant /r/ is formed by either raising the tongue
blade and creating a cavity beneath it, or bunching the tongue together while
keeping the tongue tip low. The formant frequences decrease during the liquid,
and a zero-pole pair is introduced. The pole in the pair is observed as a shoulder
to F2. The higher zero introduces a dip between F2 and F3 as well as lowers
the level of F3 and higher formants. At the release of the liquid both the zero
and pole approach F3 and cancel each other. The spectrum is most prominent
in the region up to F2 (1.5 kHz).

The lateral liquids are produced when the tongue blade forms a constriction,
touching the alveolar ridge along the midline, with air passages on the lateral
edges of the tongue. Often only one of the lateral edges of the tongue has an
air passage. One example of a lateral liquid is /l/. During the liquid F2 and
F3 separate in frequency. A zero-pole pair is introduced in the frequency range
3.5–4 kHz, with the zero at the lower frequency. The spectrum is prominent in
the low frequency area and at about 3 kHz. The peak at 3 kHz is quite low
compared with adjacent vowels.
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