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Abstract A known acoustic flow is generated and input to a physical (hardware) model of a vocal tract at its ’glottis’. The
output sound is measured, along with the gain of the tract (the transpedance or transimpedance: the ratio of output pressure
to input flow). These allow all stages of the Source–Filter model to be illustrated by actual experimental measurements on
the same physical model in the time and frequency domains, rather than by the usual qualitative, illustrative sketches.
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1 Introduction

The Source–Filter model [1] treats the glottis as a source of
harmonic frequency components for voiced speech or broad-
band sound for whispering. The vocal tract—the respiratory
tract downstream from the glottis to the lips—is regarded
as a filter, whose resonances produce broad spectral peaks
or formants in the output sound. In the simplest version of
the model, the source and filter are treated as being inde-
pendent, although the glottal mechanism has been shown to
affect the vocal tract resonance [3–5] andmathematical mod-
els of the vocal folds suggest that their motion is affected
by the acoustical impedance of the tract [6,7]. The Source–
Filtermodel is so fundamental to our understanding of speech
that many books and didactic articles on speech science, and
many in acoustics, include a qualitative, sketched, schema
tic representation (e.g. [6,8–10]). First, the flow signal at the
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glottis is represented in the frequency domain (and sometimes
also the time domain). Then the gain spectrum of the vocal
tract is shown. Finally the output sound spectrum is shown,
showing broad peaks in the spectral envelope, or formants
[2].1

There are good reasons why such figures in textbooks
are qualitative, illustrative sketches, rather than experimental
measurements. Because of the relative inaccessibility of the
glottis and the difficulty of measuring small acoustic flows,
the glottal flow cannot readily be measured in vivo. Instead,
it is usually estimated from the pressure signal measured
outside the mouth by adjusting the parameters of filters that
simulate the inverse transfer function of an idealised vocal
tract. For the same reason, the gain (usually displayed as the
transpedance: output pressure to input flow) of the vocal tract
cannot be directly measured, though it too can be estimated
using inverse filtering (e.g. [11,12]).

The combination of a calibrated impedance head and a
hardware model of the vocal tract can allow all the para-
meters of interest to be directly measured for the first time.
The impedance head injects the desired glottal current [14].
The transpedance of the tract and the output sound can be

1 The American National Standard Acoustical Terminology [2] is fol-
lowed here: the formant is a maximum in the spectral envelope of the
sound. Some speech researchers use formant to mean the resonance that
gives rise to the spectral maximum.
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Fig. 1 Schematic diagram (not to scale) showing how the 3-microphone impedance head is used to generate the desired glottal flow. A fourth
microphone, located at the edge of the ’lip’ aperture, is used to measure the sound pressure at the lips and to measure the tract transpedance. For
clarity, the impedance head, vocal tract and external microphone are shown slightly separated

measured using the same impedance head and an additional
microphone at the output. The purpose of this tutorial paper
is to present a set of experimental data that illustrate the sim-
ple Source–Filter model in the frequency and time domains,
and which may be used as illustrations by acousticians and
teachers.

2 Materials and Methods

The materials and methods are similar to those reported pre-
viously [14], except in this case the physical models of the
tract were constructed out of PLA (a thermoplastic aliphatic
polyester) using a 3D printer with an axially symmetric pro-
file based on the open area functions A(x) for the vowels /æ/
and /3/ taken from a study based on MRI images [15]. It is
worth noting that the resonances of this physical model are
expected to have higher Q-factors than would be present in
a human vocal tract, where the magnitude of the (complex)
visco-thermal loss factor α is typically increased by a factor
of five [16].

The three-microphone impedance head was calibrated
with three non-resonant loads; an acoustically infinite
waveguide, an open circuit and a large baffle. This technique
allows high precision and dynamic range over a wide fre-
quency range [17]. The microphones (4944-A, Brüel and
Kjær, Denmark) in the impedance head were located 10, 50
and 250mmfrom the reference plane,which in this case is the
‘glottis’ of the model tract. This gives a smallest microphone
spacing of 40 mm, which imposes an upper limit around 4
kHz to the useful frequency range. The microphone at the
lips was located immediately outside the vocal tract model
at the edge of the ‘lip’ aperture. Fig. 1 gives a schematic
of the apparatus. Their signals are passed to the computer
via a conditioning preamplifier (Nexus 2690, Brüel & Kjær,
Denmark) and a FireWire audio interface (MOTU 828, Cam-
bridge, USA).

The flow U (t) at the reference plane of the impedance
head is, by continuity, the flow into the tract at the ‘glot-

tis’. Pressure measurements at the three microphones in the
impedance head are used to calculate the (complex) ampli-
tudes of the travelling pressurewaves in the head: pleft(x) and
pright(x). The acoustic flow at the reference plane (x = 0)
is thus given by U (t) = (pright(0) − pleft(0))/Z0, where Z0
is the characteristic impedance of the cylindrical duct calcu-
lated from its cross-sectional area.

The U (t) chosen closely approximates a typical glottal
waveform calculated by [12] from inverse filtering with a
glottal contact quotient (CQ) of 0.5. (CQ = the ratio of the
glottal contact duration to the period of vibration.) It has a
fundamental frequency of 172 Hz (equal to the sampling
frequency divided by an integral power of 2; 172 Hz =
44.1 kHz/28). This value is intermediate to the typical values
of male and female speakers; it allows harmonics up to the
22nd harmonic (3.8 kHz). An inversion technique reported
earlier [18] is used to produce the desired U (t) with Fourier
transformU ( f ). Thus a voltage signal proportional toU (t) is
synthesised and output to the amplifier and loudspeaker. The
resultant flowU0(t) at x = 0 is then determined as described
above and the Fourier transform U0( f ) is calculated. A new
waveform, with Fourier components U ( f )/U0( f ), is then
synthesised and output to the amplifier and loudspeaker. In
a completely linear system, this would produce U (t) at the
‘glottis’. In practice, the loudspeaker is not quite linear, so
this procedure is iterated to produce the desiredU (t) [18,19].

The transpedance T ( f )(= plips( f )/U ( f )) of the tract
was then calculated from the ratio of the pressure measured
at the ‘lips’ at the far end of the tract to the flow injected at
the glottis.

In this project, a detailed spectrumof the tract transpedance
was required for illustrative purposes. However, the sig-
nal that generated the acoustic current is periodic with a
fundamental frequency of 172 Hz; thus only 22 frequency
components with a resolution of 172 Hz were below the
3.8 kHz limit of these measurements. Consequently, an
additional separate measurement was made with greater fre-
quency resolution using the impedance head, in conjunction
with the microphone at the ‘lips’; this used a broadband sig-
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Fig. 2 The effect of different vocal tract shapes and transpedances on the measured output sound for two physical models of the tract with area
functions corresponding to the vowels in ‘had’ and ‘heard’. The vocal tract models on the second line show how their radius varied with distance
along the tract [15]. The continuous curve for the tract transpedance displays the measurements made with 2.69 Hz resolution, whilst the black
dots show the measurements made with the 172 Hz signal used to inject the glottal flow. The maxima in the transpedance that are associated with
the vocal tract resonances are labelled R1–R5. The resultant maxima in the envelope of the measured output sound, i.e. the speech formants, are
similarly labelled F1–F5. Two complete cycles are shown for the glottal flow and the output sounds
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nal covering 100 to 3800 Hz with a resolution of 2.69 Hz
(=44.1 kHz/214). This separate measurement also allows
the injected current for the measurement of T ( f ) to have
a waveform that is different from the glottal flow and that
can then be optimised to improve the distribution of mea-
surement errors over the frequency range [17].

Allmeasurementsweremade in a room insulated to reduce
the influence of outside sound and treated to reduce rever-
beration.

3 Results and Discussion

The results of measuring the Source–Filter model are shown
in Fig. 2: the glottal flow in both time and frequency domains,
transpedance of the tract and sound output in time and fre-
quency.2 The waveforms and spectra are all experimental
measurements made on a physical hardware model of the
tract that is an axially symmetric representation of the open
area function A(x) measured using MRI [15].

The top row shows the time and frequency domain repre-
sentations of the glottal flow synthesised (as described above)
to match that calculated by [12]. Because of the rapid clo-
sure of the glottis, the flow signal is clipped at its lowest level,
which produces the spectrum rich in harmonics.

The second row shows a cross section through the two
vocal tract models for the vowels in ‘had’ and ‘heard’ based
on [15].

The third row shows the magnitude of the measured
transpedance T ( f ) of the model tract: the ratio of the output
sound pressure to the input acoustic flow. The continuous
curve displays the magnitude of the transpedance measured
with a resolution of 2.69 Hz; the black dots indicate the mea-
surements of transpedancemadewith the 172Hz signal. Four
and five resonances occur within the experimental frequency
range for the vowels in ‘had’ and ‘heard’, respectively.

The fourth row shows the frequency spectra of the sound
output measured at the lips from the physical models. They
show four or five strong formants with frequencies approx-
imately equal to those of the resonances shown in the
respective transpedance in the third row.

The fifth row shows two cycles of the measured sound
output with the same period as the glottal flow shown above.

In these experiments, the impedance headwas used first to
inject a glottal current, and subsequently, several hours later,
to measure the transpedance at higher resolution. The consis-
tency of these two separate measurements was examined by
comparing the measured plips( f ) in response to the injected
U ( f ) with that predicted fromU ( f )/T ( f ) using the values
of T ( f ) with 2.69 Hz resolution. The average RMS differ-

2 For the use of authors and teachers, various versions of Fig. 2 are
freely available via the UNSW Acoustics website [13].

ence between the twowas 1.7% and 0.9% for had and heard,
respectively (−35 and −41 dB, respectively); this difference
was probably a consequence of small shifts in resonance fre-
quencies caused by changes in the room temperature.

4 Conclusions

Experimental measurements on a hardware models illustrate
the Source–Filter model by showing the glottal flow, the tract
transpedance and the sound at the lips, in the frequency and
time domain (Fig. 2).
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