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inversed to acquire the glottal flow estimate, as

shown in the lower row of Figure 1. It has been

shown that in reality the voice source and the vocal

tract interact, and the interaction is even vital in

supporting the vocal fold vibration. Thus the source-

filter theory should be considered a simplification of

the actual voice production process (e.g. 2�4);

however, despite its theoretical shortcomings, many

studies have shown it to be valid in practice (e.g. 5).

Although the source-filter theory was formally

published in Fant’s book in 1960 (1), inverse

filtering was already presented by Miller a year

earlier (6). Since then, numerous articles on inverse

filtering have been published. Two alternatives exist

for the input signal in inverse filtering. Either a flow

mask may be used to estimate the actual air-flow out

of the mouth (7), or a microphone at a certain

distance may be used to measure the speech

pressure signal (8). If absolute flow values and

measurement of the minimum flow are required, a

calibrated flow mask has to be used. However, flow

masks have poor frequency responses (linear only up

to 1.6 kHz 9), and positioning the mask tightly

around the mouth and nose poses restrictions on

natural production of speech (9,10). In contrast,

quality condenser microphones are commonly avail-

able, and their amplitude and phase response

characteristics are excellent. Microphones may be

placed on a stand at a predetermined distance from

a stationary speaker, or they may even be attached to

the speaker’s head with a headset. Neither of these

methods affects natural voice production. Due to

these reasons, microphone recordings are widely

used. In measurements taking place for example in

real working situations, such as vocal loading and

studies of occupational voice, flow masks cannot be

used at all, thus necessitating the use of microphone

recordings.

In the early inverse filtering studies, the vocal tract

was estimated by setting the vocal tract formant

frequencies by hand, appropriately called manual

inverse filtering (6,7). Although manual inverse

filtering is still in common use (e.g. 11), it is quite

time-consuming, and, due to the manual adjustment

of the anti-resonances by the experimenter, it is also

subject to the user’s personal preference in deter-

mining the final shape of the glottal flow waveform.

Many different automatic inverse filtering methods

have since been proposed. Allen and Curtis (12),

Milenkovic (13), and Alku (14) have suggested

inverse filtering methods based on linear prediction

of the vocal tract. Strube (15), Wong et al. (16),

Mataušek and Batalov (17), Ananthapadmanabha

and Fant (18), and Plumpe et al. (19) have devel-

oped the idea of closed phase covariance analysis, in

which the qualities of the vocal tract can be

estimated from the closed phase of the glottal flow.

Methods exploiting the frequency-domain charac-

teristics of voiced speech have also been developed

(e.g. 20), as well as methods utilizing a-priori

knowledge of the glottal pulse shape (e.g. 21�23).

A comprehensive review of different glottal inverse

filtering methods may be found in Walker and

Murphy (24).

While the estimated glottal flow is often inspected

qualitatively, any quantitative analysis requires para-

meterization of the glottal flow pulses. There are

three main categories of parameterization methods

of the glottal flow: time-domain, frequency-domain,

as well as model-based methods.

In time-domain methods the so-called critical time

instants, for example the instant of the glottal

closure, in the glottal flow pulses are marked, and

the absolute or relative durations of the phases

defined by the critical time instants are measured.

Some of the most conventional phases are illustrated

Excitation Vocal tract Lip radiation Speech

Speech production

Inverse filtering S
pe

ct
ra

Figure 1. The graphs in the diagram are schematic spectra of the respective signals and filters. The upper row represents the separated

speech production model. The lower row represents the corresponding inverse filtering process, in which the lip radiation and vocal tract

filters are inverted to acquire an estimate for the glottal flow waveform.
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in Figure 2. Furthermore, the amplitude data of the

critical time instants may be inspected. The first

time-domain parameters, the open and the speed

quotient, were introduced by Timcke et al. (25),

although they used them to describe the vocal fold

opening instead of the glottal flow. The open

quotient (OQ) measures the relative portion of

the open phase compared to the cycle duration.

The speed quotient (SQ) measures the ratio of the

duration of the opening phase to the duration of the

closing phase.

Since the main excitation of the vocal tract takes

place during the time the vocal folds are closing (see

Figure 2), parameters focusing on the closing phase

of the glottal pulse are most essential in quantifying

the function of the voice source. One of the most

widely used time-domain parameters, the closing

quotient (ClQ), measures the ratio of the duration

of the closing phase to the period length. ClQ

was apparently first introduced by Monsen and

Engebretson (26).

When a mask is used to estimate the air-flow, it is

possible to measure absolute air-flow values of the

voice source using amplitude-based parameters.

These parameters include the peak flow, the mini-

mum flow, and the peak-to-peak flow, as well as the

amplitude of the negative peak of the first derivative

(e.g. 27,28). Amplitude-based parameters also exist,

which essentially compute features related to the

temporal structure of the glottal flow, such as the

amplitude quotient (AQ), which is the ratio of

the flow peak-to-peak amplitude and the minimum

peak of the pulse derivative, and the normalized

amplitude quotient (NAQ), in which AQ is normal-

ized by dividing it by the period length (29,30). In

contrast to the critical time instants, the exact

location of which may often be subject to interpreta-

tion, amplitude levels are straightforward to measure

both from the glottal flow and its derivative, since no

subjective judgement is required to determine the

maximum or minimum amplitude instants. This

makes the AQ and the NAQ more robust than their

time-based counterpart, ClQ. Furthermore, they are

independent of the signal scaling, so they can be

used with microphone as well as flow mask record-

ings. The otherwise problematic extraction of the

critical time instants can also be avoided by using the

so-called quasi-quotients, such as the direct ampli-

tude-domain counterpart of the OQ parameter,

the quasi-open quotient (QOQ), in which the open

duration is defined as the time during which the flow

is above a set level, usually 50% above the minimum

flow (e.g. 31). Once again, while the opening may be

gradual and difficult to define precisely, the instant

at which the signal is half-way between the minimum

Opening phase
Closing phase

Closed phase

time

Figure 2. Three periods of a sound-pressure waveform and the respective glottal flow and its derivative. The opening, closing, and closed

phases of the glottal flow waveform are highlighted for clarity.
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and the maximum can be determined without any

uncertainty.

Glottal flow parameterization is achieved in the

frequency-domain by taking measurements from the

power spectrum of the flow signal, as shown in

Figure 3. Probably the most straightforward fre-

quency-domain parameter is H1�H2, which is just

the difference of the first and second harmonics in

decibels (e.g. 32). A somewhat similar measure is the

harmonic richness factor (HRF), which is the ratio

between the sum of the magnitudes of the harmonics

above the fundamental frequency and the magnitude

of the fundamental in decibels (33):

HRF�

P
k]2

Hk

H
1

; (1)

where Hk represents the magnitude of the k-th

harmonic. An often-overlooked property of these

two parameters is that the density of the harmonic

series affects them. Thus, their values co-vary with

the fundamental frequency. When the fundamental

frequency increases, the distance between the har-

monics grows and, therefore, the value of H1�H2

increases, and the value of HRF decreases.

Howell and Williams computed harmonic drop-

off rates as the slope of the regression line drawn

through the first eight harmonics (34). Alku et al.

(35) introduced a somewhat similar measure, the

parabolic spectral parameter (PSP), which fits a

second-order polynomial to the flow spectrum on a

logarithmic scale computed over a single glottal

cycle. Due to the regression analysis approach, these

two parameters are less affected by changes in the

fundamental frequency.

The model-based parameterization methods take

some mathematical formula that yields artificial

waveforms similar to glottal flow pulses and then

adjust the model parameters to fit the waveform

shape to the measured flow. The waveforms acquired

by using these models are easy to modify by

changing the model parameters. On the other

hand, model-based methods by definition ignore

glottal flow features not included in the model. By

far the most used mathematical glottal flow model is

the Liljencrants-Fant (LF) model (36). The LF-

model is a four-parameter ad-hoc mathematical

formulation of the glottal flow pulse derivative. It

has been widely used in both voice source analysis

and speech synthesis (e.g. 37�41). Parameters also

exist that are derived using the waveform assump-

tions of the LF-model, but which can be computed

using amplitude measures of the glottal flow. These

parameters include Rd, which is equal to NAQ

except for an arbitrary scaling coefficient (42), and

OQa, which approximates to OQ for an ideal LF-

pulse (11).

In contrast to the abundance of both inverse

filtering techniques as well as parameterization

methods developed in the past decades, few publicly

available packages for voice source analysis and

parameterization currently exist. One reason behind

this could be that most research groups have

implemented their own tools. One such tool,

DeCap, is a manual inverse filtering software devel-

oped by Svante Granqvist (43). Paul Milenkovich

maintains TF32, which is a speech signal analysis

software including linear predictive (LP) inverse

filtering (13). However, both of these are proprietary

software with limited provisions for user modifica-

tion. Lee and Childers (44) have also implemented

manual inverse filtering as well as many other voice

analysis algorithms in the MATLABTM environment.

The software has been published as a supplement to

a book (45). Mike Brookes has released VOICE-

BOX, which is a speech-processing tool-box for

MATLAB (46). It includes inverse filtering routines,

but has no graphical user interface for them. ‘Inverse

Filter’ and ‘Sky’ are open-source voice inverse

filtering and analysis software developed by Kreiman

et al. (47). They support interactive and automatic

inverse filtering, respectively, and implement some

time-based parameters. The inverse filtering method

used is the one proposed by Javkin et al. (48). The

software is available for the Windows platform only.

Praat (49) is a commonly used speech analysis

software package suited for generic speech analysis.

However, it does not currently have facilities for

sophisticated inverse filtering. It has been argued

that, e.g., the iterative adaptive inverse filtering

(IAIF) algorithm could be implemented in Praat,

but due to lack of several low-level algorithms, such

as discrete all-pole modelling (DAP), much of the

programming would have to be done in C, and the

required amount of work would probably be im-

practically high.

During the inverse filtering-related research activ-

ities at the Helsinki University of Technology (TKK)

Laboratory ofAcoustics andAudio Signal Processing,
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Figure 3. Illustration of a flow spectrum. The levels of the first

five harmonics are depicted as H1 to H5.
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the iterative adaptive inverse filtering (IAIF) algo-

rithm (14) together with some voice source para-

meters, such as the NAQ (30), were implemented in

MATLAB.To facilitate inverse filtering of large sets of

data, a graphical user interface was soon developed.

This software evolved into the TKK Voice Source

Analysis and Parameterization Toolkit (Aparat) de-

scribed in this article.

While most of the individual algorithms in TKK

Aparat have been previously published, no other

software incorporates such a comprehensive set of

inverse filtering parameters and inverse filtering

analysis tools in a package immediately usable by

voice research professionals and easily applicable in

other software.

The author expects TKK Aparat to be useful not

only in traditional speech research studies, but also in

applied disciplines such as the analysis of voice fatigue

in the study of occupational voice. Similar issues have

been predicted to become increasingly common in the

near future (50). The amount of data to be processed

in these new fields can be expected to be much larger

than in traditional voice source analysis, but tools for

efficient analysis of the glottal flow have been lack-

ing or too complex. TKK Aparat attempts to

provide both an accessible user interface and para-

meterization methods useful in such lines of work.

It was decided to release the software to be freely

available under an open-source licence for two

reasons. First, the author wishes to encourage

participation in further development of voice re-

search software, and TKK Aparat in particular.

Second, the software offers implementations of

different voice source parameterization algorithms

in a single environment, acting as a reference and

basis for further algorithm development.

Due to its potential importance in multiple speech-

related disciplines, this paper describes TKK Aparat

in depth. First, the inverse filtering methods are

described and evaluated. Next, the parameterization

algorithms are discussed, the validity of the inverse

filtering and parameterization algorithms is evalu-

ated, and the user interface of TKK Aparat is

described. Finally, conclusions are given.

Inverse filtering

The theoretical background of the inverse filtering in

TKK Aparat is set in Fant’s source-filter theory,

according to which the production of speech can be

divided to three separate processes, as shown in

Figure 1: the glottal excitation, the vocal tract

filtering, and the lip radiation effect (1). The glottal

excitation is a pulse train with general low-pass

characteristics. The glottal excitation, having a

quasi-periodic structure, possesses a spectrum ex-

hibiting a harmonic structure. The amplitudes of the

harmonic components are traditionally considered

to decrease monotonically at a rate of 12 dB/octave

(1). The second effect of the source-filter theory, the

vocal tract, can be approximated, at frequencies

under 5 kHz, as an acoustic tube with a variable

cross-sectional area (51). The actual configuration of

the vocal tract results in varying locations of the

vocal tract resonances, or the formants. As a rule of

thumb, there is one formant for every kilohertz band

in the vocal tract transfer function (52). The last

process in the source-filter theory is the lip radiation

effect, which corresponds to the effect of the

coupling of the vocal tract and the effectively infinite

surrounding air volume. At low frequencies, the lip

radiation effect acts as a differentiator of the signal,

contributing a positive slope of approximately

�6 dB/octave.

Two inverse filtering methods are implemented in

TKK Aparat, both of which utilize the assumptions

made in the source-filter theory. The first method is

IAIF, the block diagram of which is shown in Figure

4. Although the implementation of IAIF is essen-

tially the same as originally published (14), the linear

predictive (LP) modelling of the vocal tract has been

replaced with discrete all-pole modelling (DAP),

which is based on the minimization of a discrete

version of the ltakura-Saito distance between the all-

pole spectral envelope sampled at discrete frequen-

cies and spectral amplitudes derived from the short-

time Fourier transform (STFT) spectrum (53). In

voiced speech, the discrete frequencies are the

harmonics of the fundamental frequency. DAP is

found to be somewhat more insensitive to the biasing

of the formants caused by nearby harmonic peaks.

After the pre-filtering in block 1, the vocal tract

estimate is acquired in two phases in blocks 2�10. In

steps 11 and 12, the effects of the vocal tract and the

lip radiation are removed from the input signal to get

the glottal flow estimate. The blocks are described in

detail below.

First, in block 1, the original signal s0(n) is high-

pass filtered to eliminate any low-frequency fluctua-

tions captured by the microphone. The filter should

be a linear phase finite impulse response (FIR) filter

with a cut-off frequency well below the fundamental

frequency of the signal (e.g. 60 Hz). This results in

signal s(n).

The voice source creates a signal having a declin-

ing spectrum slope of approximately �12 dB/octave,

while the lip radiation incurs a �6 dB/octave high-

pass effect on the spectrum. Thus, in block 2, a first-

order DAP model Hg1(z) is computed for the signal

yielding a first-order filter, which forms an estimate

for the combined effect of �6 dB/octave of the

glottal flow and the lip radiation on the speech

TKK Aparat 53
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spectrum. In block 3, Hg1(z) is cancelled from s(n)

by inverse filtering, resulting in a pressure signal

sg1(n) that only contains the effects of the vocal

tract and an impulse-train excitation. In block 4, a

p th-order (usually about two times the sampling

frequency in kHz) DAP model svt1(z) is computed.

This model is the first estimate for the vocal tract

filter, and the effect of the vocal tract is cancelled

from the signal s(n) by inverse filtering in block 5.

Then, the lip radiation effect is cancelled in block 6

by integrating ġ1(n), the output of block 5. This

concludes the first phase of the vocal tract estimation

and also yields a first estimate of the glottal flow,

g1(n).

In an analogous manner to the first phase, blocks

7�10 form a second estimate of the vocal tract filter.

A new estimate of the contribution of the glottal flow

to the speech spectrum, Hg2(z), is computed. This is

done in block 7 by computing a DAP model of order

g (usually 2 or 4) from g1(n). Next, in block 8, the

estimated glottal contribution is cancelled by inverse

filtering the signal s(n) with Hg2(z). Then, the lip

radiation effect is removed in block 9 by integrating

the signal. Finally, in block 10, a new DAP analysis

of order r (usually r�p) is computed to acquire a

refined model of the vocal tract filter, Hvt2. In blocks

11 and 12, a refined estimate of the glottal flow g(n)

is computed by removing the effect of the vocal tract

by inverse filtering s(n) with Hvt2 and then integrat-

ing the resulting signal to remove the lip radiation

effect.

The simpler of the inverse filtering methods

implemented in TKK Aparat is a traditional auto-

regressive modelling-based inverse filtering, dubbed

here as direct inverse filtering (DIF). DIF consists

basically of IAIF blocks 1�6 with a slight reordering

of the blocks for improved computational efficiency.

The block diagram of DIF is shown in Figure 5. In

block 1, the original signal is high-pass filtered in a

manner similar to IAIF. In block 2, the pressure

signal s(n) is integrated to cancel the lip radiation

effect, yielding the flow signal u(n). In a manner

similar to block 2 of IAIF, block 3 of DIF is used to

compute a first-order DAP model of the signal

(Hg(z)), which corresponds to the effect of the

glottal flow on the spectrum. In block 4, similarly

to block 3 of IAIF, the first-order glottal slope filter

Hg(z) is cancelled from the signal s(n) by inverse

filtering, resulting in signal sg(n). This signal re-

presents the vocal tract filter excited with an impulse

train. In block 5, analogously to the IAIF block 4,

a p th-order DAP model is computed to estimate the

vocal tract filter. This filter, Hvt(z), is then used in

block 6 to inverse filter the flow signal u(n) to

acquire the final estimate of the glottal flow, g(n).

Parameterization

The glottal flow parameterization process in TKK

Aparat is completely automatic, i.e. once the glottal

flow is acquired no manual labour is required for

parameter point-setting and parameter computation.

The details of time and frequency-domain para-

meters, as well as model-based parameters sup-

ported by TKK Aparat, are given below.

Time-domain parameters

Time-domain parameterization involves extracting

certain time and amplitude instants from a glottal

flow estimate frame. Once the instants are ac-

quired, several different time and amplitude-based

Highpass
filtering

1

DAP
(order 1)

2

Inverse
filtering

3

DAP
(order p)   

4

Inverse
filtering

5

Integration

6

DAP
(order g)   

7

Inverse
filtering

8

Integration

9

DAP
(order r)   

10

Inverse
filtering

11

Integration

12

Figure 4. Structure of the iterative adaptive inverse filtering

(IAIF) algorithm. Refer to the text for an explanation of different

blocks.
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parameters may be computed from these instants.

The different critical time instants, such as the

glottal opening t0 and the maximum flow tmax, are

illustrated in Figure 6.

Parameterization is performed on a signal frame,

the length of which is usually between 20 and

100 ms, and which contains k consecutive glottal

flow periods. First, the signal frame is slightly

smoothed to reduce the effect of high-frequency

noise on the acquired time instants. The smoothing

is performed using a four-tap linear-phase low-pass

FIR filter.

The fundamental period length T is acquired by

first calculating the f0 of the signal frame and

inverting it. Then, the time instant of the maximum

sample value t�max of the whole frame (containing

multiple glottal flow periods) is retrieved. It is

assumed that t�max � S; where S is the set of the

peak maxima within the frame: S�{tmax,k}. There-

fore, the locations of the other maxima tmax,k can

be acquired by finding the local maxima at time

spans of multiples of T before and after t�max:

The flow minima tmax,k are sought for after each

tmax,k, and the peak-to-peak pulse amplitudes Aac,k

are calculated as Amax,k�Amin,k.

The rest of the time instants are acquired relative

to the local period maximum. The fundamental

period frames around each of the tmax,k are differ-

entiated. The derivative maximum of the frame tdmax

is then sought to the left of tmax and the minimum

tdmin to the right. The respective amplitude values,

Admax and Admin, are saved as well.

The closure time instant tc is estimated by finding

the first positive zero-crossing of the flow derivative

after tdmin. However, due to the more gradual

opening of the glottal pulse, the determination of

the opening instant is more ambivalent, and two

opening instants, the primary and the secondary

opening (to1 and to2, respectively), are estimated

(54).

Highpass
filtering

1

Integration

2

DAP
(order 1) 3

Inverse
filtering

4

DAP
(order p) 5

Inverse
filtering 6

Figure 5. Structure of the direct inverse filtering (DIF) algorithm. Refer to the text for an explanation of the different blocks.

Aac

Aq50

Admin

Admax

Tqo50

To1

To2 Tc

T

tmin

tmax

tcto1
to2

Figure 6. Time and amplitude instants used in calculating the time-domain glottal flow parameters. The upper pane represents the glottal

flow estimate and the lower pane the respective derivative. See the text for a detailed description of the different time and amplitude instants

and spans.
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To detect the primary opening instant, a threshold

Ao,10% is defined as 10% (relative to Aac,k) above the

amplitude of tmin,k. The corresponding time instant

is acquired, and the frame is then scanned backwards

as long as the derivative is positive, or the preceding

5% of the glottal period contains a flow value that is

lower than 1% of the flow range below the current

scanning position. The latter condition attempts to

ensure that the algorithm does not get stuck at a

local minimum.

The secondary opening instant is located at the

largest local maximum of the smoothed second

derivative of the flow in a time window starting at

5% of the glottal cycle duration after to1,k and

extending up to tmax,k.

The 50% quasi-opening and -closing time instants

tqo and tqc are defined as the points where the

amplitude of the curve crosses the 50% of the

peak-to-peak amplitude level.

After determining the time and amplitude in-

stants, it is straightforward to compute a variety of

parameters. The computed parameters are defined

as follows:

OQ
1
�

tc � to1

T
(2)

OQ2�
tc � to2

T
(3)

OQa�Aac

�
p

2Admax

�
1

Admin

�

f
0

(4)

QOQ�
tqc � tqo

T
(5)

SQ
1
�

tmax � to1

tc � tmax

(6)

SQ
2
�

tmax � to2

tc � tmax

(7)

ClQ�
tc � tmax

T
(8)

AQ�
Aac

Admin

(9)

NAQ�
AQ

T
(10)

Frequency-domain parameters

While time-domain parameterization methods are

straightforward to apply, even slight non-linearities

in the phase response of the recording equipment

may adversely affect the quality of the glottal flow

estimate. In such cases it might be beneficial to

inspect the frequency-domain properties of the flow

estimate. In particular, frequency-domain parame-

terization of the glottal flow is justified by the fact

that the functioning of the voice source in various

speech communication situations is reflected by

changes in the spectral decay: the breathier the

phonation type, the larger the roll-off of the voice

source spectrum (e.g. 33,38,55). Multiple fre-

quency-domain voice source parameters exist, which

all essentially measure the slope of the spectrum.

The harmonic level difference (H1�H2) is com-

puted simply by acquiring the fundamental and the

second harmonic of the amplitude spectrum of the

glottal flow waveform in dB and calculating their

difference. The harmonic richness factor (HRF) is

defined as the ratio of the sum of the amplitude of

the higher harmonics and the first harmonic, given in

Equation 1. If the higher harmonics are acquired at

exact multiples of f0 (Hk�kf0), even slight inharmo-

nicities and inaccuracies in determining f0 may

completely foil the process. Therefore, in TKK

Aparat the harmonics are defined as the local

maxima in the frequency regions kf09 f0 /2.

The parabolic spectral parameter (PSP) is based

on fitting a parabolic function to the low-frequency

part of a pitch-synchronously computed logarithmic

spectrum of the glottal flow. The implementation in

TKK Aparat closely follows that of the original

paper (35).

Model-based parameters

Automatic estimation of LF-parameters has been

implemented in TKK Aparat. The fitting method is a

modified version of the algorithm proposed by Strik

and Boves (56). In the algorithm, initial estimates for

the LF-model parameters are sought from the

derivative of the glottal flow waveform. These initial

estimates are then given to the curve-fitting optimi-

zation algorithm, which attempts to make the syn-

thetic LF-model coincide with the actual flow

derivative. While Strik and Boves used a two-stage

optimization algorithm, the Aparat implementation

performs the optimization in a single stage using a

subspace trust region least-squares non-linear opti-

mization algorithm as implemented by theMATLAB

function lsqnonlin. The initial time and amplitude

point estimates are given by the time-based para-

meterization process. The LF-model estimates are

computed independently for each period in the flow

waveform given by inverse filtering.

Algorithm evaluation

To gain some insight on the quality of the glottal flow

estimates acquired by the DIF algorithm, the per-
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formances of both IAIF and DIF have been eval-

uated. Synthetic vowels have been generated using

LF-modelled glottal flow waveforms together with

artificial vocal tract transfer functions modelled after

vowels /"/, /e/, /i/, and /œ/. The four LF-model

parameters were set as follows: Tp�0.45, Te�0.6,

Ta�0.005, Tc�0.65, and Ee�1. The vocal tract

transfer functions were generated using the para-

meters published by Gold and Rabiner (57). The

vowels were synthesized using fundamental frequen-

cies of 100 and 200 Hz, representing male and

female voices, respectively.

The synthesized vowels were then inverse filtered

using TKK Aparat with both IAIF and DIF algo-

rithms. Several glottal flow parameters (OQ1, OQ2,

NAQ, AQ, ClQ, QOQ, SQ1, and SQ2) were

acquired from both the synthetic and the inverse

filtered glottal flow pulses. Then, the relative differ-

ences in the parameter values were compared to

assess the magnitude of the changes induced by the

two inverse filtering methods. Furthermore, the sum

of squared differences of the actual sample values of

the glottal flow pulses were also computed.

The results of the difference analyses are given in

Tables I and II. In the case of the female /i/ vowel,

neither inverse filtering method was able to precisely

place the first formant, located close to f0. This is

indicated by the sum of squares (SSQ) values, which

are considerably higher for the female /i/ than for

other vowels. Figure 7 illustrates the relative changes

in the parameter values between the inverse filtered

and original synthetic glottal flow pulses. By com-

paring the IAIF and DIF charts as well as the SSQ

columns of Tables I and II, it becomes obvious that

IAIF is able to represent the original waveform

better. However, at least for parameters such as

NAQ and AQ, the differences are modest, indicating

that the slight decrease in inverse filtering quality in

DIF compared to IAIF would be acceptable, if

computational and implementation simplicity is

considered important. However, when quality and

reliability are the prime factors, IAIF should still be

preferred over DIF.

In addition to the evaluation described above, the

IAIF algorithm and some of the parameters have

been evaluated in earlier studies as well. The validity

of the inverse filtering procedure as well as the

calculation of NAQ and ClQ parameters in TKK

Aparat have been tested by Lehto et al. (58). In their

paper, manual inverse filtering using DeCap was

compared to the IAIF method. The results were

parameterized using ClQ and NAQ and compared

statistically. Even though not explicitly mentioned in

their article, two different implementations of the

IAIF algorithm were used, one of which was TKK

Aparat. Although statistically significant differences

were found between the inverse filtering methods, the

different inverse filtering methods exhibited a strong

correlation between the different methods. It re-

mained unclear whether the statistical differences

were caused by the methodological differences or by

variations in experimenter preferences. However,

Lehto et al. (58) concluded that the discrepancies

caused by the use of different inverse filtering

methods are, in general, reasonably small. In another

study, Alku et al. (5) have examined the IAIF method

using simulated vowels created by a physical model of

sound production. The synthetic and inverse filtered

glottal pulses were parameterized using NAQ and

compared. In their study, the waveforms and NAQ

values were found to be close to each other, further

justifying the use of the methods.

Due to the lack of reference implementations, no

quantitative validity checking of parameters other

than NAQ or ClQ has been performed. However, it

has been verified that their values fall within the

range given by publications discussing them.

Aparat user interface

The user interface of TKK Aparat has been designed

to allow for rapid processing of large amounts of

Table I. Relative difference of parameters acquired from iterative adaptive inverse filtering (IAIF) inverse filtered synthetic vowels and their

respective original Liljencrants-Fant (LF) model glottal flow pulses. The last column represents the sums of squared differences of the

original and inverse filtered glottal flow pulses.

Vowel f0 (Hz) OQ1 OQ2 NAQ AQ ClQ QOQ SQ1 SQ2 SSQ

" 100 0.01 0.01 0.00 0.00 �0.10 0.02 0.19 0.21 41

e 100 �0.02 �0.05 0.02 0.02 �0.04 0.02 0.03 �0.02 38

i 100 0.08 �0.05 0.01 0.01 �0.04 0.02 0.17 �0.03 40

œ 100 0.01 0.09 0.03 0.03 0.07 0.02 �0.07 0.05 42

" 200 0.12 0.18 0.04 0.04 0.34 0.02 �0.24 �0.21 29

e 200 0.01 0.02 0.04 0.04 0.12 0.00 �0.14 �0.16 18

i 200 0.43 �0.11 0.05 0.05 0.08 0.26 0.48 �0.30 259

œ 200 �0.07 �0.03 0.00 0.00 �0.07 0.01 0.00 0.08 12

Abs. mean 0.09 0.07 0.02 0.02 0.11 0.05 0.17 0.13 60
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pre-segmented voice files. The typical workflow in

such use is described below. Arabic numerals in the

text refer to the workflow items in Figure 8. Roman

numerals refer to other items.

First, the wave file listing of the current working

directory (1.) is shown in the main window. The file

listing is visible at all times to facilitate rapid selection

of working items. When an item is selected in the file

listing, the file is loaded, and the waveform is

displayed in the signal pane (2.) of the signal window.

A 50 ms window in the middle of the signal is

automatically selected and inverse filtered using the

parameter settings in the main window (4., 5., 6.).

The selection may be moved by clicking in the

signal pane. Dragging the signal pane creates a new

selection. Alternatively, the selection size may be

adjusted by entering the desired length either in

milliseconds or samples in the selection details (3.)

of the signal view.

Depending on the inverse filtering method se-

lected, the inverse filtering parameters (4., 5., 6.)

may need to be adjusted to acquire an optimal glottal

Table II. Relative difference of parameters acquired from direct inverse filtering (DIF) inverse filtered synthetic vowels and their respective

original Liljencrants-Fant (LF) model glottal flow pulses. The last column represents the sums of squared differences of the original and

inverse filtered glottal flow pulses.

Vowel f0 (Hz) OQ1 OQ2 NAQ AQ ClQ QOQ SQ1 SQ2 SSQ

" 100 �0.09 0.02 �0.01 �0.01 �0.19 0.00 0.17 0.41 43

e 100 �0.03 0.00 0.00 0.00 �0.09 0.01 0.09 0.16 51

i 100 �0.10 0.06 0.02 0.02 �0.09 0.03 �0.01 0.26 58

œ 100 0.04 0.03 0.01 0.01 0.11 0.00 �0.09 �0.13 50

" 200 �0.27 �0.11 0.13 0.13 �0.18 0.02 �0.17 0.14 47

e 200 0.15 �0.13 0.05 0.05 �0.13 0.00 0.48 0.00 77

i 200 0.27 0.56 0.02 0.02 �0.08 0.58 0.56 1.24 532

œ 200 0.04 �0.14 �0.03 �0.03 �0.17 0.04 0.36 0.05 92

Abs. mean 0.12 0.13 0.04 0.04 0.13 0.09 0.24 0.30 119

OQ1 OQ2 NAQ AQ ClQ QOQ SQ1 SQ2
–0.4
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Figure 7. A bar chart of relative differences of parameters acquired from inverse filtered synthetic vowels and their respective original

Liljencrants-Fant (LF) model glottal flow pulses.
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flow estimate. For IAIF and DIF, the number of

formants (4.) is recommended to be set to about

1/kHz of the signal bandwidth, i.e. for a signal with a

sampling frequency of 12 kHz the bandwidth is

6 kHz, and the initial guess of the number of

formants is recommended to be set to 6. The lip

radiation (5.) corresponds to the coefficient of the

integrator that is the digital filter used to cancel the

effect of lip radiation. The value affects the integra-

tion coefficient of the flow waveform and is best

found experimentally, with values ranging from 0.98

to 1.0. Both the number of formants and lip

radiation values may also be selected visually by

clicking the Pick button. Then a new window

appears showing multiple glottal flow waveforms

inverse filtered using different values of the respec-

tive parameter. The desired parameter value can be

selected by clicking the appropriate waveform.

After finishing the inverse filtering parameter

tuning, a subjective quality evaluation and text

comments may be set in the Meta data (5.) panel

of the signal view. When the data are saved, these

meta-data are stored among other variables.

Data visualization

Time-domain views of the original signal as well

as the glottal flow estimate and its derivative are

shown automatically in the signal view. The two

lower panes also show in a light grey colour the

respective flow and its derivative without inverse

filtering, i.e. the original signal only integrated with

the lip radiation coefficient and a time-derivative

thereof.

TKK Aparat is also able to plot the power spectra

of the different signals, shown in Figure 9.

Figure 8. Main dialogue and the signal view of Aparat. Refer to the text for the meanings of the bold numeric labels.
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Other data visualization methods in TKK Aparat

include a z-plane view of the tract filter, a vocal tract

view, and a phase-plane view. The z-plane is a pole-

zero plot of the vocal tract filter estimate, giving

insight into the performance of the inverse filtering

algorithm. The vocal tract view shows a plot of the

cross-sectional diameters of the tube model derived

from the vocal tract filter (59). The phase-plane view

shows an xy-plot with the glottal flow samples on the

x-axis and the corresponding samples of the flow

derivative as the y-axis. It may be used to assess the

quality of the inverse filtering (60).

Inverse filtering quality evaluation

To facilitate modification of inverse filtering para-

meters, TKK Aparat provides many methods for

inspecting the quality of the inverse filtering perfor-

mance. The most obvious is the time-domain display

of the flow and the flow derivative in the signal

window. According to the evidence in the literature,

the glottal flow pulses have an abrupt closure with a

maximally flat closed phase, although the exact shape

of the flow pulses will depend on the operator.

Furthermore, there should be no residue of any

formant resonances, i.e. the flow pulse should contain

only a single peak, and thederivative shouldpreferably

have a distinct negative peak from which the signal

gradually approaches the x-axis with little ringing. To

help with the comparison of the original signal, the

respective signalswithout the formant inverse filtering

are shown on the signal windows in light grey.

The spectrum window is able to give more insight

on the success of the inverse filtering process. The

spectrum of the glottal flow (the higher thin curve in

Figure 9) is known to have a monotonically decreas-

ing peak magnitude with all formant resonances

removed. The logarithmic view of the spectra might

help here, since removal of the lowest resonances is

of greatest importance in order to get an accurate

estimate of the true glottal flow.

Finally, the phase-plane view together with related

metrics may be used to assess the inverse filtering

quality either in supervised or completely automatic

inverse filtering (60). Sub-cycles in the phase-plane

plot indicate the presence of residual formant ripple

in the glottal flow estimate.

Parameterization

Whenever a signal is inverse filtered in TKK

Aparat, the time- and amplitude-based parameters

Figure 9. View showing the spectra of a speech signal, the calculated glottal flow, and the used vocal tract filter.
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are automatically computed. The data are shown in

the parameter window, shown in Figure 10. At the

top of the parameter window is a selection box in

which the grouping function may be selected with

which the parameters are summarized.

The time and amplitude points of the time-based

parameters may be shown in the signal window by

marking the check box next to the respective

parameter.

While all other parameters are calculated auto-

matically after inverse filtering, the LF-model fitting

must be explicitly performed due to its computa-

tional complexity. The resulting waveforms are also

shown in the signal window.

The parameterization results are, among other

data, exported to the MATLAB work-space as

variable aprt, which allows for easy interactive

experimenting with the data. Furthermore, when

the file is saved, the parameter data are stored in a

mat file among other data. The saved files are stored

in the regular binary MATLAB file format. The files

include the full data of the model, including the

original signal segment, inverse filtered signal seg-

ment, computed parameters, and inverse filtering

meta data.

A common task in parameterization of multiple

files is to combine, or to aggregate, the parameter

values of multiple vowels for later analysis. This is

directly supported in Aparat: all parameter data of

different files are combined into a single text file,

which may easily be imported to different statistical

computation or spreadsheet software for further

processing.

Usability testing

In order to validate and improve the usability of

TKK Aparat, usability tests were conducted. Five

volunteers participated in the testing. While the

number may seem small for tests typically conducted

in speech science, use of as few as 3�6 participants is

a well established practice in usability testing (61).

The participants were selected so that they form a

representative sample of the potential user group,

with test users having speech engineering, phonetics,

as well as speech therapy and phoniatrics back-

grounds.

In the usability test, the participants performed

various tasks comprising five common usage scenar-

ios. The first task was to visually inspect the different

user interface elements and describe their assumed

purposes. The purpose of the task was to find

inconsistencies and unintuitive features in the user

interface and the terminology used. The second task

was to inverse filter a single /a/ vowel. The intent was

to observe how naı̈ve users succeed in basic inverse

filtering tasks. The third task was to inspect the

spectra and find the locations of the formants of

the vowel. The task was designed to assess the

accessibility of the menu structure and hidden

windows and that of the spectrum view. In the

fourth scenario, the users were asked to observe

the parameter values and the locations of the open-

ing instants of the pulses. Furthermore, the users

were asked to perform an LF-model fitting. The

purpose of the task was to find any inconsistencies or

problems in the parameterization interfaces. The

final scenario was to rapidly inverse filter and

parameterize a handful of files with pre-defined

sampling rate and window length settings. Efficiency

in the use of the user interface was observed, along

with the adopted usage habits.

During the performance of the tasks, the actions

were registered both as a screen capture and a sound

recording. The test users were asked to think aloud

to gather as much information of their views as

possible. Any discontent or difficulties in completing

the tasks were carefully noted and analysed. Before

and after the test, a short interview was conducted to

guide the participant and assess his or her opinions

regarding the software and its use. To acquire

unbiased opinions, the interviews were conducted

in a neutral and non-leading manner.

An average of 19.4 usability problems or sugges-

tions were observed for each user. The amount and

nature of problems appeared to depend mostly on

the user’s experience, with more experienced users

reporting more problems and suggestions but

performing the tasks much more fluidly than the

Figure 10. View showing the parameters computed from a glottal

flow estimate.
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inexperienced ones, who tended to get genuinely

stuck in the issues.

The first task (visual inspection) resulted in multi-

ple labelling and terminology clarifications to better

match the test users’ expectations. The second task

(inverse filtering of a single file) resulted in mod-

ification of the inverse filtering parameter selection

sliders with discrete buttons. Furthermore, many

changes in different text box default values were

made, and some confusing buttons were removed.

Both the spectrum viewing and parameterization

tasks resulted only in some minor terminology

changes. In response to the results of the final task

(inverse filtering of multiple vowels), more explicit

user interface feedback was added. These changes

are believed to address the most obvious usability

issues in TKK Aparat and to ensure that anyone

with basic knowledge of the theory of inverse

filtering should be able to pick the software up

without any major difficulties. Observations during

the tests and interviews suggested that the most

obvious concerns were successfully alleviated, and

user satisfaction improved consistently throughout

testing.

Conclusions

In this paper, a freely available voice inverse filtering

and parameterization software, TKK Voice Source

Analysis and Parameterization Toolkit, or TKK

Aparat for short, has been described. The system

estimates the glottal volume velocity waveform from

an acoustical speech pressure signal. The glottal flow

is automatically parameterized using the most com-

mon time- and frequency-domain parameters.

Furthermore, parameter fitting with the LF-model

may be performed. The software is usable for

algorithm development, speech science research, as

well as for clinical study of voice.

TKK Aparat has already been used in several

research projects. Airas and Alku (62) used TKK

Aparat to inverse filter and parameterize a large

amount of vowels segmented from emotional, con-

tinuous speech. In the work by Lehto et al. (58), the

inverse filtering results of TKK Aparat and another

IAIF implementation have been compared to man-

ual inverse filtering. Pulakka (54) analysed the hu-

man voice production process using inverse filtering,

electroglottography, and high-speed imaging in his

Master’s thesis. The inverse filtering portions of his

work were performed using TKK Aparat. Cabral

and Oliveira (63) have used Aparat to analyse voice

segments for emotional speech synthesis. Further-

more, there is an on-going project at TKK Labora-

tory of Acoustics and Audio Signal Processing and

the Finnish Institute of Occupational Health in

which the effects of dust exposure on voice are

studied using inverse filtering with TKK Aparat.

TKK Aparat is developed in the MATLAB

environment, which may prove, due to the high

cost of the software, problematic to some interested

users. Fortunately, many research facilities already

have site licences for MATLAB, considerably redu-

cing the problem. Furthermore, the MATLAB

Compiler allows for the creation of stand-alone

packages of MATLAB applications, including

TKK Aparat. In this manner, it is possible to fully

use TKK Aparat even without access to MATLAB,

while only losing the ability to interactively experi-

ment with the signals in the MATLAB environ-

ment*something people without prior MATLAB

expertise hardly would do in any case.

The functionality of TKK Aparat is also available

as MATLAB functions, usable independently of

the graphical user interface. This permits the use

of the algorithms in other projects as well. For

example, it would be straightforward to construct a

script which automatically inverse filters and para-

meterizes audio files using these functions.

Several free mathematical software packages exist,

such as Octave, Scilab, and RLaB, which are largely

compatible with MATLAB. TKK Aparat, however,

is dependent on MATLAB’s object-oriented pro-

gramming model as well as signal processing and

graphical user interfaces, which generally are not

implemented in the free software packages. Unfor-

tunately, this precludes the use of the free mathe-

matical software packages with TKK Aparat.

As an open-source software, TKK Aparat is

available free of charge. The latest version can be

accessed at: http://aparat.sourceforge.net. Proficient

users are able to access the underlying source

code and modify the functionality as well as utilize

the implemented algorithms directly in other soft-

ware projects.

TKK Aparat provides significant improvement

over existing inverse filtering software by integrating

multiple inverse filtering algorithms and a wide range

of glottal flow parameters in a single refined graphi-

cal user interface. As such, TKK Aparat has already

proven useful in multiple speech research tasks and

shows potential in related areas such as in the study

of voice fatigue, in which copious amounts of vowel

samples have to be processed in rapid succession.
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