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1 About Aalto Aparat

Aalto Aparat (later Aparat) is a voice inverse filtering and parametrisation software
for estimating and analysing the glottal flow. MATLAB-based Aparat is available
under an open-source licence and can be used in fundamental research of speech,
fonetics and study of occupational voice. The programme provides a user-friendly
graphical interface from where the results can be easily saved and re-used in other
projects.

The original Aparat was created and designed by Matti Airas [1]. The first version
of the software was published in 2005 under the name TKK Aparat, referring to the
former Helsinki University of Technology (which was merged into Aalto University in
2010). The updated version 2.0 includes a new glottal inverse filtering (GIF) method
and several minor new features, such as more versatile saving options.

1.1 Glottal inverse filtering methods

There are two different GIF methods available in Aparat: quasi closed phase analysis
(QCP) [2] glottal inverse filtering and iterative adaptive inverse filtering (IAIF) [3].
The methods share three general parameters: the number of formants, lip radiation
coefficient, and low-frequency noise cutoff (in Hz).

QCP is the default GIF method in Aparat since the version 2.0 update. QCP
is based on the principles of closed phase (CP) analysis [4], that is the estimation
of the vocal tract during the glottal closed phase. In contrast with the basic CP
method, the estimation is applied with the autocorrelation criterion using a long
analysis window. This is enabled by weighted linear prediction (WLP) [5] with an
attenuated main excitation (AME) weight function [6].

The algorithm consists of four stages. First, glottal closure instants (GCI) are
detected from the speech signal by using electroglottography or specific GCI detection
algorithms. To perform this, Aparat uses an automatic algorithm called SEDREAMS
[7]. After that, the AME function is constructed based on the estimated GClIs
(Fig. 1). From the Aparat users’ perspective, this is the most interactive part of
the computation as there are three AME function parameters that the user can
manipulate on Aparat control panel: position quotient (PQ), duration quotient (DQ),
and the number of linear ramp samples (Nramp). The AME function is utilised when
creating the WLP-based vocal tract model, and the default Aparat parameter values
of PQ, DQ and Nramp have been selected in order to minimise the estimation error
on a large data set of synthetic sustained vowels. In most cases, the modification
of these parameters can be viewed as fine tuning, and commendable results can be
obtained even without modifying them at all.

Finally, the glottal flow derivative estimate is obtained by inverse filtering the input
speech signal with the vocal tract model.

IATF is familiar to Aparat users since the first version of the software, and it was
the default GIF method until QCP was implemented. While QCP has been shown
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Figure 1: A glottal flow derivative waveform (LF) and the AME weight function
(Wh.amE) between two consecutive GCIs. Glottal flow derivative was computed from
the LF model [8]. The AME function was computed with PQ = 0.1, DQ = 0.5, and
RQ = 10 [2].

to improve the quality of GIF when compared to results obtained with TAIF, it is
not as robust as TAIF when reliable GCI estimates are unavailable: for example for
signals with low SNR.

In TAIF method the glottal flow and its contribution to the speech spectrum is
estimated with an iterative structure, which is repeated twice during the computation.
The final result (as well as the first estimate) is obtained by cancelling the effects of
the vocal tract and lip radiation from the original speech signal by inverse filtering.

The TAIF method presented in most scientific articles utilizes linear predictive
analysis (LPC) to estimate the vocal tract. However, in Aparat the default autore-
gressive model in use is a discrete all-pole (DAP) model [9], as LPC and minimum
variance distortionless response (MVDR) model [10] can be found on advanced
settings panel.

Former GIF methods in Aparat, removed from an updated version
2.0:
The two deleted methods are direct inverse filtering (DIF) method (simpler version
of an TAIF method) and experimental inverse filtering method. The DIF method
is basically a simple version of IAIF method, as the DIF method follows the same
filtering process as IAIF but finishes after the first integration step [1]. The experi-
mental method was never fully finished and it did not run properly.



2 Installing Aparat

Aparat is a Matlab-based programme that can be run with or without MATLAB
software. The installation instructions for both cases are explained.

2.1 When having MATLAB licence

For MATLAB users installing Aparat is really straightforward: MATLAB users’
installation package is selected and uncompressed to a suitable location (for example,
under the users personal MATLAB working directory). Aparat is opened by invoking
its main function "aparat.m".

Aparat uses Matsig, an object-oriented signal processing library for MATLAB.
Previous releases of TKK Aparat required Matsig to be separately installed, but the
current package includes also Matsig.

2.2 Without MATLAB

Installation and the usage of the stand-alone version of Aparat requires the Matlab
Component Runtime to be downloaded and installed. It is, however, available
together with Aparat files on the website of the author.

The Matlab Component Runtime can be installed by double-clicking the file and
following the instructions on the screen.

Currently, no installation program exists for Aalto Aparat. Instead, it can be
installed by following the steps below:

1. Load the right installation package according to your operating system.

2. Create a folder for the programme

3. Uncompress all files from the installation package into that folder.

4. (Optional) Create a shortcut to Aparat.exe on the desktop by right-clicking
the desktop, selecting New -> Shortcut, and then selecting Aparat.exe.

Now, Aalto Aparat may be run by double-clicking the Aparat.exe file.



3 Work with Aparat

3.1 File types

Aparat processes .wav files and save the processed data to .wav, .mat, and .tab files.

The .wav files in process may be in stereo or mono, and the optimal length of the
sample is from 0.5 to 10 seconds.

The obtained waveforms can be saved to .wav or .mat files. The saving process is
presented in detail in the section Saving data.

3.2 The main windows and their features

Aalto Aparat has two main windows: control window on the left and signal view

window on the right (Fig. 2) . They both appear automatically when opening the
programme.
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Figure 2: Aalto Aparat main windows: Control window on the left and signal view
on the right

In Aparat control window there is a list of all the .wav files that exist in the same
folder as the programme (Fig. 3). If some of the files also has a corresponding .mat
file, there is an asterisk (*) in the beginning of the file name. More about files and
saving: Saving data.

Despite different operating systems Aparat should always look the same, with
slightly varying window frames.

Aparat can be closed by clicking the close icon on the top right corner of the
control window or via File menu -> Exit.
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Legend

1 List of .wav files in the programme folder

2 Glottal inverse filtering (GIF) method popup-selection
3 General filtering settings for all GIF methods

4 Method dependent parameter settings

5 Special windows
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Figure 4: Close-up to signal view

Legend

1 Original signal and selection

2 Glottal flow

3 Glottal flow derivative

4 Flipping signal and sampling frequency selection (popup)
5 Selection starting point and length

6 Optional notes (numeral and verbal)

7 Save buttons




3.3 Parameter settings

The user is able to manipulate a wide selection of parameters in updated Aparat.
Not all filtering methods use exactly the same parameters but the logic is the same
behind all the similar handles.

The handles of the following three general parameters are always visible on the
control window: the number of formants, lip radiation coefficient, and low-frequency
noise cutoff (in Hz) (Fig. 5). Additionally, there are QCP parameter and IAIF
parameter panels under the filtering setting panel: they will become visible when
corresponding filtering method is selected (Fig. 6). The QCP method has three and
[AIF two extra parametes. All the parameters and their influence on the filtering
process can be seen on a Table 1.

Table 1: The GIF parameter settings on the Aparat control window

Valid

Parameter Effect Other
values
Number of formants Defines the order of the vocal 930
tract filter
. e Affect on the integration coeffi-
Lip radiation effect cient of the flow waveform 0.9-1
Low-frequency depends on
noise cutoff (Hz) (filter) fO
. . Relative length of the non-
(Ig)u(;r;;tlon quotient attenuated section of AME win- 0.1 -1 OFglr QCP
dow Y
o . Relative starting point of the
(1;051; lon - quotient non-attenuated section of AME 0 - 0.15 Sr?lr QCP
window Y
Number of transitional samples For QCP
Ramp length of the AME window 1-20 only
) . DAP,
AR modeling Selection of the vocal tract For TAIF
ethod odelling method LPC, and )
m m ing m MVDR nly
Glottis filter order Prediction order of the glottal 9.3 For TAIF
flow filter only
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Figure 5: Close-up to general parameter settings

Legend

1 Decrease the value by two steps

2 Decrease the value by one step

3 Open box to show the value and edit it manually

4 Increase the value by one step

5 Increase the value by two steps

6 Pick button (see more at Fig. 7))

7 Causality option (on / off)

8 Set low-freq noise cut automatically (selecting "auto" disables other low-freq
handles)

The best parameter values can be found by iterating step by step or writing the
exact numbers in the open box. However, as this is not always the fastest way to
work there is also a "Pick" button in Aparat. "Pick" allows the user to hand-pick
the best-looking waveform.



.
E Aalto Aparat =L=

-
z' Aalto Aparat (==

File Options Window Help

File Options Window Help

Files Inwerse Fitering Method

examplet.wav .

example2. wav

Lip radiation
(clozed-phase filt) Causal

Low-frequency Noise
Cutoff (Hz) Aute

=

Files Inverse Fitering Method
lampletowav 1 - | F -
exampleZ.wav
~| ace 0s
9
Lip radiation

(closed-phase tilt) Causal

Low-freguency Moise
Cuteff (Hz) Aute

..{{ . - E I :I ..252’

=

—QCP parameter settings

Duration guotient (dg)
Position quotient (pg)
Ramp length

~|AIF parameter settings

AR modeling method
Glottis filter order

Figure 6: The appearance of the control window changes according to method in use

—




10

— 5
4. Pick the best waveform E‘E‘ﬂ

File Edit View Insert Tools Desktop Window Help N

EEE IS AR LY

The curves with different DQ values

[4] Aalto Aparat

File Options  Window Il

Files Inve

examplel. way -
example2. wav

0.55

DQ

0.1

. . . .
0.04 0045 005 0055 006 0065 007 0075 008 0085
Time (s)

QCP parameter settings

Duration quotient (dg) 07 E{
Position quotient (pg) o
Ramp length T

Figure 7: "Pick the best waveform" button

Pick button opens a new window and visualizes the range of different waveforms
on all the possible values of the parameter in question (see page 1). In this
example case the parameter is duration quotient (DQ) of the QCP method: as
all DQ values must be between 0.1 and 1, the bottom waveform is drawn with
PQ value 0.1 and the top with a value 1, leaving the rest of the scale in between.
The number of waveforms drawn varies slightly between different parameters
(from 5 to 7 individual waveforms). The best waveform can be chosen by clicking
it with a cursor.
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3.4 Other options and tools

In addition to parameter settings Aparat has several different tools to analyse the
inverse filtered signal. These tools can be found on a menu bar of the control window

(see Fig. 8).
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Figure 8: Advanced options and tools can be found on the menu bar

In Options menu there are special options in connection to the input signal:
channel election, cutoff filter on/off, real poles removal from the vocal tract model,
and settings for EGG analysis. In Window menu the glottal source parametrisation
tool and graphic presentations of spectra, z-plane, phase-plane, and vocal tract can
be viewed (Fig. 9-13).
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Figure 9: The parameter window shows the parameters computed from a glottal flow
estimate. By clicking the checkbox next to the value (i.e. NAQ as in the figure) the
time-domain instants related to the computation of the parameter can be seen on
the signal view window [1].
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Figure 10: The spectra window is able to illustrate signal pressure, vocal tract filter,
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selected: the selection is made by clicking corresponding check boxes.
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Figure 11: Z-plane figure plots the current vocal tract filter estimate on the z-plane.
The resonances of different stages are indicated differently.
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Figure 12: Phase-plane figure shows an xy-plot with the glottal flow samples on the
x-axis and the corresponding samples of the flow derivative on the y-axis. It also
announces the cycles per period, mean sub-cycle length, modelling error and kurtosis.
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Figure 13: Vocal tract view shows a plot of the cross-sectional diameter of the tube
model derived from the vocal tract filter.
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3.5 Saving data

Aparat provides two ways to save your work: saving all current parameter values
and selection as a .mat file and saving the selected sound pressure and glottal flow
as .wav files. The save buttons can be found on both the control window (under the
File menu, see Fig. 14) and the bottom right corner of the signal view window.

The Export as .mat command names the new .mat file after the original wav.
file in process, saves all current values and places the file itself to the work space
folder of the programme. The existence of the .mat file can be viewed on the Aparat
control window as there is an asterisk (*) in the beginning of the name of the original
signal (Fig. 3), and the saved parameter values are now default settings for this
particular .wav file . By contrast, the Save as .wav command creates a new folder
(exportWavs) and saves the samples there, and they are not shown in the Aparat
control window without changing the work space folder. The names of the .wav
samples include the name of the original signal followed by "Flow" (for glottal flow)
or "Pressure" (for selected sound pressure).

Note: to make several different samples of the same signal there must be several
differently named copies of the original as well, as Aparat overwrites the existing
sample(s) with a new one if the names are identical.
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Figure 14: Saving options as well as exit can be found under File menu

After making various .mat files there may be need to compare them and process
them as a one file. For that purpose there is a Combine Saved Files command
on the File menu (Fig. 14). The command collects all the .mat files from the work
space and packs them to a file named "combined.tab".
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