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Summary. The Auditory Modeling Toolboz, AMToolbox, is a Matlab/Octave tool-
box for developing and applying auditory perceptual models with a particular focus
on binaural models. The philosophy behind the AMToolbox is the consistent imple-
mentation of auditory models, good documentation, and user-friendly access in order
to allow students and researchers to work with and to advance existing models. In
addition to providing the model implementations, published human data and model
demonstrations are provided. Further, model implementations can be evaluated by
running so-called experiments aimed at reproducing results from the corresponding
publications. AMToolbox includes many of the models described in this volume. It
is freely available from http://amtoolbox.sourceforge.net
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1.1 Introduction

An auditory model is a mathematical algorithm that mimics part of the human
auditory system. There are at least two main motivations for developing auditory
processing models: First, to represent the results from a variety of experiments
within one framework and to explain the functioning of the auditory system. In
such cases, the models help to generate hypotheses that can be explicitly stated and
quantitatively tested for complex systems. Second, models can help to evaluate how
a deficit in one or more components affects the overall operation of the system. In
those cases, some of the models can be useful for technical and clinical applications,
such as the improvement of human-machine communication by employing auditory
modeling based processing techniques, or the development of new processing strate-
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gies in hearing-assist devices. The auditory modeling toolbox, AMToolbox, is a freely
available collection of such auditory models.*

Often a new auditory model aims at improving an already existing one. Thus,
auditory modeling begins with the process of comprehending and reproducing pre-
viously published models. Imagine a thesis adviser who wants to integrate a new
feature Y into an existing model X. The student might spend months on the imple-
mentation of X, trying to reproduce the published results for X, before even being
able to integrate the feature Y. While already the re-implementation of old models
sounds like re-inventing the wheel, sometimes, it is even not possible to validate the
new implementation of the old model because of lack of the original data as used in
the original publication. This problem is not new, it has already been described in
[9] as follows.

“An article about computational science in a scientific publication is not
the scholarship itself, it is merely advertising of the scholarship. The ac-
tual scholarship is the complete software development environment and the
complete set of instructions which generated the figures”

In order to address this problem, the manuscript publication must go with the soft-
ware publication, allowing to reproduce the published research, a strategy called
reproducible research [10]. Reproducible research is becoming more and more pop-
ular - see for instance [76] - and the AMToolbox is an attempt to promote the
reproducible research strategy within the hearing science by pursuing the following
three virtues.

e Reproducibility in terms of
— Valid reproduction of the published outcome like figures and tables from
selected publications
— Trust in the published models with no need for a repetition of the verification
— Modular model implementation and documentation of each model stage with
a clear description of the input and output data format
e  Accessibility, namely, free and open source software, available to download, use,
and contribute by anyone
e (onsistency, achieved by all functions written in the same style, using the same
names for key concepts and conventions for conversion of physical units to num-
bers

In the past, other toolboxes concerning auditory models have been published
[71, 60, 63]. The auditory toolboz [71] was an early collection of implementations
focused on auditory processing. It contains basic models of the human periph-
eral processing, but the development of that toolbox seems to have stopped. The
auditory-image-model toolboz, AIM, [63] comprises a more up-to-date model of the
neural responses at the level of the auditory nerve. It seems to be still actively devel-
oped. The development system for auditory modeling, DSAM, [60], includes various
auditory nerve models including the AIM. Written in C, it provides a great basis
for the development of computationally efficient applications. Note that while the
source code of the DSAM is free, the documentation is only commercially available.

! Much of the cooperation on the AMToolbox takes place within the framework of
the AABBA group, an open group of scientist dealing with aural assessment by
means of binaural algorithms
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In contrast to those toolboxes, the auditory modeling toolbox, AMToolbox, comprises
a larger body of recent models, provides a rating system for the objective evaluation
of the implementations, is freely available — both code and documentation — and
offers high proficiency gain when it comes to understanding and further developing
existing model implementations.

1.2 Structure and Implementation Conventions

The AMToolbox is published under the GNU general public license version 3, a free
and open source license? that guarantees the freedom to share and modify it for all
its users and all its future versions. The AMToolbox, including its source code, is
available from SourceForge®. AMToolbox works not only in Matlab?, versions 2009b
and higher, but is in particular developed for Octave®, version 3.6.0 and higher, in
order to avoid the need for any commercial software. The development is open and
transparent by keeping the source files in the software repository Git® allowing for
independent contributions and developments by many people. AMToolbox has been
tested on 64-bit Windows 7, on Mac OSX 10.7 Lion, and on several distributions of
Linux. Note that for some models, a compiler for C or Fortran is required. While
Octave is usually provided with a compiler, for Matlab the compiler must be installed
separately. Therefore, binaries for major platforms are provided for Matlab.

AMToolbox is build on top of the large time-frequency-analysis toolbox, LTFAT,
[72]. LTFAT is a Matlab/Octave toolbox for time-frequency analysis and multichan-
nel digital signal processing. LTFAT is free and open source. It provides a stable
implementation of the signal processing stages used in the AMToolbox. LTFAT is
intended to be used both as a computational tool and for teaching and didactic
purposes. Its features are basic Fourier analysis and signal processing, stationary
and non-stationary Gabor transforms, time-frequency bases like the modified dis-
crete cosine transform, and filterbanks and systems with variable resolution over
time and frequency. For all those transforms, inverse transforms are provided for a
perfect reconstruction.

Further, LTFAT provides general, not model-related auditory functions for the
AMToolbox. Several phenomena of the human auditory system show a linear fre-
quency dependence at low frequencies, and an approximately logarithmic depen-
dence at higher frequencies. These include the just-noticeable difference in frequency,
giving rise to the mel scale [74] and its variants [26]. The concept of critical bands
giving rise to the Bark scale [82], and the equivalent rectangular bandwidth, ERB, of
the auditory filters giving rise to the ERB scale [58] — later revised in [31]. All these
scales, including their revisions, are available in the LTFAT toolbox as frequency-
mapping functions.

2 http://www.gnu.org/licenses/gpl.html, last viewed on 9.1.2013

3 nttp://sourceforge.net/projects/amtoolbox, last viewed on 9.1.2013
* http://www.mathworks .de/products/matlab/, last viewed on 9.1.2013
® http://www.gnu.org/software/octave/, last viewed on 9.1.2013

S http://git-scm.com/, last viewed on 11.1.2013
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Fig. 1.1: Example for a demonstration provided in the AMToolbox. The three
panels show spectrograms of the DRNL filterbank and IHC envelope extrac-
tion of the speech signal [greasy| presented at different levels. The figure can
be plotted by evaluating the code demo_drnl

1.2.1 Structure

AMToolbox consists of monaural and binaural auditory models, as described in
the latter sections of this chapter, complemented with additional resources. The
additional resources are

e Data from psychoacoustic experiments and acoustic measurements, used in and
retrieved from selected publications

e FEzperiments, that is, applications of the models with the goal of simulating
experimental runs from the corresponding publications

e Demonstrations of a simple kind, for getting started with a model or data

By providing both the data and the experiments, two types of verifications can be
applied, namely,

e Verifications where the human data serve to reproduce figures from a given paper
showing recorded human data

e Verification where ezperiment functions simulate experimental runs from a given
paper and display the requested plots. Data collected from experiments with
human can then be compared by visual inspection

Demonstrations are functions beginning with demo_. The aim of the demonstrations
is to provide examples for the processing and output of a model in order to get
quickly into the purpose and functionality of the model. Demonstrations do not
require input parameters and provide a visual representation of a model output.
Fig. 1.1 shows an example for a demonstration, demo_drnl, which plots the spectro-
grams of the dual-resonance nonlinear, DRNL, filterbank and inner-hair-cell, IHC,
envelope extraction of the speech signal [greasy].

Data

The data provide a quick access to already existing data and a target for an easy
evaluation of models against a large set of existing data. The data are provided
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either by a collection of various measurement results in a single function, for example,
absolutethreshold, where the absolute hearing thresholds as measured with various
methods are provided — see Fig. 1.2 — or by refering to the corresponding publication,
for example, data_lindemann1986a. The latter method provides a very intuitive
access of the data to the user, as the documentation for the data is provided in the
referenced publication. The corresponding functions begin with data_.

Currently, the AMToolbox provides the following publication-specific data.

data_zwicker1961: Specification of critical bands [81]
data_lindemann1986a: Perceived lateral position under various conditions [47]
data_neely1988: Auditory brainstem responses (ABR) wave V latency as func-
tion of center frequency [59]
data_glasberg1990: Notched-noise masking thresholds [31]
data_goode1994: Stapes footplate displacement [32]
data_pralong1996: Amplitudes of the headphone and outer ear frequency re-
sponses [64]

e data_lopezpoveda2001: Amplitudes of the outer and middle ear frequency re-
sponses [48]

e data_langendijk2002: Sound-localization performance in the median plane [45]
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Fig. 1.2: Example for data provided in the AMToolbox. The figure shows the
absolute hearing thresholds measured under various conditions and returned
by the function absolutethreshold by evaluating the following code:
types = {’1s0226_2003’,’map’,’er3a’,’er2a’,’hda200’};
symbols = {’k’ ,’r--> ,’g’ ,’b:’,’y’ };
fc=125:125:8000; hold on; box on;
for ii=1:numel (types),
opt={symbols{ii}, ’LineWidth’, 3};
semiaudplot (fc,absolutethreshold(fc,types{ii}),’opts’,opt);
end;
legend(types); xlabel(’Frequency (Hz)’,’FontSize’,16);
ylabel (’Abs. hearing threshold (dB re 20 Pa)’,’FontSize’,16);
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e data_elberling2010: ABR wave V data as function of level and sweeping rate
[22]

e data_roenne2012: Unitary response reflecting the contributions from different
cell populations within the auditory brainstem [68]

e data_majdak2013: Directional responses from a sound-localization experiment
involving binaural listening with listener-specific HRTFs and matched and mis-
matched crosstalk-cancellation filters[52]

e data_baumgartner2013: Calibration and performance data for the sagittal-plane
sound localization model [3]

The general data provided by the AMToolbox include data like the speech intelligi-
bility indez as a function of frequency [12] — siiweightings. Further, data for the
absolute threshold of hearing in a free field [37] — absolutethreshold. The abso-
lute thresholds are further provided as the minimal audible pressures, MAPs, at the
eardrum [4] by using the flag map’. The MAPs are provided for the insert earphones
ER-3A (Etymotic) [38] and ER-2A (Etymotic) [33] as well as the circumaural head-
phone HDA-200 (Sennheiser) [40]. Absolute thresholds for the ER-2A and HDA-200
are provided for the frequency range up to 16 kHz [39].

Experiments

AMToolbox provides applications of the models that simulate experimental runs
from the corresponding publications, and display the outcome in the form of num-
bers, figures or tables — see for instance Fig. 1.3. A model application is called
experiment, the corresponding functions begin with exp_. Currently, the following
experiments are provided.

e exp_lindemann1986a: Plots figures from [47] and can be used to visualize dif-
ferences between the current implementation and the published results of the
binaural cross-correlation model

e exp_lopezpoveda2001: Plots figures from [48] and can be used to verify the
implementation of the DRNL filterbank

e exp_langendijk2002: Plots figures from [45] and can be used to verify the im-
plementation of the median-plane localization model, see Fig. 1.3

e exp_jelfs2011: Plots figures from [42] and can be used to verify the implemen-
tation of the binaural model for speech intelligibility in noise

e exp_roenne2012: Plots figures from [68] and can be used to verify the implemen-
tation of the model of auditory evoked brainstem responses to transient stimuli

e exp_baumgartner2013: Plots figures from [3] and can be used to verify the im-
plementation of the model of sagittal-plane sound localization performance

1.2.2 Documentation and Coding Conventions

In order to ensure traceability of each model and data, each implementation must
be backed up by a publication in indexed articles, standards, or books. In the AM-
Toolbox, the models are named after the first author and the year of the publication.
This convention might appear unfair to the remaining contributing authors, yet, it
establishes a straight-forward naming convention. Similarly, other files necessary for
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Fig. 1.3: Example for an experiment in the AMToolbox. The figure is plotted
by evaluating the code exp_langendijk2002(’fig7’) and aims at reproduc-
ing Fig. 7 of the article describing the langendijk2008 model [45].

a model are prefixed by the name of the model, that is, first author plus the year,
to make it clear to which model they belong.

All function names are lowercase. This avoids a lot of confusion because some
computer architectures respect upper/lower casing and others do not. Furthermore,
in Matlab/Octave documentation, function names are traditionally converted to
uppercase. It is also not allowed to use underscores in variable or function names
because they are reserved for structural purposes, for example, as in demo_gammatone
or exp_lindemann1986a. As much as possible, function names indicate what they
do, rather than the algorithm they use, or the person who invented it. We do not
allow to use global variables since they would make the code harder to debug and
to parallelize. Variable names are allowed to be both lower and upper case.
Further details on the coding conventions used in the AMToolbox can be found at
the website’.

1.2.3 Level Conventions

Some auditory models are nonlinear and the numeric representation of physical
quantities like pressure must be well-defined. The auditory models included in the
AMToolbox have been developed with a variety of level conventions. Thus, the
interpretation of the numeric unity, that is, the of value 1, varies. For of historical

" http://amtoolbox.sourceforge.net/notes/amtnote003.pdf, last viewed on
9.1.2013



8 P. L. Sgndergaard and P. Majdak

reasons, per default, the unity represents the sound-pressure level, SPL, as the root-
mean-square value, RMS, of 100 dB. The function dbspl, however, allows to globally
change this representation in the AMToolbox. Currently, the following values for the
interpretation of the unity are used by the models in the AMToolbox.

e SPL of 100 dB (default), used in the adaptation loops [13]. In this representation,
the signals correspond to pressure in 0.5 Pa

e SPL of 93.98dB, corresponding to the usual definition of the SPL in dB re
20 nPa. This representation corresponds to the international system of units, SI,
namely, the signals are the direct representation of the pressure in Pa
SPL of 30 dB, used in the inner-hair cell model [56]
SPL of 0dB, used in the DRNL filterbank [48] and in the model for binaural
signal detection [6]

Note that when using linear models like the linear all-pole Gammatone filterbank,
the level convention can be ignored.

1.3 Status of the Models

Ther description of a model implementation in the AMToolbox context can only
be a snapshot of the development since the implementations in the toolbox are
continuously developed, evaluated, and improved. In order to provide an overview
of the development stage, a rating system is used in the AMToolbox. The rating
status for the AMToolbox version 1.0 is provided in Table 1.1%.

First, we rate the implementation of the model by considering its source code
and documentation.

ot f Submitted The model has been submitted to the AMToolbox, there is,
however, no working code/documentation in the AMToolbox, or there
are compilation errors, or some libraries are missing. The model neither
appears on the website nor is available for download

* %% OK  The code fits the AMToolbox conventions just enough for being
available for download. The model and its documentation appear on the
website, but major work is still required

* ¥ ¥ Good The code/documentation follows our conventions, but there are
open issues

* & K Perfect The code/documentation is fully up to our conventions, no open
issues

Second, the implementation versus the corresponding publication is verified in ex-
periments. In the best case, the experiments produce the same results as in the
publication — up to some minor layout issues in the graphical representations. Veri-
fications are rated at the following levels.

Yo Yo ¥ Unknown The AMToolbox can not run experiments for this model and
can not produce results for the verification. This might be the case when
the verification code has not been provided yet

8 The current up-to-date status of the AMToolbox can be found under http://
amtoolbox.sourceforge.net/notes/amtnote006.pdf, last viewed on 14.2.2013
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Untrusted The verification code is available but the experiments do
not reproduce the relevant parts of the publication (yet). The current
implementation can not be trusted as a basis for further developments
Qualified The experiments produce similar results as in the publication
in terms of showing trends and explaining the effects, but not necessar-
ily matching the numerical results. Explanation for the differences can
be provided, for example, not all original data available, or publication
affected by a known and documented bug

Verified The experiments produce the same results as in the publi-
cation. Minor differences are allowed if randomness is involved in the
model, for instance, noise as input signal, probabilistic modeling ap-
proaches, and a plausible explanation is provided

Table 1.1: Model status. Ch: chapter number with the model. The hyphen
indicates a general model with no particular assignment to a specific chapter.
D: Rating for the model documentation. C: Rating for the model source code.
V: Rating for the model verification with experiments.

Model Rating
Name Function Ch D C \%
Peripheral models
Continuous-azimuth HRTFs enzner2008 3 *htr kY k%
Directional time-of-arrival ziegelwanger2013 - KAk hkk hokk
Gammatone filterbank gammatone - *kk  hkk  frfet
Invertible Gammatone filterbank hohmann2002 - Kt KA k%
Dual-resonance nonlin. filterbank drnl - KAk hAk Kk
Cochlear transmission-line model verhulst2012 13 fefete ke Stk
Auditory-nerve filterbank zilany2007humanized - AhK KKK AR
Inner hair cell ihcenvelope - Khk  hkk  HRk
Adaptation loops adaptloop - *hkk  wkk  fhk
Modulation filterbank modfilterbank - Kk gk Y
Auditory brainstem responses roenne2012 - KAK AAK Ak
Signal detection models
Monaural masking dau1997preproc - KAk hkk Rk
Binaural signal detection breebaart2001preproc 5 Kk hkk Rk
Spatial models
Lateralization, cross-correlation  lindemann1986 12 dkk Akk hAY
Concurrent-speakers lateral dir.  dietz2011 6, 10 Ak Akk  AkKk
Lateralization, supervised training may2013 15 Aftr ke Atk
Binaural activity map takanen2013 13 Ak Avr Atk
Median-plane localization langendijk2002 4 Kk Kk ARk
Sagittal-plane localization baumgartner2013 4 *hkk  hkk  dkk
Distance perception georganti2013 7 Kk kY Rk
Speech perception models
Speech intelligibility in noise joergensen2011 - Kitetr  Afr hkk

Spatial unmasking for speech jelfs2011 16 A% Akk hAY
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1.3.1 Peripheral Models

This section describes models of auditory processes involved in the periphery of the
human auditory system like outer ear, middle ear, inner ear, and the auditory nerve.

Continuous-azimuth head-related transfer functions — enzner2008

Head-related transfer functions, HRTFs, describe the directional filtering of the in-
coming sound due to torso, head, and pinna. HRTFs are usually measured for dis-
crete directions in a system-identification procedure aiming at fast acquisition and
high spatial resolution of the HRTFs — compare [51]. The requirement of high-
spatial-resolution HRTFs can also be addressed with a continuous-azimuth model
of HRTFs [23, 24]. Based on this model, white noise is used as an excitation signal
and normalized least-mean-square adaptive filters are employed to extract HRTFs
from binaural recordings that are obtained during a continuous horizontal rotation
of the listener. Recently, periodic perfect sweeps have been used as the excitation
signal in order to increase the robustness against nonlinear distortions at the price
of a potential time aliasing [2].

Within the AMToolbox, the excitation signal for the playback is generated and
the binaurally recorded signal is processed. The excitation signal can be generated
either by the means of Matlab/Octave internal functions [23] or with the func-
tion perfectsweep [2]. For both excitation signals, the processing of the binaural
recordings [23] is implemented in enzner2008 that outputs HRTFs with arbitrary
azimuthal resolution.

Directional time-of-arrival — ziegelwanger2013

The broadband delay between the incoming sound and the ear-canal entrance de-
pends on the direction of the sound source. The delay, also called time-of-arrival,
TOA, can be estimated from an HRTF. A continuous-direction TOA model, based
on a geometric representation of the HRTF measurement setup has been proposed
[78] In the function ziegelwanger2013, TOAs, estimated from HRTFs separately for
each direction, are used to fit the model parameters. Two model options are available,
the on-axis model where the listener is assumed to be placed in the center of the mea-
surement, and the off-axis model where a translation of the listener is considered. The
corresponding functions, ziegelwanger2013onaxis and ziegelwanger2013offaxis,
output the monaural directional delay of the incoming sound as a continuous func-
tion of the sound direction. It can be used to further analyze broadband-timing
aspects of HRTFs, such as broadband interaural-time differences, ITDs, in the pro-
cess of sound localization.

Gammatone filterbank — gammatone

A classical model of the human basilar membrane, BM, processing is the Gammatone
filterbank, of which there exist many variations [50]. In the AMToolbox, the original
IIR approximation [62] and the all-pole approximation [49] have been implemented
for both real- and complex-valued filters in the function gammatone. To build a
complete filterbank covering the audible frequency range, the center frequencies of
the gammatone filters are typically chosen to be equidistantly spaced on an auditory
frequency scale like the ERB scale [31], provided in the LTFAT.



1 The Auditory Modeling Toolbox 11
Invertible Gammatone filterbank — hohmann2002

The classic version of the Gammatone filterbank does not provide for a method to
reconstruct a signal from the output of the filters. A solution to this problem has
been proposed [35] where the original signal can be reconstructed using a sampled
all-pass filter and a delay line. The reconstruction is not perfect, but stays within
1 dB of error in magnitude between 1 and 7 kHz and, according to [35], the errors are
barely audible. The filterbank has a total delay of 4ms and uses 4'-order complex-
valued all-pole Gammatone filters [49] — equidistantly scaled on the ERB scale.

Dual-resonance nonlinear filterbank — drnl

The DRNL filterbank introduces the modeling of the nonlinearities in peripheral
processing [57, 48|. The most striking feature is a compressive input-output function,
and, consequently, level-dependent tuning. The DRNL function drnl supports the
parameter set for a human version of the nonlinear filterbank [48].

Auditory-nerve filterbank — zilany2007humanized

The auditory-nerve, AN, model implements the auditory periphery to predict the
temporal response of AN fibers [79]. The implementation provides a “humanized”
parameter set, which can be used to model the responses in human AN fibers [68].
In the AMToolbox, the function is called zilany2007humanized and outputs the
temporal excitation of 500 AN fibers equally spaced on the BM.

Cochlear transmission-line model — verhulst2012

The model computes the BM velocity at a specified characteristic frequency by
modeling the human cochlea as a nonlinear transmission-line and solving the corre-
sponding ordinary differential equations in the time-domain. The model provides the
user direct control over the poles of the BM admittance, and thus over the tuning
and gain properties of the model along the cochlear partition. The passive structure
of the model was designed [80] and a functional, rather than a micro-mechanical,
approach for the nonlinearity design was followed with the purpose of realistically
representing level-dependent BM impulse response behavior [67, 70]. The model
simulates both forward and reverse traveling waves, which can be measured as the
otoacoustic emissions, OAEs.

In the AMToolbox, the model is provided by the function verhulst2012. The
model can be used to investigate time-dependent properties of cochlear mechanics
and the generator mechanisms of OAEs. Furthermore, the model is a suitable pre-
processor for human auditory perception models where realistic cochlear excitation
patterns are required.

Inner hair cells — ihcenvelope

The functionality of the IHC is typically described as an envelope extractor. While
the envelope extraction is usually modelled by a half-wave rectification followed
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by a low-pass filtering, many variations to this scheme exist. For example, binaural
models typically use a lower cutoff frequency for the low-pass filtering than monaural
models.

In the AMToolbox, the IHC models are provided by the function ihcenvelope
and selected by the corresponding flag. Models based on the low-pass filter with the
following cutoff frequency are provided, namely, 425 Hz [5] — flag ’ihc_bernstein?,
770 Hz [6] — flag > ihc_breebaart’, 800 Hz [47] — flag >ihc_lindemann’, and 1000 Hz
[15] — flag ?ihc_dau’. Further, the classical envelope extraction by the Hilbert trans-
form is provided [28] — *hilbert’. Finally, a probabilistic approach for the synaptic
mechanisms of the human inner hair cells [56] is provided — ’ihc_meddis’.

Adaption loops — adaptloop

“Adaptation loops” is a simple method to model the temporal nonlinear properties
of the human auditory periphery by using a chain of typically five feedback loops
in series. Each loop has a different time constant. The AMToolbox implements
the adaptation loops in the function adaptloop with the original, linearly spaced
constants [66] — flag ’adt_puschel’. In [6], the original definition was modified
to include a minimum level to avoid the transition from complete silence and an
overshoot limitation, ’adt_breebaart’, because it behaved erratically if the input
changes from complete silence [13]. Also, the constants from [15], adt_dau’, are
provided, which better approximate the forward masking data.

Modulation filterbank — modfilterbank

The modulation filterbank is a processing stage that accounts for amplitude mod-
ulation, AM, detection and AM masking in humans [27, 13]. In the AMToolbox,
the modulation filterbank is provided in the function modfilterbank. The input to
the modulation filterbank is low-pass filtered using a first-order Butterworth filter
with a cutoff frequency at 150 Hz. This filter simulates a decreasing sensitivity to
sinusoidal modulation as a function of modulation frequency. By default, the mod-
ulation filters have center frequencies of 0, 5, 10, 16.6, 27.77 ... Hz, where each next
center frequency is 5/3 times the previous one. For modulation center frequencies
below and including 10 Hz, the real values of the filters are returned and, for higher
modulation frequencies, the absolute value, that is, the envelope, is returned.

Auditory brainstem responses — roenne2012

A quantitative model describing the formation of human auditory brainstem re-
sponses, ABRs, to tone pulses, clicks, and rising chirps as a function of stimulation
level is provided in the function roenne2012. The model computes the convolution
of the instantaneous discharge rates using the “humanized” nonlinear AN model [79]
with an empirically derived unitary response function that is assumed to reflect con-
tributions from different cell populations within the auditory brainstem, recorded
at a given pair of electrodes on the scalp. The key stages in the model are (i) the
nounlinear processing in the cochlea, including key properties such as compressive
BM filtering, IHC transduction and IHC-AN synapse adaptation, and (ii) the linear
transformation between the neural representation at the output of the AN and the
recorded potential at the scalp.
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1.4 Signal-detection Models

Signal detection models predict the ability to detect a signal or a signal change
by human listeners. These models usually rely on a peripheral model and use a
framework to simulate the decisions made by listeners. Note that functions with
the prefix preproc are modeling the preprocessing part of the model only, while
excluding the decision framework.

Preprocessing for modeling simultaneous and nonsimultaneous
masking — daul997preproc

A model of human auditory masking of a target stimulus by a noise stimulus has been
proposed [15]. The model includes stages of linear BM filtering, IHC-transduction,
adaptation loops, a modulation low-pass filter, and an optimal detector as the de-
cision device. The model was shown to quantitatively account for a variety of psy-
choacoustical data associated with simultaneous and non-simultaneous masking [16].
In subsequent studies [13, 14], the cochlear processing was replaced by the GM
filterbank and the modulation low-pass filter was replaced by a modulation filter-
bank, which enabled the model to account for AM detection and AM masking. The
preprocessing part of this model consisting of the GM filterbank, the IHC stage,
the adaptation loops, and the modulation filterbank is provided by the function
daul997preproc.

Preprocessing for modeling binaural signal detection based on
contralateral inhibition — breebaart2001preproc

A model of human auditory perception in terms of the binaural signal detection
has been proposed [6, 7, 8]. The model is essentially an extension of the monaural
model [13, 14], from which it uses the peripheral stages, that is, linear BM filtering,
IHC-transduction, and adaptation loops, and the optimal detector decision device.
The peripheral internal representations for both ears are then fed to an equalization-
cancellation binaural processor consisting of excitation-inhibition, EI, elements, re-
sulting in a binaural internal representations that is finally fed into the decision
device. Implemented in the function breebaart2001preproc, the preprocessing part
of the model outputs the El-matrix, which can be used to predict a large range
of binaural detection tasks [8] or to evaluate sound localization performance for
stereophonic systems [61].

1.5 Spatial Models

Spatial models consider the spatial position of a sound event in the modeling process.
The model output can be the internal representation of the spatial event on a neural
level. The output can also be a perceived quality of the event like the sound position,
apparent source width, or the spatial distance, also in cases of multiple sources.



14 P. L. Sgndergaard and P. Majdak
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Fig. 1.4: Example for a model output in the AMToolbox. The figure shows
the modeled binaural activity of the 500-Hz frequency channel in response to
a 500-Hz sinusoid with a 2-Hz binaural modulation and a sampling frequency
of 44.1kHz as modeled by the cross-correlation model [47]. The figure can be
plotted by evaluating the code below.
[cc,t] = 1lindemann1986 (bmsin(500,2,44100),44100,°’T_int?,6);
plotlindemann(cc,t,’fc’,500);

Modeling sound lateralization with cross-correlation
— lindemann1986

A binaural model for predicting the lateralization of a sound has been proposed
[47]. This model extends the delay line principle [41] by contralateral inhibition and
monaural processors. It relies on a running interaural cross-correlation process to
calculate the dynamic ITD which are combined with the interaural level differences,
ILDs. The peak of the cross-correlation is sharpened by contralateral inhibition and
shifted by the ILD.

In the AMToolbox, the model is implemented in the function lindemann1986 and
consists of linear BM filtering, IHC-transduction, cross-correlation, and the inhibi-
tion step. The output of the model is the interaural cross-correlation in each char-
acteristic frequency, see Fig. 1.4. The model can handle stimuli with a combination
of ITD and ILD and predict split images for unnatural combinations of the two. An
example is given in Fig. 1.4.

Modeling lateral-deviation estimation of concurrent speakers
— dietz2011

Most binaural models are based on the concept of place coding, namely, on coin-
cidence neurons along counterdirected delay lines [41]. However, recent physiologic
evidence from mammals, for example, [55], supports the concept of rate coding [77]
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and argues against axonal delay lines. In [19], this idea is extended and the deriva-
tion of the interaural phase differences, IPDs, from both the temporal fine structure
and the temporal envelope without employing mechanisms of delay compensation
is proposed. This concept was further developed as a hemispheric rate comparison
model in order to account for psychoacoustic data [17] and for auditory model based
multi-talker lateralization [18]. The latter is the basis for further applications, such
as multi-talker tracking and automatic speech recognition in multi-talker conditions
[73]. The model, available in the AMToolbox in the function dietz2011, is function-
ally equivalent to both [18] and [73].

Modeling sound-source lateralization by supervised learning
— may2013

A probabilistic model for sound-source lateralization based on the supervised learn-
ing of azimuth-dependent binaural cues in individual frequency channels is imple-
mented in the function may2013 [54|. The model jointly analyzes both ITDs and
ILDs by approximating the two-dimensional feature distribution with a Gaussian-
mixture model, GMM, classifier. In order to improve the robustness of the model, a
multi-conditional training stage is employed to account for the uncertainty in ITDs
and ILDs resulting from complex acoustic scenarios. The model is able to robustly
estimate the position of multiple sound sources in the presence of reverberation [54].
The model can be used as a pre-processor for applications in computational auditory
scene analysis such as missing data classification.

Modeling binaural activity — takanen2013

The decoding of the lateral direction of a sound event by the auditory system is
modeled [75] and implemented in takanen2013. A binaural signal, processed by a
peripheral model, is fed into functional count-comparison-based models of the medial
and lateral superior olive [65] which decode the directional information from the
binaural signal. In each frequency channel, both model outputs are combined and
further processed to create the binaural activity map representing neural activity as
a temporal function of lateral arrangement of the auditory scene.

Modeling median-plane localization — langendijk2002

Sound localization in the median planes relies on the analysis of the incoming monau-
ral sound spectrum. The monaural directional spectral features arise due to the fil-
tering of the incoming sound by the HRTFs. A model for the probability of listener’s
directional response to a sound in the median plane has been proposed [45]. The
model uses a peripherally-processed set of HRTFs to mimic the representation of
the localization cues in the auditory system. The decision process is simulated by
minimizing the spectral distance between the peripherally-processed incoming sound
spectrum and HRTFs from the set. Further, a probabilistic mapping is incorporated
into the decision process.

In the AMToolbox, the model is provided by the function langendijk2002. The
model considers the monaural spectral information only and outputs the prediction
for the probability of responding at a vertical direction for stationary wideband
sounds within the median-sagittal plane.
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Modeling sagittal-plane-localization — baumgartner2013

The median-plane localization model [45] has been further improved with the focus
to provide a good prediction of the localization performance for individual listen-
ers in sagittal planes [3]. The model considers adaption to the actual bandwidth of
the incoming sound and calibration to the listener-specific sensitivity. It considers a
binaural signal and implements binaural weighting [34]. Thus, it allows for predict-
ing target position in arbitrary sagittal planes, namely, parallel shifts of the median
plane. The model further includes a stage to retrieve psychophysical performance
parameters such as quadrant error rate, local polar RMS error, or polar bias from the
probabilistic predictions, allowing to directly predict the localization performance for
human listeners. For stationary, spectrally unmodulated sounds, this model incor-
porates the linear Gammatone filterbank [62], and has been evaluated under various
conditions [3]. Optionally, the model can be extended by incorporating a variety of
more physiology-related processing stages, for example, the DRNL filterbank [48] —
flag ’drnl’ or the humanized AN model [79, 68] in order to model, for example, the
level dependence of localization performance [53] — flag >zilany2007humanized’.

In the AMToolbox, the model is provided by the function baumgartner2013,
which is the same implementation as that used in [3]. Further, a pool of listener-
specific calibrations is provided, data_baumgartner2013, which can be used to assess
the impact of arbitrary HRTF-based cues on the localization performance.

Modeling distance perception — georganti2013

A method for distance estimation in rooms based on binaural signals has been pro-
posed [29, 30]. The method requires neither a priori knowledge of the room impulse
respounse, nor the reverberation time, nor any other acoustical parameter. However,
it requires training within the rooms under examination and relies on a set of fea-
tures extracted from the reverberant binaural signals. The features are incorporated
into a classification framework based on GMM classifier. For this method, a distance
estimation feature has been introduced exploiting the standard deviation of the in-
teraural spectral level differences in the binaural signals. This feature has been shown
to be related to the statistics of the corresponding room transfer function [69, 43]
and to be highly correlated with the distance between source and receiver. In the
AMToolbox, the model is provided by the function georganti2013, which is the
same implementation as that used in [30].

1.6 Speech-perception Models

Speech perception models incorporate the speech information into the modeling
process and thus, they usually test the speech intelligibility under various conditions.

Modeling monaural speech intelligibility in noise — joergensen2011

A model for quantitative prediction of speech intelligibility based on the signal-to-
noise envelope-power ratio, SNRenv, after modulation frequency selective processing
has been proposed [44]. While the SNRenv-metric is inspired by the concept of the
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signal-to-noise ratio in the modulation domain [20], the model framework is an exten-
sion of the envelope-power-spectrum model for modulation detection and masking
[25], and is denoted as the speech-based envelope-power-spectrum model, sEPSM.
Instead of comparing the modulation power of clean target speech with a noisy-
speech mixture such as the modulation transfer function [36], the sSEPSM compares
an estimate of the modulation power of the clean speech within the mixture and
the modulation power of the noise alone. This means that the sEPSM is sensitive to
effects of nonlinear processing, such as spectral subtraction, which may increase the
noise modulation power, where the classical speech models fail. In the AMToolbox,
the model is provided by the function joergensen2011.

Modeling spatial unmasking for speech in noise and reverberation
— jelfs2011

A model of spatial unmasking for speech in noise and reverberation has been pro-
posed [46]. It has been validated it against human speech reception thresholds, SRTs.
The underlying structure of the model has been further improved [42] and operates
directly upon binaural room impulse responses, BRIRs. It has two components,
better-ear listening and binaural unmasking, which are assumed to be additive. The
BRIRs are filtered into different frequency channels using an auditory filterbank
[62]. The better-ear listening component assumes that the listener can select sound
from either ear at each frequency according to which one has the better signal-to-
noise ratio, SNR. The better-ear SNRs are then weighted and summed across fre-
quency according to Table I of the speech-intelligibility index [1], see siiweightings.
The binaural unmasking component calculates the binaural masking level difference
within each frequency channel based on equalization-cancellation theory [21, 11].
These values are similarly weighted and summed across frequency. The summed
output is the effective binaural SNR, which can be used to predict differences in
SRT across different listening situations. Implemented in the AMToolbox in the
function jelfs2011, the model has been validated against a number of different sets
of SRTs both from the literature and from [42]. The output of the model can be
used to predict the effects of noise and reverberation on speech communication for
both normal-hearing listeners and users of auditory prostheses and to predict the
benefit of optimal head orientation.

1.7 Working with the AMToolbox

Assuming a working Matlab/Octave environment, the following steps are required
for getting started.

1. Download the LTFAT from http://ltfat.sourceforge.net

2. Download the AMToolbox from http://amtoolbox.sourceforge.net
3. Start the LTFAT at the Matlab/Octave prompt: 1tfatstart

4. Start the AMToolbox: amtstart

Further instructions on the setup for the AMToolbox can be found in the file IN-
STALL in the main directory of the AMToolbox. The further steps depend on the
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particular tasks and application. As a general rule, a demonstration is a good start-
ing point, thus, a demo_ function can be used to obtain a general impression of the
corresponding model, see for example Fig. 1.1. Then, an experiment, namely, an
exp_ function can be used to see how the model output compares to the correspond-
ing publication, see for example Fig. 1.3. Editing the corresponding exp_ function
will help to understand the particular experiment implementation, the call to the
model functions, and the parameters used in that experiment and generally available
for the model. By modifying the exp_ function and saving as an own experiment, a
new application of the model can be easily created.

Note that some of the models require additional data not provided with the
AMToolbox because of size limitations. These data can be separately downloaded
with the corresponding link usually being provided by the particular model function.

1.8 Conclusion

AMToolbox is a continuously growing and developing collection of auditory models,
human data, and experiments. It is free as in “free beer”, that is, freeware, and it
is free as in “free speech”, in other words liberty® It is available for download'?,
and auditory researchers are welcome to contribute their models to the AMToolbox
in order to increase the pool of easily accessible and verified models and, thus, to
promote their models in the community.

Much effort has been put to the documentation. The documentation in the
software is directly linked with the documentation appearing at the web page'!,
providing a consistent documentation of the models. Finally, a rating system is
provided that which clearly shows the current stage of verification of each model
implementation. The ratings are continuously updated'?, and we hope that all the
implementations of the models from AMToolbox will reach the state of Verified
soon.
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