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Advanced Audio Spatializer combined with
a Multipoint Equalization System
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Abstract— The paper deals with the development of a real
time system for the reproduction of an immersive audio field
considering the crosstalk cancellation and the room response
equalization issues. In particular, the real-time system is com-
posed of two parts: a crosstalk cancellation network and a com-
bined multipoint equalization structure. The former is required
in order to have a spatialized audio and it is based on the free-
field relationship in order to not introduce a timbre alteration.
The latter is used to improve the objective and subjective
quality of sound reproduction systems by compensating the
room and loudspeakers transfer function. Both steps are based
on a-priori analysis of the real environment using real impulse
responses measured in different positions. In particular, an
offline procedure capable of determining the tuning parameters
for the crosstalk network and of deriving the final filters for the
equalization structure, is adopted. Several results are presented
in order to show the effectiveness of the proposed algorithms
considering objective and subjective evaluations and comparing
the presented approach with the state of the art.

I. INTRODUCTION

In the field of immersive audio, there are two main
approaches for 3D audio rendering: headphones reproduction
and loudspeakers reproduction. The first approach attempts
to reproduce through headphones at each eardrum of the
listener, the sound pressure of virtual sources using head
related transfer functions (HRTFs). In the second case, the
binaural signal is delivered to the ears using two or more
loudspeakers. In this case, the sound emitted from each
loudspeaker is heard by both ears and a network of filters
known as crosstalk canceller (CTC) is usually adopted to
avoid this problem. Firstly introduced by Bauer in 1961 [1]
and patented by Atal in 1966 [2] the crosstalk cancellation
technique has received great interest in the academic world
and several efforts have been accomplished in the last
decades in order to improve the performance of crosstalk
canceller taking into account different issues [3]. Indeed, al-
though the fundamental procedure used to perform crosstalk
cancellation has not changed since its original statement,
several approaches have been presented in literature mainly
focusing on improved CTC filter design techniques, and
methods for increasing robustness and sweet spot dimension
(i.e., the limited area where the crosstalk canceller is active).

Focusing on the CTC filter design, two categories can be
considered: the first is represented by those approaches that
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are based on the use of measured HRTFs, while the second
refers to the use of free-field model.

Regarding the first point, in [4] a fast deconvolution
approach based on Fast Fourier Transform has been pre-
sented to derive the crosstalk matrix, on similar basis in
[5] a time domain deconvolution method using both statistic
and deterministic Wiener filters is described based on the
used of measured HRTFs. Others well-known approaches
involve minimax approximation [6] and least mean square
(LMS) based solutions [7], [8]. Recent approaches have been
based on the control of acoustic energy density [9] or IIR
filters designed in frequency warping domain [10]. All these
approaches exploit the use of real HRTFs, increasing the
model reliability, thus decreasing the generalization of the
system: different listeners with different ears could perceived
differently the effect of the crosstalk cancellation.

Considering the second category, a system based on free-
field model for the impulse response definition has been
presented in [11], [12], [13], [14]. In this case, a very
simple model that gives an estimation of the system impulse
response along x-y coordinate is designed, introducing a low
accuracy of the impulse responses but providing good perfor-
mance in terms of audio quality since low alterations of the
timbre are introduced. On similar basis, a heuristic approach
named RACE (i.e., Recursive Ambiophonics Crosstalk Elim-
ination) has been presented in [15], representing a simplifi-
cation of the free-field model approach. In particular, RACE
consists in cancelling the crosstalk component at a given
contralateral ear by a delayed and attenuated copy of the
signal that caused the crosstalk. Differently from the system
based on the measured HRTFs, these approaches allow a gen-
eralization of the system thus providing better performance in
terms of feasibility and effectiveness. However, considering
measured HRTFs allows to have an intrinsic equalization of
the environment and loudspeakers due to the the crosstalk
cancellation matrix structure, while considering the free-
field model, the correction of the environment is avoided.
Therefore, a room response and loudspeaker equalization is
needed in order to support the spatializer system, in the case
of free-field modelling approach.

Room response equalization has been studied in theory
and applied in practice for improving the objective and
subjective quality of sound reproduction systems in different
environment [16]. In a room response equalization system,
the room transfer function characterizing the path from the
sound reproduction system to the listener should be compen-
sated with a suitably designed equalizer, in order to enhance
the listening experience avoiding excessive reverberation



and artefacts due to loudspeakers response. In particular, a
multipoint equalization that implies the use of room impulse
responses measured in more than one position around the
listener, has been proved to be an effective approach to
enhance the overall listening experience [17], [18], [16], [19],
[20].

In this paper, an efficient implementation of an advanced
audio spatializer based on acoustic crosstalk cancellation is
proposed taking into account the free-field model [11]. In
particular, since the proposed crosstalk cancellation algo-
rithm lead to low timbre alterations due to the adopted model,
an efficient equalization procedure useful to compensate the
loudspeakers and room response transfer functions is here
introduced taking into consideration a combined multipoint
approach [21], [16], [19]. Then, since the approach of [11]
deals with a manual tuning of the system, an automatic
procedure is here proposed in order to determine the pa-
rameters values employed in the real-time processing. In the
end, in order to highlight the effectiveness of the proposed
algorithm, objective and subjective comparisons have been
done comparing the presented approach with the state of the
art.

In Section II the proposed approach is introduced taking
into consideration the advanced spatializer developed con-
sidering a crosstalk cancellation (Section II-A) algorithm
and an innovative equalizer (Section II-B) both based on a-
priori analysis of measured impulse responses. The obtained
experimental results are reported in Section III. Finally,
conclusions and future works are described in Section IV.

II. PROPOSED APPROACH

An efficient implementation of an advanced spatializer is
described in this section. Based on an improved version of
the free-field crosstalk canceller algorithm [11] combined
with a multipoint equalization procedure, the presented ap-
proach allows obtaining improvements in terms of robust-
ness, channel separation, and achieved audio quality. More in
detail, while free-field crosstalk canceller bring a remarkable
spatialization effect introducing low timbre alteration and
artefacts, the equalization procedure has been introduced in
order to enhance the audio quality experience compensating
the loudspeaker and room transfer functions. On this basis,
an offline procedure is presented in order to achieve the
parameters values employed during the real-time processing
(i.e., the crosstalk cancellation matrix and the coefficients
used in the equalization procedure). The overall diagram of
the proposed technique is visualized in Figure 1 reporting
the main operations. First of all, a measurement of the real
impulse responses is achieved in different positions, then an
offline procedure is performed in order to obtain the final
filters for the equalization stage and the tuning parameter for
the audio spatializer. These steps are widely described in the
following subsections.

A. Audio Spatializer based on IRs analysis

A typical two-loudspeakers listening situation is shown
in Figure 2: z; and xp are binaural signals sent to the
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Fig. 1. Overall block scheme of the presented algorithm algorithm.

loudspeakers while e;, and ep are signals perceived at the
listener’s ears. The system can be described by the following

equation
er _ | L
€R | 7R

where H is the matrix of the head related transfer functions
and W is the crosstalk canceller matrix, defined as follows:
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For optimal result, the matrix product between H and W
should be the identity matrix, i.e.,
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in order to deliver the binaural signal z, to the left ear and
xR to the right ear. In this way, unwanted crosstalk terms
will be eliminated.

However, considering the free-field model [11], [13], [14],
the matrix H can be defined as follows:
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Fig. 2. A block diagram of an audio system that can adjust the sweet spot
with relation to the listener position.



Fig. 3. Geometrical representation of the stereophonic reproduction
environment using two loudspeakers.

While 11, Irr, lrL, IrRR represent the distances between
the loudspeakers and the listener as reported in Figure 3.
Considering the approach of [11], [14], these parameters can
be calculated as follows:

J 2
lor = (28 + yutand —r | +yu
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where y,, denote the distance of the listener from the central
axis, dg is the distance between the two loudspeakers, 6 is
the look direction of the listener, r is the radius of the listener
head that can be set equal to 0.10m.

However, the application of Equation (6), required a-
priori knowledge of the listener’s and loudspeakers distances.
Therefore in order to avoid this step, an automatic procedure
is proposed in order to automatically have the parameters
required for the real-time processing operations, starting from
an IRs measurement. In particular, focusing on the crosstalk
cancellation, the matrix H used in the crosstalk canceller
and previously reported in Equation (5) are computed taking
into account the arrival time (i.e., the direct path from each
loudspeaker to the microphone) obtained from the evaluation
of the measured IRs. Different algorithms were tested in
order to obtain the best performance in terms of accuracy of
the arrival time measure. Among these approaches, the one
used is based on a threshold evaluation [22]. In particular,
taking into account a given impulse response, the arrival
time is calculated considering the time instant in which
the impulse response reach the 10% of the maximum peak
value as reported in Figure 4. Starting from this analysis,
it is possible to obtain the relative distance value Iy, LR,
lrL, lrR useful to compute the HRTF matrix as reported in

(6)

+ Yu
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Fig. 4. Evaluation of the distances between the loudspeakers and the listener
(lrRr) considering the impulse response IR3.

Equation (5), avoiding the parameters calculation of Equation
(6).

At this point, after the definition of Equation (5), the
crosstalk cancellation matrix have to be derived. Several
approaches [7] [8] [6] have been presented in literature
to compute the crosstalk cancellation matrix obtaining the
filters value in order to satisfy the condition of Equation
(4). Among these, one of the best approach in terms of
robustness, separation between the right and left channel,
and obtained audio quality, has been proposed by Kirkeby
in 1998 and based on a fast deconvolution operation [4]. This
approach provides for a frequency regularization in order to
control ill-conditioning in the matrix inversion. In particular,
exploiting this approach, the crosstalk cancellation matrix is
obtained as reported in the following equation:

_ 1| Hrr —Hir
W=H"'== : 7
D | —Hpr Hip @
where
D =Hyp Hrr — Hrr . HLR (8)

and Hy;,Hrr,Hrr, Hrr are the HRTF coefficients ob-
tained from impulse response measurements, and the inverse
operation -+ is performed using the fast deconvolution ap-

D
proach with regularization .

B. Equalizer based on Multipoint room response equaliza-
tion

The proposed approach is based on a multipoint techniques
[16] capable to enlarge the listening sweet spot and takes
into consideration a quasi-anechoic approach [21], that is
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Fig. 5. Room response equalization diagram.
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Fig. 6. Comparison between (a) the measured IR and (b) the pre-equalized
IR and (c) one third octave smoothed IR.

capable to produce also a general equalization of the used
loudspeakers. The novel prototype function is derived from
the combination of quasi-anechoic IRs, derived from a gated
version (up to the first reflection) of the responses, with the
IRs recorded in the real environment.

Figure 5 shows each step of the equalization approach. In
particular, given a set of impulse responses measured in the
to-be-equalized zone, a pre-equalization procedure is applied
considering the quasi-anechoic IR spectrum for frequency
greater than the transition frequency, and the original (un-
gated) IR spectrum below the transition frequency. This is
done in order to equalize the direct sound only in mid-
high frequency range, while applying full equalization in
the modal frequency range. Figure 6 shows the behaviour
of a measured impulse response, and the obtained impulse
response following the proposed procedure in comparison
with the third octave complex smoothing, considering a
transition frequency of 700H z.

Then, starting from the magnitude spectra of the IRs, a
smoothing operation is applied: this method simulates a well-
known property of the auditory system which presents a
poorer frequency resolution at higher frequencies. In this
way, it is possible to consider a non-uniform resolution,
which decreases with increasing frequency, to obtain a less
precise equalization at higher frequency resulting in a broader
equalized zone.

5 Louspeakers
) ¢ & :
3

—_ IR1 IR2 1IR3 IR4 i)
E 3 e0 00 9
o 9 Microphones =2}
& | |
é’ 2k S

1

Table
0
0 1 2 3 4 6 7
Width [m]

Fig. 7. Microphones and loudspeakers position for the experimental results.
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Fig. 8. Magnitude frequency response of (a), (b), (c), (d) smoothed impulse

response, (e) prototype function, (f) equalizer considering (i) left and (ii)
right channel.

At this point, a representative response of the consid-
ered acoustic environment is derived taking into account
all smoothed IRs. The prototype frequency response is ob-
tained using an arithmetic mean of the smoothed frequency
responses, as follows

M
1
mwzﬂ§mw ©
with £ =0, --- , K—1. Some tests have been performed con-

sidering the Fuzzy c-means approach [18] for the prototype
extraction, however the same results of the mean approach, in
terms of prototype definition, have been obtained considering
the aforementioned pre-equalization approach. This could
mean that the pre-equalization method is already capable of
extracting the main characteristics of the analyzed environ-
ment. However, future works will be oriented to perform a
deep investigation taking into account several microphones
positions, in order to verify the enlargement of the equalized
zone. Then, the inverse model of the prototype function is
obtained using a frequency deconvolution with regularization
[4] that is capable to avoid excessive gains, especially at high
frequencies. It is applied to the prototype as follows:

H' (k
[Hy ()" + 8
where [ is the regularization factor, k = 0,--- , K — 1 and

(*) indicated the conjugate of the filter. For the experimental
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Fig. 9. Magnitude frequency response of (a), (b), (c), (d) impulse responses
after equalization procedure considering (i) left and (ii) right channel.

results, a regularization factor with value 0.00001 is consid-
ered. The computational complexity of the fast deconvolution
method is essentially that of the inverse FFT which is an
O(K log K) algorithm [4]. The corresponding time domain
filter is truncated by an appropriate window function with a
length L, in order to have a more compact representation.
Its length can be limited due to the beneficial effect of the
pre-equalization procedure.

III. EXPERIMENTAL RESULTS

Several tests have been carried out in order to evaluate the
effectiveness of the presented algorithm taking into account
a real environment, and also providing comparison with
the existing techniques in terms of objective and subjec-
tive measures. Loudspeakers and microphones positions are
shown in Figure 7 together with room size: the distance
between each microphone has been set to 17 cm, taking into
consideration the median distance between human ears. The
distance between the loudspeakers has been set to 60 cm with
an angle of 30°, representing a typical listening condition.
Measurements have been performed using a professional
ASIO sound card and microphones with an omnidirectional
response. The loudspeakers were a Genelec 6010A with free
field frequency response 74 Hz - 18 kHz. A personal com-
puter running NU-Tech platform has been used to manage all
I/0s [23]. The impulse responses have been derived using a
logarithmic sweep signal excitation [19] at 48 kHz sampling
frequency.
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A. Objective Analysis

First of all, the performance of the equalization has been
proved considering the aforementioned scenario. Figure 8
shows the magnitude responses of the identified IRs at
different microphone positions, of the prototype function, and
of the equalizer, considering the left and right channel. It is
evident that the prototype follows the behaviour of the identi-
fied room impulse responses, in both cases. Figure 9 depicts
IR magnitude spectra resulting after equalization procedures
at the different positions using the proposed equalizer. The
equalization procedure should ideally lead to a flat curve
around zero. Obviously, this cannot be achieved since the
equalizer is derived from a set of IRs and considering a
quasi-anechoic procedure. However, Figure 9 shows good
results with the proposed equalizer for both channels, with a
considerable uniformity, especially with respect to Figure 8.

Considering the audio spatializer, first of all an analysis
of the impulse responses has been considered in order to
calculate the relative distance value l.r, lLr, lrRL, lRR
useful to compute the HRTF matrix as reported in Equation
(5). In particular, Figure 4 represents an example for the
calculation of one parameter, i.e., [z using IR2 of Figure
7, since IR2 and IR3 represent the ideal position of the
listener’s head. With relation to the crosstalk cancellation
procedure, Figure 10i shows the function 1/D derived using
Equation (8), while Figure 10ii shows the frequency response
of 1/D comparing the results obtained for the proposed
approach and considering real IR. It is worth notice that time
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Fig. 10. 1/D function derived using the Kirkeby inversion [4] for (a) free-

field model [11] and (b) real IRs: (i) time response, (ii) frequency response.
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Fig. 11.  Magnitude response of the crosstalk cancellation matrix W
considering (a) the real IR and (b) the proposed approach in the frequency
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and frequency responses have been shifted on the y-axis to
enhance the readability. Figure 11 shows the coefficient of the
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TABLE I
LIST OF ATTRIBUTES USED FOR THE LISTENING TESTS.

Attributes Description

Main impression The integrity of the total sound image and

the interaction between the other parameters

Spatial impression | The performance appears to take place in

an appropriate spatial environment

TABLE I
LIST OF SOUND TRACKS USED FOR THE LISTENING TESTS.

Genre Author Sound Track

Pop M.Biondi I Know It’s Over

Jazz Freak Power | Turn on, tune in, cop out
Country | J.Cash Cry, Cry, Cry

Soul Seal A change is gonna come

crosstalk cancellation matrix W in the the frequency domain
considering the proposed approach based on free-field model
and the filter derived using the measured impulse response.
They represent the filters used in the spatializer block for the
subjective listening tests session.

B. Subjective Analysis

To assess the overall audio quality perception of the
proposed procedure, subjective listening tests according to
the ITU-R BS.1284-1 [24] were performed. This recom-
mendation provides guidelines for the general assessment of
sound quality. Following the recommendations, the subjects
involved in the listening tests were 10 expert listeners (8
males and 2 females, ages from 21 to 35) with a technical
background in acoustics. The subjective tests have been
performed taking into account the spatialization and audio
enhancement of a two channel system, positioned in a table
in front of the listener as reported in Figure 7. Before the
listening test, a training test was presented to the listeners to
familiarize them with the test procedure, the test materials,
and the test environment, as suggested in [24].

For the test session, three signals have been considered

3 ———— Much Better
2l Better
1 ———— Slightly Better
0 ——4— The Same
1 —J— Slightly Worse
2 —d— Worse
3 —4— Much Worse

Fig. 12. Quality scale of [24] used for the listening tests.
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Fig. 13.  Results of listening test using the mean value and a confidence intervals calculated taking into consideration the standard deviation and a

significance level of 0.05: (i) Main impression, (ii) Spatial impression for (a) proposed approach and (b) the approach of [4].

and compared with the original signal without crosstalk
cancellation (i.e., the reference signal): a signal processed
using the proposed approach, a signal obtained using the
crosstalk cancellation procedure described in [4] using the
measured IR, and a hidden reference signal to test the subject
skill. For the listening test, the subjects were instructed
to make a paired comparison between the original sound
track (i.e., the reference signal) and one of the processed
stimuli under test, scoring the spatial impression and the
main impression, as described in Table I. Figure 14 shows
the graphical user interface used in the listening test session.
According to [24], the score was given using the continuous
quality scale divided into six equal intervals (from +3 to -3),
where negative values indicate a worsening of performance,
positive values an improvement, and zero indicates that no
audio difference is perceived, as reported in Figure 12. Each
stimulus was 20 s long, as suggested in the recommendation,
and the listeners had the possibility to repeat the presentation.
The reference signals were chosen considering different
music genres in order to test the proposed approach using
different spectral contents. Table II shows the selected music
genres and the sound tracks used as reference signal.

As suggested in [24], the subjective data have been
processed to derive the mean values and the confidence

a5 NU-Test Tool [==2a

File  Settings

NAME: Listener1

Wolume Reference Algol Algo2 Algo3
T B 000
Main Impression [3 v] [-2 v] [3 v]
Spatial Impression [D v] [1 vl [.3 v]
0.0dB

Fig. 14. Graphical User Interface used for the listening tests.
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intervals. Figure 13 shows the obtained results in terms of
statistical evaluation taking into consideration all the music
genre used in the listening test procedure. In particular, each
vertical colored bar corresponds mean grade values while the
confidence intervals are given by vertical black lines.

From Figure 131, it is evident that the proposed approach is
capable of obtaining good results, achieving values between
“better” and “much better” while the approach used for
the comparison obtains limited positive results placed below
“slightly better” interval. This fact is more evident in the case
of soul music genre, where all the listener have reported very
good comments.

Considering just the spatial impression as reported in
Figure 13ii, it evident that both proposed approach and
approach based on the real impulses responses are capable of
giving a better spatial impression to the reproduced sound.
While the proposed approach shows the better performance
considering the soul music genre, the other approach has
reached good results for the jazz song. This phenomenon
could be explained from the fact that the approach based on
the real IR introduces a more strong spatialization, that are
perceived annoying when the song is characterized from a
high level of spectral content.

IV. CONCLUSION

In this paper an efficient real time system for the re-
production of an immersive audio system considering the
crosstalk cancellation and the room response equalization
issues has been presented. It has been realized using a
crosstalk canceller based on the free-field relationship with
an automatic calculation of the setting parameters combined
with a multipoint equalization procedure for compensating
the loudspeaker and room transfer functions of the real
environment.

Several tests were performed and some results were pre-
sented comparing our approach with the state of the art.
The experiments have shown that the proposed approach
is capable of achieving better results in term of stability
and perceived audio quality both in terms of objective and
subjective measures. In particular, since the proposed ap-
proach derives from a combination of two methods, particular



attention has been given to the subjective results. In this
context, the proposed approach has shown that is capable of
improving the overall audio quality thanks to the multipoint
equalization procedure and the spatialization perception due
to the crosstalk cancellation approach.

Future works will be focused on the refinement of real-
time implementation also taking into account a DSP-based
implementation and also on a deeper subjective investigation
taking into consideration other type of loudspeakers and
environments to show the effectiveness of the approach in
creating an extended sweet spot.
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