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Abstract—Ambisonics rendering has become an integral part
of 3D audio for headphones. It works well with existing recording
hardware, the processing cost is mostly independent of the
number of sound sources, and it elegantly allows for rotating
the scene and listener. One challenge in Ambisonics headphone
rendering is to find a perceptually well behaved low-order
representation of the Head-Related Transfer Functions (HRTFs)
that are contained in the rendering pipe-line. Low-order ren-
dering is of interest, when working with microphone arrays
containing only a few sensors, or for reducing the bandwidth for
signal transmission. Magnitude Least Squares rendering became
the de facto standard for this, which discards high-frequency
interaural phase information in favor of reducing magnitude
errors. Building upon this idea, we suggest Masked Magnitude
Least Squares, which optimized the Ambisonics coefficients with
a neural network and employs a spatio-spectral weighting mask
to control the accuracy of the magnitude reconstruction. In
the tested case, the weighting mask helped to maintain high-
frequency notches in the low-order HRTFs and improved the
modeled median plane localization performance in comparison
to MagLS, while only marginally affecting the overall accuracy
of the magnitude reconstruction.

Index Terms—Ambisonics, HRTFs, Spatial Audio, Binaural
Reproduction.

I. INTRODUCTION

Head-Related Transfer Functions (HRTFs) contain auditory
cues required for spatial hearing and are thus a fundamental
ingredient for 3D audio reproduction via headphones (binaural
rendering) [1f, [2]. For Ambisonics binaural rendering, the
spatial resolution of the HRTFs is often limited, due to the
finite number of sensors contained in practically available
microphone arrays [3]], [4]. This order limitation makes it
challenging to find a perceptually well-behaved low-order
HRTF representation, making the HRTF set a factor that
limits the achievable quality of low-order Ambisonics binaural
rendering.

The possibly most straight forward and naive solution is
to mathematically solve the problem in the least squares
(LS) sense and will be introduced in Sec. This, however,
causes severe coloration and localization artifacts for low-
order reproduction [5]-[7]. These artifacts can to some degree
be mitigated by analytical filters to correct the diffuse-field
coloration [6] and an order-dependent tapering (windowing)
of the HRTF in the Ambisonics domain [8] that can both be
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applied as post-processing steps. Alternatively, the HRTF can
be pre-processed before transforming it into the Ambisonics
domain. Applying the LS solution to HRTFs that share a
common linear phase above a selected cut-off frequency can
further improve the rendering quality [9], [[10]. This idea has
inspired Magnitude Least Squares (MagLS) rendering [11]],
which is the current de facto standard and is introduced in
more detail in Section [ It uses the LS solution below a
cut-off frequency up to which it is physically correct, and
ignores the phase above the cut-off frequency. This essentially
optimizes the low-order HRTF for coloration, which is one, if
not the most important audio quality [12].

Despite the significant leap forward in audio quality brought
about by MagLS, there is still room for improvement. Es-
pecially at low Ambisonics orders, HRTFs rendered with
MaglL.S still suffer from poor median plane localization per-
formance [13], as well as errors with respect to interaural
level differences [[14], interaural time differences, and diffuse-
field coherence [4], [10]. To improve these aspects, we suggest
an iterative optimization of the low-order Ambisonics HRTF
representation by means of a neural network and perceptually
motivated loss functions. In the following, we focus on a gen-
eral introduction of the method and the resulting improvement
of the modeled median plane localization performance.

II. MATHEMATICAL BACKGROUND

This section provides a brief introduction to Ambisonics
binaural reproduction, spherical harmonics transform, and
state-of-the-art HRTF preprocessing for low-order Ambisonics
binaural reproduction, which will serve as the benchmark for
this study.

A. Ambisonics Binaural Reproduction

Binaural audio can be rendered by filtering the plane-wave
density function of the sound field with the listener’s HRTF.
Alternatively, this operation can be formulated in the spherical
harmonics (SH) domain as [[15]]

where H,,,,, € CN+1D*%2 s the Nth order SH coefficients
vector for the left and right ears. The Nth order Ambisonics
signal is denoted as a,,, € CWV+D*X1 and modified to
8pm = (—1)"[an(—m)]*. This represents the SH coefficients
of the captured or simulated plane-wave density function,
with (-)* denoting the complex conjugate operator and (-)
the Hermitian operator. The resulting ear pressure signals
p € C'*2 can be transformed back to the time domain with



an inverse Fourier transform and played back to the listener
via headphones. For brevity, we will omit the frequency
dependency throughout.

The quality of the reproduced binaural signal depends on the
Ambisonics order N. This order is limited by the minimum of
the available orders of H,,,,, and a,,,. Typically, N is equal
to the SH order of a,,,, since the sound field is assumed to
be captured by a low-order spherical microphone array [4].
Thus, the SH representation of the HRTF needs to be limited
to match the low order of a,,,. This limitation can degrade
the resulting binaural signals in both spectral and spatial
quality [6].

B. HRTF Preprocessing

The low-order SH coefficients H,,,,, are usually calculated
from a spatially dense sampled HRTF set. The goal is to find
H,.,= [hflm, h’,lbm] such that its inverse spherical harmonics

transform (ISHT) will match the input HRTF set. This problem
can be written as:
hy, = argmin »  £(h,y(9) , h(Q)) 2)
R \Aﬂ/—/
=h(Q) (ISHT)
where L(.,.) is a loss function modeling dissimilarity, h(£2) €
C is the left or right ear HRTF at direction 2 = (6, ¢) € S2,
which denotes the spatial angle composed of 6 € [0, 7] (the
colatitude) and ¢ € [0,27] (the azimuth angle). The vector
y(Q) = [Y}(Q)]gfrl)Q € CV+D” denotes the spherical
harmonics of order n and degree m at direction ) with ¢
being a single index depending on the ordering convention
of the spherical harmonics [3]. Notice that the ¥/ superscript
was omitted for the sake of brevity, although the problem in
Eq. () applies to both ears.

The choice of L directly impacts the resulting low-order
HRTFs iL(Q) Over recent years, different approaches have
been suggested.

1) Least Squares: Setting the loss function to

Lis = [bE y — h)? 3)

results in the Least Squares (LS) formulation of Eq. (2) with
the closed-form solution

where (-)T is the pseudo-inverse, h € C@*! is the left or
right HRTF vector for the (2 grid samples at () directions and
Y = [y(Q1),...,y(Q0)] € CO*NFD? ig the SH matrix for
the @ directions. This is one solution for the spherical Fourier
transform of order N. The LS approach matches the HRTFs in
magnitude and phase and is physically accurate for N 2 35,
but leads to a poor match when using low orders [16]. Due
to this, the LS solution is suggested to be used up to a cutoff

frequency of: .

foe= py— (5)

This relation results from the N < kr equation, providing a
frequency and order-dependent limit below which the spherical
Fourier transform is physically correct, with k = (27 f) /c
being the wave number and r, ¢ the listener head radius and
the speed of sound, respectively.
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Fig. 1. Notch detection mask calculated for the right ear of KU100 HRTF
with k& = 4 over the median plane.

2) Magnitude Least Squares: Setting the loss function to
Lngrs = | By, y| =[] (6)

results in the Magnitude Least Squares (MagLS) formulation
of Eq. @) [T1]]. Unlike the LS problem, this problem does
not have a closed-form analytic solution due to its non-
convex nature. In practice, an iterative combination of the
reconstructed phase from the previous frequency with the
HRTF magnitude of the current frequency became the de facto
standard [4]]. This can be written starting from f = f. as:

o (f) = YT [|h|ei4(hffm<ffl>y) o

with i = /=1, Z(-) denoting the angle, |(-)| denoting element
wise absolute value, and f_; the previous frequency bin.

Matching only magnitude for f > f. with a fade between
and below f. has been shown to significantly improve
the quality of low-order signals compared to the LS solu-
tion [4], making it the state-of-the-art choice for low-order
rendering.

III. PROPOSED METHOD

The LS and MagLS solutions illustrate that the loss func-
tion significantly impacts the binaural signal quality. There-
fore, modifying it could potentially improve the performance
considering human auditory perception. In this section, we
introduce a modified loss function along with an optimization
framework that aim at improving median plane localization
for low-order Ambisonics binaural rendering.

A. Masked MagLS

The proposed loss named Masked MaglS (MMagLS) is
defined as

Lanasts = | ([Bfhy] = |l) M 2 ®)

where M (Q, f) € R is a spectro-spatial mask that increases
the emphasis of the loss function at desired frequencies and
directions. We chose M as a notch mask to better preserve
spectral notches in 2(€2) = h7 y. This has the potential to
improve median plane localization where pinna-related notch
patterns are deemed to be important [1]], [[17]].
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Fig. 2. Frequency errors of NMSE as in Eq.(T2) and Magnitude as in Eq.(T3).
Evaluated signals are N = 1 MagLS and MMagLS, averaged over 2702
directions of a Lebedev grid

B. Notch Mask

Given the measured left and right HRTF, the notch mask M
is calculated for each ear individually by measuring the energy
difference between the measured response and its one-octave
smoothed version [[18]. This operation can be expressed as

|hsmooth (Q’ f)|2

MEY="hq, p2 ©
Next, the largest positive k peaks are detected, and a band-
width is determined around each peak by the closest left and
right frequency bins where M (€2, f) = 1. All other entries
of M(Q, f) are set to 1. Finally, the mask values are clipped
to 4 resulting in 1 < M(Q, f) < 4. Additionally, since we
are interested in pinna-related notches, M (2, f) = 1 below 4
kHz and above 20 kHz as well as setting M (€, f) = 1 for the
contralateral ear direction within a 60° great circle distance.
This approach for generating the notch mask is inspired by the
compare and squeeze loudspeaker equalization method [19].
Figure [I| shows M (£, f) in the median plane for the right ear
of measured KU100 dummy head HRTFs [20].

C. Neural Network Optimization

Solving Eq. @) is performed using an optimization frame-
work for HRTF SH preprocessing, which is based on solving
optimization problems using deep neural networks [21]. An
initial low-order SH representation of the left and right HRTF
is fed forward through a neural network. This can be written
as:

where the neural network operation is denoted by fg(-), with
(B referring to the network’s trainable parameters, and the
initial SH representation is denoted by h, . The low order
HRTF h(Q, f) is computed from the resulting SH coefficients
h,.,, by means of the ISHT, and Lyivagrs (2, f) @) and
L1s(Q, f) @) are computed with respect to the reference
(input) HRTFs h(£2, f).
The error is than converted to the scalar value

e = Lis(Q, ) + Lymags (2, f) (11)

with = denoting the average across space and frequency.
Finally, the Adam optimizer is used to iteratively update (3
until € reaches a local minimum to find the final MMagLS
coefficients Dy, .

(10)
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Fig. 3. Median plane spectra of KU100 for the reference HRTFs (top), N = 1
MagLS (middle) and MMagLS (bottom).
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Fig. 4. Modeled median plane localization using the reference HRTFs as
template and different target HRTFs. Left: reference HRTFs (QE=14.0%,
PE=30.1°). Middle: MagLS (QE=23.3%, PE=45.1°). Right: MMagLS
(QE=17.8%, PE=38.5°).

D. Error Measures

The performance of flnm( f) is evaluated by comparing its
ISFT to h(£2, f). The first metric used is the normalized mean
square error (NMSE), defined as:

by — hf?
enmsi (€2, f) = 10logy, |nmy—|

12)
The NMSE metric is sensitive to both magnitude and phase
errors, making it a good measure of the physical accuracy of
the binaural signals.

The second metric is the normalized magnitude error:

| byl yl — 1Al 2

emag(Q’ f) = 1010g10 |h|2

(13)

This metric is only sensitive to magnitude errors, which are
the dominant cue for coloration and localization—at least at

high frequencies [17], [23].



TABLE I
COMPARISON OF PE AND QE INCREASES FOR MAGLS AND MMAGLS
RELATIVE TO THE REFERENCE BASELINE ERROR

Method [ PE increase [ QE increase

MagLS 15° 10%
MMagLS | 8° 4%

The final evaluation metric is a median plane localization
model [[17]] from the Auditory Modeling Toolbox v1.5 [24].
The model compares reference and target HRTFs to compute
a probabilistic matrix P({2) indicating the expected perceived
source position under the assumption of familiarity with the
reference h. The local polar error (PE), which reflects accuracy
and precision for responses close to the target position, and the
global performance quadrant error (QE), which relates to local-
ization confusions, can both be calculated from P(2) [25]]. We
assessed the baseline localization performance by providing
the model with the reference HRTFs as target and template.
The performance of MagLS and MMagLS was evaluated by
using the reference HRTFs as template but the low-order
HRTFs as target.

IV. EVALUATION
A. Procedure

KU100 HRTF [20] was used to evaluate first-order Am-
bisonics (N = 1) MMagLS to the state-of-the-art MagLS
processing. The MagLS solution was computed using Eq.
below 680 Hz in accordance Eq. (3) and Egq. above.
The MMagLS solution given by Eq. (II) was calculated
by evaluating L;s in for frequencies f < 680 Hz and
LwvmagrLs above. Both terms in Eq. were evaluated for
2702 directions in a Lebedev scheme. The MagLS coefficients
were used as h’ for neural network optimization. The neural
network fg(-) used in the evaluation consisted of two linear
layers operating on the input coefficients hi  from the left and
right, resulting in a relatively small 70k parameter network.
Training, implemented using PyTorch, consisted of a 150-
epoch loop, learning rate of 0.0005, with h!, represented
by a complex value matrix of size of [4,257, 2] corresponding
to 4 SH coefficients, 257 positive frequency bins and left and
right ears. The training procedure taking about 2 minutes to

complete on a Apple M2 Max laptop.

B. Results

Figure E] presents exmse and ema, from Eqs. (I2) and (I3)
averaged over (2. Both methods exhibit similar behavior, main-
taining a low NMSE (less than —20 dB) up to the f. = 680
Hz cutoff frequency defined in Eq. (3), and high NMSE at
1 kHz and above. This similarity is expected as LymagrLs does
not affect phase, and the MagLS solution serves as its initial
set. Magnitude errors are also similar for both methods. Below
the f. , they employ an identical Ly loss, and the loss is still
similar for f. < f < 6 kHz due to the absence of pinna-
related notch patterns. The average magnitude error between
6 and 20 kHz slightly increases from —8.8 dB for MagL$S
to —6.1 dB for MMagLS. This increase clearly stems from

applying the notch mask, with MMagLS favoring magnitude
accuracy at the regions of notches at the expense of decreasing
the accuracy elsewhere.

Figure [3] shows the HRTFs in the median plane. The distinct
elevation-dependent notch patterns present in the reference are
clearly better preserved in the MMagLS solution than in the
MagLS solution. The improvement of MMagLS over MagLS
is also evident in the modeled localization performance in
Fig. @ For the reference HRTFs, a clear and bright diagonal
line emerges. This indicates a good localization accuracy
where the virtual sound sources are perceived (response angle)
close to or at the actual source position (target angle). For
MagLS, the diagonal is blurred and additional bright spots
occur at off-diagonal positions, indicating a poorer localization
accuracy and an increased quadrant error rate. MMagLS,
reduces the blur on the diagonal and off-diagonal bright spots,
and can thus be expected to increase the localization accuracy
with respect to MagLS. This is also reflected in the PE and
QE. Compared to the reference, the QE increases by approx.
10% and the PE by 15° for MagLS, whereas the increase in
only about half as large for MMagLS as shown in table [I|
Finally, informal listening to a moving source auralization
around the median plane suggests that MMagLS produces a
narrower source width and more accurate localization com-
pared to MagLS. However, these findings need to be verified
through a formal listening test. Auralizations examples of
MagLS and MMagLS renderings are available as supplemental
material [26].

V. CONCLUSIONS

This paper introduces the masked MagLS method, which
aims at improving the low-order HRTF representation for
Ambisonics binaural rendering. We identified the MMagLS
solution by minimizing loss functions by means of neural
network optimization, and chose a mask targeted to preserve
HRTF notches that are deemed crucial for accurate median
plane localization.

Evaluation results demonstrate the effectiveness of
MMagLS and the neural network optimization framework
in providing a more perceptually relevant low-order HRTF
representation. The proposed method shows superior
performance in maintaining spectral notches, resulting in
an improved median plane localization performance on the
localization model compared to the de facto standard MagLS
rendering.

Future work will involve testing the proposed method on a
broader set of HRTFs, conducting listening tests, introducing
additional perceptually inspired loss terms, and evaluating
various neural network architectures to further enhance the
performance and applicability of the MMagLS method. Ad-
ditional loss terms may well be combined in dependency of
frequency, source position, and the application for which the
HRTFs are intended. In particular, we plan to include loss
functions accounting for interaural time and level differences
and the interaural diffuse-field coherence, as recommended for
first order rendering [4, Chap. 4.11.3].
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