
Zamir Ben-Hur, Fabian Brinkmann, Jonathan Sheaffer, Stefan
Weinzierl, Boaz Rafaely

Spectral equalization in binaural signals
represented by order-truncated spherical
harmonics

Open Access via institutional repository of Technische Universität Berlin

Document type
Journal article | Accepted version
(i. e. final author-created version that incorporates referee comments and is the version accepted for
publication; also known as: Author’s Accepted Manuscript (AAM), Final Draft, Postprint)

This version is available at
https://doi.org/10.14279/depositonce-15273

Citation details
Ben-Hur, Zamir; Brinkmann, Fabian; Sheaffer, Jonathan; Weinzierl, Stefan; Rafaely; Boaz (2017). Spectral
equalization in binaural signals represented by order-truncated spherical harmonics. The Journal of the
Acoustical Society of America 141, 4087 (2017). https://doi.org/10.1121/1.4983652.

Copyright (2017) Acoustical Society of America. This article may be downloaded for personal use only. Any
other use requires prior permission of the author and the Acoustical Society of America. The following article
appeared in The Journal of the Acoustical Society of America 141, 4087 (2017) and may be found at
https://doi.org/10.1121/1.4983652.

Terms of use
This work is protected by copyright and/or related rights. You are free to use this work in any way permitted by
the copyright and related rights legislation that applies to your usage. For other uses, you must obtain
permission from the rights-holder(s).

https://doi.org/10.14279/depositonce-15273
https://doi.org/10.1121/1.4983652
https://doi.org/10.1121/1.4983652


Spectral equalization in binaural signals represented by 
order-truncated spherical harmonics

Zamir Ben-Hur,1,a) Fabian Brinkmann,2 Jonathan Sheaffer,1 Stefan Weinzierl,2 and Boaz 
Rafaely1

1
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2

Audio Communication Group, Technical University of Berlin, Einsteinufer 17c, D-10587 Berlin, Germany

The synthesis of binaural signals from spherical microphone array recordings has been 
recently pro-posed. The limited spatial resolution of the reproduced signal due to order-
limited reproduction has been previously investigated perceptually, showing spatial 
perception ramifications, such as poor source localization and limited externalization. 
Furthermore, this spatial order limitation also has a detrimental effect on the frequency 
content of the signal and its perceived timbre, due to the rapid roll-off at high frequencies. 
In this paper, the underlying causes of this spectral roll-off are described mathematically 
and investigated numerically. A digital filter that equalizes the frequency spectrum of a low 
spatial order signal is introduced and evaluated. A comprehensive listening test was 
conducted to study the influence of the filter on the perception of the reproduced sound. 
Results indicate that the suggested filter is beneficial for restoring the timbral composition 
of order-truncated binaural signals, while conserving, and even improving, some spatial 
properties of the signal.

I. INTRODUCTION

Binaural reproduction plays an important role in virtual

acoustics,1 hearing science,2 telecommunications,3 and enter-

tainment technology.4 One key element in binaural technol-

ogy is binaural signals, which can be obtained from in-ear

recordings or synthesized from spatial sound field measure-

ments.5 Recently, it has been proposed to render such binaural

signals in the spherical harmonics (SH) domain6 by adding

the products of the spherical Fourier coefficients of the plane-

wave (PW) density function (which encodes the directional

information of the sound field) with the SH representation of

the free-field head related transfer functions (HRTFs). This

approach is commonly employed in algorithms operating in

the SH domain, which require manipulation of the sound field

or the corresponding HRTFs in post-processing.7,8

When reproducing a measured sound field, the PW den-

sity function can be obtained from a spherical microphone

array recording.9 In practice, such microphone arrays have a

limited number of sensors, which directly affects the usable

spatial bandwidth of the recovered PW decomposition.10

This, in turn, places a constraint on the maximum SH order of

the employed catalog HRTF; such catalog HRTFs are typi-

cally available at considerably higher spatial resolutions than

measured sound fields. As will be further detailed, truncating

the SH order of an HRTF results in a frequency roll-off at

high frequencies, an artifact which has been experimentally

identified by Avni et al.11

This roll-off manifests a relationship between the spatial

and frequency bandwidths of the rendered signals. In other

words, synthesizing a binaural signal with a low SH order

results in a severely constrained frequency bandwidth. The

effect is particularly troublesome when conducting psycho-

acoustic studies of spatial perception, as it does not allow the

experimenter to systematically control the studied spatial

resolution as a single independent variable; for example, see

Avni et al.11 In addition, algorithms operating in the SH

domain, such as generalized spherical beamformers7,12 and

aliasing cancellation techniques,8 often require the reduction

of the SH order of the processed signals, but without affect-

ing their spectral bandwidth.

In this paper, we address the issue of producing binaural

signals that are order-limited in the SH domain, while simul-

taneously preserving the spectral energy of these signals

across a prescribed bandwidth. The underlying causes of

spectral roll-off are identified and mathematically described

using a spherical head model, followed by a numerical analy-

sis of measured HRTFs (Sec. III). We then introduce a digital

filter that equalizes the frequency spectrum of a low SH order

binaural signal to that of a high SH order. A listening experi-

ment, described in Sec. V, studies the perceptual performance

of the proposed equalization filter, in terms of timbre, sound

localization, source extension, and externalization. Results

indicate that the proposed filter is beneficial for restoring the

timbral composition of order-truncated binaural signals,

while conserving the spatial perception of the signals. The

psychoacoustics underlying these results is discussed in detail

in Sec. VI. In summary, the contributions of this paper are as

follows:

(1) The spectral roll-off effect, which so far has been pre-

dominantly treated experimentally, is mathematically

explained and numerically analyzed.a)Electronic mail: zami@post.bgu.ac.il
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(2) An equalization filter for timbre restoration is formulated.

This filter has been proposed by the authors and presented

(in less detail) in recent conference publications.13,14

(3) A comprehensive listening experiment to study the per-

formance of the equalization filter is conducted, provid-

ing a systematic treatment of the perceptual aspects

relating to the filter design.

II. REPRESENTATION OF BINAURAL SIGNALS IN THE
SH DOMAIN

The approach developed by Rafaely and Avni6 for ren-

dering binaural signals from the sound pressure measured by

a spherical microphone array is outlined in this section.

Consider a function F(X), where X ! ðh;/Þ 2 S2 is the spa-

tial angle, represented by the elevation angle h 2 (0, p),

which is measured downwards from the Cartesian z axis, and

the azimuth angle / 2 ½0; 2pÞ, which is measured counter-

clockwise from the Cartesian x axis in the xy-plane.

Assuming F(X) is square integrable over S2, it can be repre-

sented in the SH domain by15

FðXÞ ¼
X

1

n¼0

X

n

m¼&n

FnmY
m
n ðXÞ; (1)

where Fnm is the spherical Fourier transform (SFT) of F(X),
given by

Fnm ¼

ð

X2S2
FðXÞ Ym

n ðXÞ
" #'

dX; (2)

where (()* denotes the complex conjugate,
Ð

X2S2ð(ÞdX
!

Ð 2p

0

Ð p

0
ð(Þ sin hdhd/, and Ym

n ðXÞ are the SH basis functions,

defined by16

Ym
n Xð Þ !

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

2nþ 1ð Þ

4p

n& mð Þ!

nþ mð Þ!

s

Pm
n cos hð Þeim/; (3)

where Pm
n ð(Þ is the associated Legendre function of order n

and degree m.

The pressure encountered at a listener’s ears can be rep-

resented using integration over the sphere as17

pl;rðkÞ ¼

ð

X2S2
aðk;XÞhl;rðk;XÞdX; (4)

where k¼ 2pf/c is the wave number, f is the frequency, and c

is the speed of sound. a(k, X) is the PW density function,

which represents a sound field composed of a continuum of

PWs, and hl,r(k, X) is the HRTF, which is an acoustic trans-

fer function from the sound source to the listener’s ear-

drum.18 The superscripts l,r denote the left and right ears,

respectively. Alternatively, the pressure at the ear can be rep-

resented in the SH domain by6

pl;rðkÞ ¼
X

1

n¼0

X

n

m¼&n

~a'nmðkÞh
l;r
nmðkÞ; (5)

where

~anmðkÞ ¼ ð&1Þm anð&mÞðkÞ
" #'

(6)

is the SFT of a*(k, X). Recall that (()* denotes the complex

conjugate, and hl;rnmðkÞ are the SFTs of hl,r(k, X), which can

be readily computed by applying Eq. (2), the SFT, to the

HRTFs, and ~anmðkÞ can be calculated by capturing the sound

field using a spherical microphone array and applying PW

decomposition in the SH domain. For theoretical and experi-

mental studies see, for example, Rafaely9 and Park and

Rafaely,19 respectively.

In practice both hl;rnmðkÞ and ~anmðkÞ may be computed

from samples of hl,r(k, X) and a*(k, X), and so the integral in

Eq. (2) can be approximated by a summation. This approxi-

mation is realized in practice using the matrix representation

of the discrete SFT. For further reading regarding the com-

putation of the discrete SFT from samples the reader is

referred to Rafaely.16 Furthermore, in this work it is assumed

that hl;rnmðkÞ and ~anmðkÞ are computed with negligible spatial

aliasing errors.

In the practical case, hl;rnmðkÞ or ~anmðkÞ will only be avail-
able up to an order N, so the computation of the pressure at

the ear can only be performed for the order limited function,

and, therefore, Eq. (5) can be written with a finite summation

over n,

pl;rðkÞ ¼
X

N

n¼0

X

n

m¼&n

~a'nmðkÞh
l;r
nmðkÞ: (7)

III. SPECTRAL ROLL-OFFAND EQUALIZATION OF
ORDER LIMITED SIGNALS

As was identified by Avni et al.,11 the truncation of the

series not only restricts the spatial resolution of the binaural

signal, but also affects its frequency content. Figure 1(c)

shows an example for a binaural signal composed of a single

unit amplitude PW incident at X¼ (90*, 45*) and truncated

at different SH orders, computed using Eq. (7) with mea-

sured HRTFs from the Cologne HRTF database for the

Neumann KU100 dummy head.20 Note the rapid roll-off at

high frequencies, which is characterized by a lower cutoff

frequency as the series truncation order is decreased. Figure

1(a) shows the PW density function of a unit amplitude sin-

gle PW, a(k, X), on the horizontal plane, at h¼ 90*. Figure

1(b) shows the left ear HRTF, hl(k, X), at the incident direc-
tion X¼ (90*, 45*). Both of the above are used to reproduce

the binaural signal in Fig. 1(c). In Fig. 1(a) the effect of the

truncation order can be identified as the widening of the

main lobe, which could affect the perceived source width of

the reproduced signal. Figure 1(b) implies that the roll-off in

the reproduced signal is mainly caused by the order-

truncated HRTFs.

To identify the causes for this roll-off effect, the HRTF

can be approximated by modeling the head as a rigid

sphere.21 Consider a single PW arriving from an arbitrary

direction, X0, with unit amplitude, at the surface of a rigid

sphere of radius r0. The pressure on some point X on the sur-

face of the sphere is given by22
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pðkr0;X;X0Þ ¼
X

N

n¼0

X

n

m¼&n

bnðkr0Þ Ym
n ðX0Þ

" #'
Ym
n ðXÞ; (8)

where bn(kr0) is a radial function, defined for a rigid sphere

as9

bn kr0ð Þ ¼ 4pin jn kr0ð Þ &
j0n kr0ð Þ

h0n kr0ð Þ
hn kr0ð Þ

" #

; (9)

sound field can be considered as diffuse, i.e., as having equal

power from all directions; this provides an analytic means to

quantify the frequency related effects by constructing an inci-

dent wave with a finite number of SH, and averaging over all

incident directions. Assuming that a receiver, representing the

sound pressure at the ear, is placed at some point X on the sur-

face of a rigid sphere, the average response magnitude over

all incident wave directions, X0, can be written as
23

!p kr0;Xð Þ ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

1

4p

ð

X02S2
jp kr0;X;X0ð Þj2dX0

s

: (10)

Substituting Eq. (8) and applying the orthogonality property

of SH and the addition theorem,22 Eq. (10) can be written as

function of the SH order, N,14

!p kr0ð ÞjN ¼
1

4p

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

X

N

n¼0

2nþ 1ð Þjbn kr0ð Þj2

v

u

u

t : (11)

Figure 2 shows the average pressure for different SH orders,

computed for a rigid sphere with radius r0¼ 8.75 cm. It has

been shown9 that for the frequency range of kr>N, the

order-truncation error becomes increasingly significant. This

can explain the rapid decrease in the magnitude of the sound

pressure in Fig. 2, and the deviation from the true pressure

for frequencies in the range that satisfies kr>N. This behav-

ior is a result of the nature of the radial functions, bn(kr). As

the frequency increases, the spatial variation of the sound

pressure around the sphere becomes more complex, and high

SH orders are required for its accurate representation.

To correct this low-pass effect on the binaural signal

due to order truncation, the authors previously suggested the

Spherical Head Filter (SHF) method for timbre correction.13

The filter, applied directly to the binaural signal, equalizes

the magnitude of a low-order binaural signal to a desired,

normally higher-order, signal. This method is based on the

rigid sphere approximation for the human head and on the

average response of a diffuse field, as calculated in Eq. (11).

Consider the response of two order limited signals with dif-

ferent SH orders. A correcting equalization filter from the

lower to the higher order will attempt to restore the distorted

timbre in the lower order signal. Accordingly, one can

FIG. 1. Magnitude of (a) the PW density function of a sound field composed

of a single unit-amplitude PW with incident direction X0¼ (90*, 45*), (b)

left ear HRTF at the direction of the incoming PW, hl[k, X¼ (90*, 45*)],

and (c) the produced left ear pressure, pl(k), composed of a(k, X) from (a)

and the h(k, X) from (b). All are truncated at different SH orders. In (b) and

(c) kr was calculated assuming r¼ 8.75 cm.

FIG. 2. The averaged magnitude of the pressure at some point on a rigid

sphere due to a diffuse sound field for different SH orders.

where jn(() is the spherical Bessel function, hn(() is the outgo-
ing spherical Hankel function and j0nð(Þ and h0nð(Þ represent 
their first derivatives. Assuming a reverberant setting, the
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describe the transfer function of a timbre correction filter,

which equalizes the frequency response of the low order sig-

nal (corresponding to order N) to that of the high-order one

(with order Nhigh), as follows:

GSHF krð ÞjN!Nhigh
¼

!p krð ÞjNhigh

!p krð ÞjN
: (12)

Figure 3 shows examples for the SHF for different orders N

equalizing to order Nhigh¼ 30, calculated for a rigid sphere

of radius r¼ 8.75 cm. As a second approach toward equali-

zation, an HRTF based filter (HRF) can be obtained in an

analogous way to the derivation of Eq. (12) by averaging the

HRTF across all incident angles14

!h
l;r

kð ÞjN ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

1

4p

X

N

n¼0

X

n

m¼&n

jhl;rnm kð Þj2

v

u

u

t ; (13)

followed by the division of high-order and order-truncated

coefficients

GHRF kð ÞjN!Nhigh
¼

!h kð ÞjNhigh

!h kð ÞjN
: (14)

Equation (14) requires averaging across ears, i.e.,
!hðkÞ ¼ ½!h

l
ðkÞ þ !h

r
ðkÞ+=2, to avoid the introduction of inter-

aural changes. While this has the advantage of considering

individual HRTF characteristics, the resulting zeroth order

filter exhibits narrow peaks of high gain that might cause

audible ringing artifacts,24 which fade away with increasing

truncation order. They result from peaks in !hðkÞjNhigh
that are

not canceled by the rather smooth low order function !hðkÞj0.
SHF and HRF filters were analyzed in terms of energy dif-

ferences in 39 auditory filter bands

DG H1;H2; fcð Þ ¼ 10 log

ð

C f ; fcð ÞjH1 fð Þj2df
ð

C f ; fcð ÞjH2 fð Þj2df
;

with 50 Hz , f ; fc , 20 000Hz;

(15)

where C is a Gammatone filter with center frequency fc in

Hz, as implemented in the Auditory Toolbox,25 and H1

¼GHRF and H2¼GSHF are the equalization filters, as speci-

fied in Eqs. (12) and (14). The integral was evaluated

between 50Hz and 20 kHz and fc was restricted accordingly.

Please note that the calculation of Eq. (15) is similar to the

calculation of the internal cochlea spectrum suggested by

Salomons.26 The HRF was calculated using Neumann

KU100 HRTFs from the Colonge database.20 Results shown

in Fig. 4 suggest that differences between SHF and HRF fil-

ters are small for truncation orders of 3 or higher. In these

cases, differences are well below 2 dB for frequencies below

9 kHz, and smaller than 4 dB above 9 kHz. Because this find-

ing was also supported in an exploratory listening test,14

where no significant differences were found between filter

types, only SHF filters were considered in this study. An

additional advantage of this choice is the fact that the SHF

can be generated to arbitrarily high-orders, whereas catalog

HRTFs may be of relatively low resolution and, therefore,

may not be suitable for designing HRFs of high-orders.

The sphere radius was manually adjusted for a good fit

to the KU100. However, it could also be estimated from the

head related impulse responses (HRIRs) by using the time of

arrival (TOA) model from Ziegelwanger and Majdak,27

which calculates the TOAs using a rigid sphere model, and

adjusts the parameters by minimizing the difference between

modeled TOAs and the TOAs estimated directly from the

HRIRs. While this is similar to the work of Algazi et al.,28

who suggested using modeled and estimated interaural time

differences (ITDs), the TOA model already comprises the

TOA estimation and outlier removal. For the KU100, a

radius of 9.1 cm was estimated by the TOA model, and a

comparison between SHF and HRF filters for this radius

yielded almost identical results as those displayed in Fig. 4

(not shown here). This implies a robustness of the SHF

model to small changes in r0 on one hand, and the validity of

manually choosing and automatically estimating r0 on the

other. To assess the generalizability to other HRTF catalogs,

SHF and HRF filters were calculated using HRIRs numeri-

cally obtained from a head only mesh from the FABIAN

head and torso simulator29 and mesh2HRTF.30 SHF filters

were calculated for a radius of 8.74 cm, as estimated by the

TOA model. Differences between the two filter types are

FIG. 3. Magnitude response of the SHF equalizing order N to Nhigh¼ 30.

FIG. 4. Differences between SHF and HRF (KU100, r0¼ 8.75 cm) filters

DG(GHRF, GSHF, fc), computed using Eq. (15).
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shown in Fig. 5. They are similar to the corresponding differ-

ences for the KU100, thus implying a good generalizability.

Since the suggested approach makes no assumptions con-

cerning the signal phase, filters were designed with a linear

phase using interpolation of the desired responses in the spec-

tral domain. Then, by applying the inverse Fourier transform,

the temporal filter coefficients were calculated and repre-

sented by 60 tap linear phase finite impulse response filters.

IV. PHYSICAL EVALUATION

assumption of diffuseness, on which the filter design was

based, is clearly violated. Differences from the high-order

reference to order-truncated left ear HRTFs without equali-

zation, i.e., DGðplNðf Þ; p
l
Nhigh

ðf Þ; fcÞ, and with equalization,

i.e., DGðplNSHF
ðf Þ; plNhigh

ðf Þ; fcÞ, were calculated, resulting in

39 (number of auditory filters)- 770 (number of PWs) val-

ues for each truncation order. Here, plNðf Þ is the pressure at

the left ear calculated according to Eq. (7) up to order N,

and plNSHF
ðf Þ is the signal after SHF equalization. Frequency

dependent absolute differences averaged according to the

quadrature weights a across the 770 PWs (+770

l¼1
aljDGlj) are

depicted in Fig. 7. Unsurprisingly, differences (i) are

smaller for higher truncation orders, (ii) increase with fre-

quency fc, and (iii) are smaller if equalization is applied.

However, while maximum errors of approximately 23 dB

monotonically decrease with increasing truncation order if

equalization is not applied, they are close to 5 dB for most

truncation orders if equalization is applied. This suggests

FIG. 5. Differences between SHF and HRF (FABIAN, r0¼ 8.74 cm) filters

DG(GHRF, GSHF, fc), computed using Eq. (15).

FIG. 6. Differences between high-order and order-truncated CTFs for trun-

cation orders 0, 1, 2, 3, 6, 12, 20, and 29 without equalization (top) and with

equalization (bottom). Darker colors denotes higher truncation orders.

FIG. 7. Absolute differences between high-order and order-truncated left

ear binaural signals for truncation orders 0, 1, 2, 3, 6, 12, 20, and 29 without

equalization (top) and with equalization (bottom). Darker color means

higher truncation order. Results were averaged across 800 PWs with differ-

ent incident angles.

In this section, an investigation of the effect of the 
equalization filters on the resulting binaural signals is pre-
sented. In a first step, these were assessed under the assump-

tion of a diffuse field HRTF (i.e., having equal power from 
all directions, denoted here as the common transfer function, 
CTF) by computing Eqs. (7) and (10) for a sound field com-

posed of uncorrelated PWs arriving from all directions. For 
this purpose, a data set consisting of 2702 HRTFs of a 
Neumann KU-100 manikin, taken from the Colonge data-
base,20 was used. The data set was acquired with a Lebedev 
sampling scheme,31 which can produce HRTFs up to an 
order of 44.10 The SH coefficients were computed using the 
discrete SFT.16 Differences in auditory filters from the high-
order CTF to order truncated CTFs without equalization, i.e., 
DGðCTFN; CTFNhigh ; fcÞ, and with equalization, i.e., 
DGðCTFNSHF ; CTFNhigh ; fcÞ, are shown in Fig. 6. Here, sub-
scripts N and SHF denote the truncation order and the appli-
cation of the equalization filter that was applied by 
convolution, i.e., element wise multiplication of the CTF 
and SHF frequency-domain spectra. Without equalization, a 
clear low-pass behavior with differences up to 28 dB can be 
observed, whereas for the equalized CTFs the differences 
are smaller than 6.5 dB and concentrated around 0 dB. 
Notably, differences below 5 kHz—a range that is essential 
for speech transmission—are smaller than 1 dB for trunca-
tion orders of 3 and higher.

Binaural signals for 770 single PWs with incidence 
angles distributed nearly-uniform across the sphere, using 
the Lebedev sampling scheme of order 23,31 were calcu-
lated according to Eq. (7). These were then compared to the 
high-order reference Nhigh ¼ 30 to assess the effect of the 
equalization filter on single PW sound fields, such as the 
direct sound and early reflections. In this case, the

5



that the equalization is highly beneficial, especially for low

truncation orders.

An example of incident angle dependent absolute differ-

ences averaged across the 39 auditory filters ( 1
39
+

fc
jDGj) is

given in Fig. 8 for N¼ 4. In general, differences across source

positions are smaller when equalization is applied, but the dis-

tribution of differences also changes. Without equalization,

differences are smaller for contralateral source positions

(180 , / , 360), and smallest for sources close to the left

(h ¼ 90;/ ¼ 90) and right (h ¼ 90;/ ¼ 270) ear. The equal-

ization inverts this pattern, and differences become larger for

contralateral sources, whereas the largest differences shift to

sources close the left and right ear. This suggests that the bin-

aural signals for ipsilateral sources are more similar to the

corresponding CTF—which was used for computing the

equalization filter—than the signals for contralateral sources.

As a side effect of equalization, the largest differences shift

away from the median plane (/ ¼ f0; 180g), which might be

practically advantageous, because listeners often move their

head toward sources in natural listening conditions. Similar

observations were made for different truncation orders,

whereby the overall differences decreased with increasing

truncation order. However, the large differences at the ipsilat-

eral ear disappeared for high truncation orders if equalization

was applied.

V. PERCEPTUAL EVALUATION

The results from Sec. IV imply that the equalization fil-

ter can improve the spectral roll-off of an order limited bin-

aural signal, and shift the regions of largest errors to the side

of the listener. To study the influence of the filter on the spa-

tial perception of sound, a comprehensive listening test was

conducted. It aimed to investigate the perceptual aspects

relating to the filter design using the Spatial Audio Quality

Inventory (SAQI),32 which is an instrument used to evaluate

the perceptual qualities of virtual acoustic environments.

A. Methodology

The binaural signals were rendered using the method

described in Sec. II, again using Neumann KU-100

HRTFs.20 Depending on the experimental condition, the

HRTFs were truncated in the SH domain to the desired

order. The equalization filters were computed as in Eq. (12),

with radius r¼ 8.75 cm.

The PW density function, anm(k), was simulated using

the multi-channel room acoustic simulator (McRoomSIM),33

for a rectangular room of dimensions 15.5- 9.8- 7.5m, as

can be seen in Fig. 9, with a mean absorption coefficient

a¼ 0.221, and a mean T20¼ 1.086 s. The spherical micro-

phone array and an omni-directional source were placed as

described in the figure at a height of 1.7m. The critical dis-

tance is rcd¼ 1.742m, and the source is situated at a distance

of 1.5rcd at an angle of 30* from the array, relative to the

HRTF coordinate system. The signals were generated for

head orientations between &80* and 80* with a 1* resolu-

tion. This was achieved by rotating hl;rnmðkÞ by the respective

Wigner-D functions,34 thus keeping the scene geometry con-

stant and independent of the head movements.

Five perceptual qualities and six truncation orders were

selected for perceptual testing based on informal listening.

The zeroth order, evoking a perception similar to a mono

recording, was used as a low anchor. Orders 1, 2, and 3 were

chosen because they resemble cases of existing microphone

arrays (e.g., Ambisoncs B-Format,35 EigenMike36), and

orders 6 and 12 were selected to cover the range where differ-

ences between the order truncated and high-order reference

signals tend to become perceptually irrelevant, regardless of

the equalization.

The perceptual qualities overall difference and external-

ization were directly taken from the SAQI catalogue, while

the integrative qualities coloration, source position, and

source extension were condensed from multiple SAQI items

in order to limit the duration of the listening test. Coloration

was chosen to assess the effect of the equalization filter on

the timbre of the resulting signals, while source position and

extension were expected to be related to the spatial

FIG. 8. (Color online) Absolute differences between order truncated (N¼ 4)

and high-order (Nhigh¼ 30) left ear binaural signals calculated according to

Eq. (7) without equalization (top) and with equalization (bottom). Color rep-

resents difference in dB. Results were averaged across 39 auditory filters.

FIG. 9. (Color online) The room layout used in the McRoomSIM to simu-

late the sound field. R and S are the spherical microphone array and the

source positions, respectively.
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smoothing of the order truncated PW density function

a(k, X), as seen in Fig. 1(a). In addition, two audio contents

were used: pulsed pink noise (1 s of identical noise burst,

0.75 s pause, 20ms fade in/out) was considered to be suitable

for detecting overall differences, as well as differences in

coloration and source position. An anechoic sample of

German male speech (5 s) was included as a typical real life

content for microphone array applications and to reveal dif-

ferences in externalization and source extension.

To assess the effects of truncation order and equaliza-

tion, manipulated stimuli were directly compared against a

high-order reference (Nhigh¼ 30) using the Whisper37 tool-

box for MATLAB, enabling instantaneous switching between

the stimuli. The reference order was chosen in accordance

with the assumption of an upper wave-number limit of

kr¼N, when a typical HRTF of a human head with radius

r . 8 cm leads to an order limit of N . 30 at f, 20 kHz.

Moreover, the spatial detail achieved with a truncation

order of 30 appears to be sufficiently high considering that

(i) Ahrens et al.38 reported that HRTFs of truncation order

15 were already perceptually identical to the original, and

(ii) the HRTF after SH processing shown in Fig. 1(c) can

be assumed to be perceptually identical to the original

HRTF in Fig. 1(b)—the only by-products of the SH proc-

essing are a slight smoothing and an additional, but possi-

bly imperceptible, notch at 15 kHz.24 The presentation

order of the stimuli was randomized across subjects, while

being grouped in blocks with the same content. Dynamic

auralization, including a real-time exchange of binaural

room impulse responses (BRIRs) according to the current

head position of the listener, was done using fWonder39

and a high precision Polhemus Patriot head tracker.

Sennheiser HD800 headphones were used for audio play-

back, and were compensated using PEQ regularization.40

The listening test took approximately 1 h, including a

training phase to familiarize the subjects with the user

interface and stimuli. Subjects were explicitly instructed to

move their head to different positions while listening and

to take their time before giving an answer. To increase the

reliability of the ratings, subjects could switch between the

order truncated and reference stimuli as often and as fast

or slow as they wanted, and compared six conditions in a

multi slider rating interface at a time. For orientation, the

sliders had numeric labels from &7 to 7 next to them,

where a rating of 0 indicates that the test and reference

stimuli were perceptually indistinguishable, and a rating of

7 (&7) indicates perceptual superiority of the test (refer-

ence) stimulus. Twenty subjects (3 female, median age 29)

participated in the test, of which 14 had participated in lis-

tening tests before, and there were no reported known

hearing impairments.

B. Results

Listening test results for all conditions and subjects are

shown in Fig. 10 by means of raw and median ratings, and

interquartile ranges. The ratings show relative differences,

i.e., specify if an order truncated stimulus was more or less

externalized in comparison with the high-order reference. As

expected, a clear effect of the truncation order and equaliza-

tion on (nearly) all dependent measures can be seen. Results

showed consistently better ratings for conditions with equali-

zation, and higher truncation orders. The noise content

FIG. 10. Ratings for all subjects and test conditions. Perceptual qualities and

scale labels are given in the text. Ratings for the noise and speech content

are on the left and right, respectively. Individual ratings are given by light

gray dots. Median ratings are given by squares (conditions without SHF

equalization) and dots (conditions with SHF equalization). Interquartile

ranges are given by solid lines. Connecting lines between conditions are

given to improve readability.

In total, 24 conditions were statistically tested in a three 
factorial, fully repeated measures MANOVA (multivariate 
analysis of variance) design, with the factors truncation 
order (0, 1, 2, 3, 6, 12), equalization (true, false), and content 
(noise, speech), as well as 5 dependent variables (overall dif-
ference, coloration, source location, source extension, 
externalization).
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produced higher differences for all perceptual qualities

except externalization, where differences were larger for the

speech content. Furthermore, more distinct response patterns

can be observed for overall difference and coloration with

pink noise, while speech yielded a clearer pattern for source

extension and externalization. In the case of source exten-

sion, only absolute ratings were considered for statistical

evaluation, because subjects did not agree on whether the

source extension of the order truncated stimuli was smaller

or larger compared to the reference.

The MANOVA test showed that all the major effects

described above, as well as their first order interactions,

were highly significant (p, 0.01, Pillai’s trace). Please note

that a detailed display of MANOVA results was omitted for

brevity, but can be found in the digital addendum to this

article.41 For an introduction to multivariate statistical analy-

sis, including MANOVA, see, for example, Raykov and

Marcoulides.42 A Lilliefors test showed that the MANOVA

requirement of normally distributed model residuals was

only met for the overall difference, but a visual inspection

implied that the violations on the other variables were negli-

gible (cf. Fig. 11). For a detailed analysis of the effects we

conducted follow up univariate analyses of variance

(ANOVA) with their type I error inflation being protected by

the significant MANOVA result, and pairwise comparisons

with Bonferroni correction.

The main effects, i.e., differences due to truncation order,

equalization, and content, were significant for the vast major-

ity of the perceptual qualities and factors (cf. Table I for an

overview). They always resulted in better ratings for condi-

tions with equalization and higher truncation orders. Pairwise

comparisons for the truncation order showed that (i) differ-

ences between N¼ 0 and all remaining factor levels were sig-

nificant, (ii) differences between all factor level combinations

were significant for overall difference and coloration, (iii) dif-

ferences between successive factor levels (i.e., N¼ 3 and

N¼ 6) were not significant for source position and source

extension, and (iv) only the difference between N¼ 2 and

N¼ 12 was significant for externalization.

An overview of the obtained significant interaction

effects is given in Table I along with the types of interaction,

where an ordinal interaction means that the main effect

remains unambiguously interpretable. The interaction effects

involving the truncation order imply very much better rat-

ings when equalization is applied and N/ 1. Notably,

median ratings for externalization were close to zero (no dif-

ference) for all conditions with equalization and truncation

orders N/ 1, whereas conditions without equalization and

N, 6 were perceived to be more internalized (cf. Fig. 10).

Disordinal but negligible interactions for the truncation order

were observed in the case of N¼ 0 (externalization) and

N¼ 12 (source extension). In these extreme cases, the effect

of the equalization appears to be small, and the conditions

without equalization yield slightly better ratings. The

obtained interaction effects involving content and equaliza-

tion were caused by (i) a stronger effect of the equalization

on the ratings for the noise content (only pertaining to the

overall difference), and (ii) a stronger effect of the equaliza-

tion on the ratings for the speech content (only pertaining to

the externalization).

FIG. 11. Standardized MANOVA model residuals for of all perceptual qual-

ities (gray bars) and best fit normal distribution for comparison (black lines).

TABLE I. Overview of significant main effects and first order interactions from follow up ANOVA (** p, 0.01; * p, 0.05).

Main effects Interactions

truncation order vs order vs content vs

order equalization content equalization content equalization

Difference ** ** ** ** ordinal ** ordinal ** ordinal

Coloration ** ** ** ** ordinal * ordinal

Position ** **

Extension ** ** ** * hybrida ** disordinal

Externalization ** ** ** disordinal ** hybridb

aOrdinal interaction of equalization; disordinal interaction of order.
bOrdinal interaction of equalization; disordinal interaction of content.

8



VI. DISCUSSION reflections. This remaining coloration appears to be percep-

tually irrelevant for truncation orders N/ 3 in the case of the

speech content, where median ratings are close to zero, if

equalization was applied. Considering the similarity between

ratings for overall difference and coloration, and the smaller

effect of the truncation order on the remaining qualities, the

coloration appeared to be the dominating factor for the over-

all difference. Smaller effects of the truncation order on the

perceived source position, source extension, and externaliza-

tion were found if disregarding the low anchor condition of

truncation order N¼ 0. Apparently, the relevant binaural

cues are already coded in a perceptually convincing manner

with low order SH representations. This is in accordance

with the results from Romigh et al.,48 who found out that

accurate source localization is possible even if using HRTFs

truncated to order 4.

VII. CONCLUSION

In the current study, we suggested a SH based approach

for the spectral equalization of order-truncated binaural sig-

nals. The equalization filter was calculated as the ratio of

high-order and truncated-order diffuse field HRTFs, which

were modeled by a rigid sphere. In line with earlier studies,

we showed that the simplifying assumption of using rigid

sphere, rather than dummy head, HRTFs for the calculation

of the equalization filter only slightly affects the perfor-

mance of the equalization filter. Our perceptual evaluation

showed significant improvements in the quality of a binaural

simulation when equalization was applied. For male speech

content, the coloration was irrelevant for a truncation order

of 3 or higher, and small even for truncation orders of 1 and

2. Moreover, virtual sources were perceived to be fully

externalized, and remaining differences in the source posi-

tion and extension were small for truncation order 3, and 0

(on average) for truncation order 6 or higher.

Future work could evaluate the use of spherical or ellip-

tical head and torso models for the calculation of equaliza-

tion filters, which would make the approach more applicable

to HRTFs measured on human subjects. Moreover, the pro-

posed SHF filter might also be used for HRIR individualiza-

tion by considering the geometry of the listener head during

the design stage.
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