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ABSTRACT

Binaural synthesis aims at eliciting the reference scene hearing sensations by recreating the sound pressures
at the eardrums, typically using headphones. If all transfer functions involved are approximated based
on eardrum probe microphone or traditional artificial head measurements, the headphones have been
shown not to influence the synthesis. It is also possible to achieve correct binaural synthesis with transfer
functions measured at the entrances to the blocked auditory canals. Then, the headphones may influence
the results. In this paper, a blocked auditory canal headphone selection criterion (HPSC) for binaural
synthesis is proposed. Further, a procedure is derived, which allows to evaluate the HPSC for specific

circum-aural headphones based on four measurements using a specifically designed artificial head.

1. INTRODUCTION

It is the goal of binaural synthesis to elicit the
hearing sensations of a reference scene using head-
phones (HPs) in the playback situation [1]. The
procedure is based on recreating the reference scene
ear signals, the sound pressures at the eardrums.
Typically, transfer functions (TFs) are recorded or
modeled between the sources to be simulated and
a reference position in the auditory canal of a hu-
man or an artificial head [2]. Using the adequate
procedure, it is possible to equalize the overall bin-
aural synthesis TFs based on artificial head (AH)
or probe microphone recordings and corresponding
headphone impulse responses (HPIRs) regardless of

the specific HP model employed [2]. For binaural
synthesis using blocked auditory canal recordings
and blocked auditory canal HPIR based equaliza-
tion on the contrary, the equations 74 and 80 given
by [2] can be interpreted in that this procedure
possibly results in erroneous ear signals.

In this paper, the question is addressed whether
HPs can be found that allow for the synthesis of
the reference scene ear signals. Appropriate HPs in
this context do according to [2] not alter the refer-
ence scene sound pressure TF between the blocked
auditory canal entrance and the eardrum with the
auditory canal open. Since these TFs are concep-
tual TFs that do not exist in reality, they cannot be
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measured. This results from the fact that no sound
pressure at the eardrum is present if the auditory
canal is blocked. Here, a blocked auditory canal
headphone selection criterion (HPSC) is proposed
and formulated in such a way that it can be derived
based on four TF measurements on an AH.

The paper is structured as follows: Starting from
a description of the existing approach to address
the suitability of HPs for binaural synthesis with
blocked auditory canal recording, the shortcomings
of this method are identified and discussed, moti-
vating the formulation of a revised HP selection
criterion. On that basis, the HPSC is introduced
for human as well as artificial head situations. An
exemplary AH evaluation for two HPs shows the
general applicability of the procedure. In addition,
the stability and repeatability of the HPSC and
its implications on the overall binaural synthesis
TFs are discussed. For that purpose, a binaural
synthesis quality criterion is defined. A summary
concludes the paper.

The HPSC is evaluated here for two exemplary,
randomly selected HP specimens, which are con-
sequently not representative for the corresponding
HP models. A large scale study allowing for more
general conclusions by including different HP mod-
els and several specimens per model is currently
being prepared at our institute. HP manufacturers
interested in having their circum- and supra-aural
HP models included in the study are encouraged to
contact the author.

2. PREVIOUS APPROACH

[1] models the auditory canal as acoustic transmis-
sion line, for a point source in the free-field described
by the open-circuit pressure spectrum P» and the ra-
diation impedance Z,, at the entrance to the canal.
Then, the pressure spectrum P3 at the ear canal
entrance in general is computed using Thévenin’s
theorem [3] by the spectral pressure division

R )
P2 Zec + Zra
of the open-circuit pressure between the radiation
impedance and the auditory canal impedance Ze..
The transmission line model is assumed to be valid
up to a frequency in the range of 10 kHz.

To determine the open circuit-pressure, [1] employs
a miniature microphone built in a foam earplug and

inserted in the auditory canal so that the canal is
blocked and the microphone is positioned at the
canal entrance. For the measurement of the pressure
at the open entrance, [1] proposes probe microphone
measurement despite the associated reduction of the
signal to noise ratio (SNR) compared to miniature
microphones, since the latter would disturb the
sound field in the auditory canal.

Based on equation 1 and further assuming Z,, being
independent of the source position, [1] splits the TF
from the point source pressure spectrum P; to the
eardrum pressure spectrum P, in different partial
TFs as given by

Py Py P3Py 9

P P3P, P’ @)
Considering HP reproduction, [1] splits up the trans-
mission from the HP input voltage spectrum Uy, to
the eardrum pressure spectrum P; using the pres-
sure spectrum Fs at the entrance to the auditory
canal and its open-circuit pendant P, resulting in

i:&& Ps (3)
Uhp P6P5Uhp.

The transmission from Ps to Py is given based on
the transmission line model using the radiation
impedance Zy,;, at the entrance to the auditory canal
for HP playback by

R ()
P5 Zec + th ’

Here, Zy,p includes the transfer characteristics of the
volume enclosed by the HP and the HP’s mechanical
and electrical subsystems.

The transmission line model suggests identical trans-
mission from the auditory canal entrance to the
eardrum for free-field and HP listening, that is

P P
T 5

Equation 5 holds not true if the transmission line
model fails.

The relation of the equations 1 and 4 describing the
transfer between the sound pressure at the entrance
to the auditory canal and its open-circuit pendant
is given by

Ps /P, _ ZLec + Znp (6)
PG/PS Zec"‘Zra.
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This ratio is later [4] referred to as the pressure
division ratio (PDR). The PDR is approximately
unity if Znp & Zya OF Zoe > Zpnp and Zee > Zra
hold. Then, equation 6 simplifies to

Py P
— 7
B (7)

and the corresponding HPs are by [1] referred to
as open headphones. Later [4], the term free-air
equivalent coupling to the ear (FEC) headphones is
introduced to identify HPs that fulfill equation 7.

For binaural synthesis based on recording using a
miniature microphone with the TF M; = Uy /Pu
at the entrance to the blocked auditory canal, [1]
concludes that a correction filter with the TF

_ Py/P3 P/ P 1

~ P;/Ps Ps/P5; My Ps /Uy, ()
~ Zec + Znp 1

" Zee + Zya M1P5/Upp

Gc

is required for the binaural synthesis to equal the
reference scene: “The equalizing filter should include
extra terms, if recording is made outside a blocked
ear canal [...]. The extra terms are not required,
when an open headphone is used for reproduction.”
This way, [1] assumes that the PDR defined by
equation 6 can be equalized for non FEC HPs. This
assumption is not necessarily true, because Zy,, is
defined to include the transfer characteristics of the
volume enclosed by the HP and the HP’s mechanical
and electrical subsystems. For that reason, possibly
occurring resonance and modal effects in the HP-
head system are also included. This may affect the
equalization process, since equalization of modal
structures or resonances is not possible completely
correct [5, 6].

2.1. Measurement Procedure

To determine PDRs with the motivation of address-
ing HPs’ FEC characteristics, [4] recorded the im-
pulse responses (IRs) corresponding to the TFs

P, PsM,
=25 = 2502 and A,
Uls Uls an ¢

7&7P6M2

H. = =
° Uls Uls

(9)
from the loudspeaker (LS) input voltage spectra
Ujs to the pressure spectra PE', and Pé at a probe
microphone with the TF My, stating: “Fven though
efforts were undertaken [...], a small leak could

arise between the headphone cushion and the head
surface [...and the] presence of the probe tube
could also cause minor changes in the position and
orientation of the headphone capsule” [4]. For that
reason, the same probe microphone was used for
both measurements, assuming “this way the cap-
sule displacement and the leak would have the same
influence on Ps and Pg, and the influence on the
pressure division was eliminated.” In addition, a
carefully designed measurement sequence was used,
consisting of first recording P; with a probe mi-
crophone directly in front of the blocked entrance
to the auditory canal, then removing the earplug
with “as little disturbance of the probe microphone
as possible,” and recording P at the open canal
entrance immediately afterwards. Using the data
acquired that way, [4] computed the PDRs

Pi/Py _ Py/Py
Hs/Hs  Ps/Ps

(10)

(cf. equation 6) using the free-field pressure divi-
sions P3/Ps reported for the same subjects and
equipment by [7]. However, [4] remark that “small
changes in microphone and headphone positions
between measurements with open and blocked ear
canals and between free-air and headphone measure-
ments [ ...] make[s] PDRs unreliable above approxi-
mately 7 kHz and thus they are not reported”. Based
on the PDRs, [4] address the question whether spe-
cific HPs are suitable for binaural synthesis with
blocked auditory canal recording and headphone
transfer function (HPTF) measurement. Suitability
is assumed if the HPs show FEC characteristics.

2.2. Shortcomings of the Approach

Being based on a transmission line model, the pro-
cedure proposed by [1] is valid in principle only
for wavelengths large compared to the auditory
canal diameter. According to [1], this leads for typ-
ical parameters to an upper limiting frequency of
approximately 10kHz. Above this frequency, the
assumption of equal sound pressure transfer from
the auditory canal entrance to the eardrum in the
HP and free-field situations is no longer valid.

The necessity of using probe microphones for the
measurement of the PDR results in reduced SNR,
compared to miniature microphone measurements
[4]. Further, the procedure requires the assumption
of Z,, being independent of the source position,
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which is not necessarily fulfilled exactly for all con-
figurations, especially in the frequency range above
some 5kHz [8, 9].

However, the most significant shortcoming is of pro-
cedural nature: assuming the disturbance of the
probe microphone during the measurements of P;
and Ps with intermediate HP repositioning and
earplug removal to remain identical and to cancel
out that way when computing the PDR is ques-
tionable. Comparable issues evolve regarding the
probe microphone position. Both of these proce-
dural shortcomings are especially likely to result
in high frequency errors, while leakage effects may
also occur at frequencies at the lower end of the HP
transmission range.

Questioning the validity of the results especially at
high frequencies is further supported by the decision
of [7] not to report the resulting PDRs for frequen-
cies above 7kHz. This shortcoming appears severe
taking into account the relevance of high frequency
information for the elevation localization [10, 11, 12]
and the sharpness perception [13, 14]. This becomes
even more important considering sharpness to be of
major influence on auditory pleasantness [15] and
timbre [16]. Consequently, a selection criterion cov-
ering the whole audible frequency range is desirable
and will be introduced in the following.

3. SELECTION CRITERION

The terminology in the remainder of this paper
is based on [2], with lower case letters indicating
signals s and systems h in the time domain, while
upper case letters denote spectra S and TFs H.
Signals or systems representing the left and right
channels of a two-channel system are summed up
by vectors and therefore set in bold fonts, in their
time and frequency domain representations. Con-
sequently, the division or multiplication of TFs is
used as shorthand for element wise computation if
not denoted otherwise, and the division of TFs is
idealistically assumed to be valid [2]. Subscripts
are employed to differentiate between signals and
systems, while superscripts provide additional in-
formation on the specific signal or system. For
example are systems depending on individual char-
acteristics indicated by the upper index ind, AH
related systems by ah, systems involving HPs by h,
and systems including blocked auditory canals by

b.

3.1. Human Subjects

Based on the system theoretical binaural synthesis
framework introduced by [2], the requirements for
HPs to be appropriate for binaural synthesis with
blocked auditory canal recording (rec) and HPTFs
(hptf) as well as human head playback (play) with-
out further equalization can be derived from equa-
tion 80 (of [2]). Consequently, appropriate HPs are
required to show frequency independent TFs

ind .
thsc (ercc7 thplay R thhp“, thptf) =
ind
Pmy, ,Pe>ls (XInrec ) ! 1

(11)

Equation 11 is proposed as the blocked auditory
canal headphone selection criterion (HPSC, index
hpsc) here [17]. The HPSC can be read descriptively
in that the conceptual TFs

ind,h (X < < )
Pmy, »Pe,hp \ o Pp1ay ) S0Py e Sminpes

ind

Hpmb,pc,ls (Xrmyee) (12)

for LS (index Is) and

ind,h

glmb ,Pe,hp (thplay s Xhpy, 60 thptf) (13)
for HP (index hp) playback, relating the sound
pressure spectra P, at the miniature microphones
(index m) in the blocked auditory canals to the ear
signal spectra P, have to be identical.

The conceptual TFs defined by the equations 12
and 13 are here referred to as the complex valued
blocking factors. The blocking factors are not mea-
surable directly because the sound pressures at the
eardrums are not present if the auditory canals are
blocked. However, an alternate formulation of the
HPSC can be given using the equations 61 and 35 of
[2], which formulate the blocking factors dependent
on the TFs between the LS and HP input voltage
spectra Ujs and Uy, and the different sound pres-
sure spectra under consideration. This way, the
HPSC may be rewritten by

ind —
thsc (erec’ thplay7 thhptﬁ xmhptf) -

ind
Uls,Pe (thcf’ Xlsrcf)

= Lyind,b ;
H}unls sPm (thef’ XlSref’ erec) (14)

ind,h,b
Huhp ,Pm (thhmp thptf)

ind,h
Hilnhp',pe (thplay)

!
=1.
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Equation 14 confirms that the complex valued block-
ing factors, which are the relations of the sound
pressure spectra at the eardrums and at the en-
trances to the blocked auditory canals, have to be
identical with LS and HP reproduction.

The LS and HP situations differ in the active sound
sources and in the fact that the HPs are present
in the HP playback and HPTF measurement situa-
tions, in contrast to the LS based recording situation
and reference scene (index ref). Therefore, the dif-
ferences in the blocking factors for LS versus HP
reproduction may arise from the different sound
sources or from the pure HP presence.

3.2. Human Subjects, Headphone Reference

The contributions of both the latter differences to
the overall effect can be separated by additionally
considering the binaural synthesis system with re-
gard to a modified reference scene, the so-called
headphone reference scene. In contrast to the stan-
dard binaural synthesis reference scene defined as a
subject listening to a LS [2], the reference scene for
binaural synthesis (BS) with HP reference is defined
as a subject wearing non-operational headphones
listening to a LS [18].

Using BS with HP reference, the HP and LS sit-
uations are identical apart from the active sound
source. Consequently, the blocked auditory canal
headphone selection criterion with headphone refer-
ence predicts the differences in the blocking factors
between LS and HP playback due to the different
sound sources. This is formulated using the index
hpse,s (the additional subscript s indicates consid-
eration of the source effects) by

Hind,h _

hpsc,s (erec7 xhpplaya thhptfa XIIlhptf) =
ind,h ( )
Pmy, sPe>ls Xree s Xhp e Xhp,op

ind,h (X x x )
Py, sPe,hp VS BPpay ) By AMnpee

ind,h (15)
_ Hu,o . (Xn,ors Xis,ors Xhp,.)
- ind,b,h

Hms,pm (thef7 Xlsrery Xmyec threc)

ind,h,b
Hllh;;d),m (thhptp thptf)

ind,h
H:-{lhp ,Pe (thplay)

Here, identical HP positions xpp _, = Xpp,., in
the headphone reference scene and the headphone
recording situation are assumed. The influences of

the HP presence (additional superscript p) on the
HPSC may then be assessed mathematically by

ind,h _
hpsc,p(xmrec’ thplay7 Xllphptf7 thptf) -

ind
thsc (xnlrcc ) thplay7 thhptf’ thptf) (16)

Hind,h ( )
hpsc,s \Xmree s Xhp i, 0 Xhpy e Xmippee

3.3. Artificial Heads

Equation 14 further shows that evaluation of the
HPSC is not possible completely thorough on a
human head, since it involves the measurement of
the ear signals, which is in general not possible
completely correct because it would require to take
into account exactly the sound pressure detected by
the eardrum [19]. However, the HPSC may with-
out loss of generality be evaluated using an AH.
Since the effects under consideration are HP char-
acteristics, they are necessarily independent of the
specific evaluation head (cf. also section Hardware
Influences).

If an AH is used that is designed in such a way that

the microphones can be positioned reproducibly at

the entrances to the blocked auditory canals and at
the eardrum locations, equation 11 simplifies to

ah

Hj,

psc (ercc7 thplay’ thhptf, thptf) =

ah
Pmy, ;Pahme RE (erec )

ah,h (X x x )
Prmy, Pahme B\ MPplay ? S hPhper S Mhper

Ha (thef7 Xlsref) (17)

Uls;Pahm

= ah,b
Hu, ,Pm (thef’ Xlsrets erec)

ah,h,b
Huhp7pm (Xllphptf’ Xlnhptf) L

ah,h
H?lhpypahm (thplay)

Based on the equations 23, 25, 37, and 39 given
by [2], it is possible to rewrite equation 17 in a
practically more applicable way, solely dependent
on the HPTFs and the recording situation TFs by

ah _
thsc (erec ’ thp]ay ) thhptf? thptf) -

ah
ercahm (thef’ Xlsref)

Hldélc,nb] (thcf7 )(15rcf7 erec) (18)

ah,h,b
thtfm (thhptf7 thptf)

h,h
Hil:l)tfahrn (thplay)
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This formulation of the HPSC requires four mea-
surements on a specifically designed AH to evaluate
the suitability of HPs for binaural synthesis with
blocked auditory canal recording. The AH must al-
low for positioning of the microphone reproducibly
at the eardrum position and at the entrance to the
blocked auditory canal. For measurement with such
an AH, the HPSC according to equation 18 is de-
picted in Figure 1 for the binaural synthesis of an
exemplary LS reference scene in reverberant lab-
oratory environment, implemented with an RME
Fireface 400 audio interface and a Klein + Hummel
Studio Monitor Loudspeaker O 98 for two different
HP specimens (black Sennheiser HD 800, gray Stax
A pro NEW).
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Group delay /ms

0.02 05 1 2 5 10 002 05 1 2 5 10 20
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Fig. 1: Spectrally smoothed blocked auditory canal
headphone selection criterion (HPSC) for artificial head
recording, headphone transfer function measurement,
and evaluation using the same head. Sennheiser HD 800
(black) and Stax A pro NEW headphones (gray).

Figure 1 reveals frequency dependence of the HPSC
for both HP specimens under consideration. While
the criterion for the HPs indicated by the black line
shows a magnitude spectrum frequency independent
within +3 dB, the criterion magnitude spectrum for
the model represented by the gray curve exhibits
spectral peaks up to 20dB at frequencies above
about 6 kHz. Since the frequency dependencies of
the magnitude spectrum in the frequency range be-
low about 3 kHz are comparable for both HPs, they
are most likely caused by the prototypical measure-
ment setup itself. The HPSC group delay stays
frequency independent on average, while showing
narrow peaks and dips, especially in the mid and
low frequency range. However, based on the crite-
rion introduced here, the HP specimen represented
by the black curve appears based on the prototypi-
cal measurement setup discussed here to be more
appropriate for application in binaural synthesis
with blocked auditory canal recording.

3.4. Artificial Heads, Headphone Reference

Comparable to equation 17, the blocked auditory
canal headphone selection criterion with headphone
reference given for human subjects by equation 15
for binaural synthesis with headphone reference
scene is adapted to the AH case by

Hah,h (X x < - ) _
hpsc,s \*Mrec? hpp 1oy 0 APy ey SMbpes) —
ah,h
Pmy, ;Pahme s (ere‘f ? threc ? thref) (19)
ah,h .
Hpmb sPahmg hp (thplay ’ thhptf ) XInhptf)

Based on the voltage to sound pressure transfer
functions, equation 19 can be simplified to

Hah,h ( ) _

hpsc,s \Xmrec ) Xhpp 1,y 0 Xhpp e Xmpper) =
ah,h

Huls7,pahln (thcf’ Xlsref th,ef)

= I,b,h )
Hz1ﬁ77pm (thef7 Xlsrers XMyee s thmc) (20)

ah,h,b
Huhp,Pm (thhptfa thptf)

ah,h
Huhp sPahm (thplay )

Assuming identical HP positions Xy, = Xpp __ in
the headphone reference scene and the recording
situation, equation 19 may further be given in a sim-
plified manner, solely dependent on the recording
situation and headphone transfer functions by

Hah,h _
hpsc,s (erec ’ thplay’ XhPhptf’ thptf) -
ah,h
- Hrecahm (thef’ Xlsrefs thmf)
~ gyah,bh
Hredn” (Xhyer Xisyers Ximyee s th,ec) (21)

bbb

hptf,, (thhptf’ thptf)

h,k
iptg (thplay)

ahm

Figure 2 shows the HPSC according to equation 21
for the binaural synthesis of an exemplary head-
phone reference scene implemented using an RME
Fireface 400 audio interface and a Klein + Hummel
Studio Monitor Loudspeaker O 98 with two different
HP specimens (black Sennheiser HD 800, gray Stax
A pro NEW). The data of Figure 2 are qualita-
tively and quantitatively comparable to those given
by Figure 1. Consequently, for the HP specimens
under consideration, the source effect is assumed
to be the major influence factor on the artifacts
visible for the specimen indicated by the gray curve.
Again, this specimen is assumed to be less suited for
the application in binaural synthesis with blocked
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Fig. 2: Spectrally smoothed blocked auditory canal
headphone selection criterion with headphone refer-
ence (blocked auditory canal headphone selection cri-
terion with headphone reference) for artificial head
recording, headphone transfer functions, and evaluation.
Sennheiser HD 800 (black), Stax A pro NEW (gray).

auditory canal recording. The validity of this prog-
nosis is verified by means of loudness comparisons

in [18] and [20].

The influences of the HP presence on the HPSC
are for the AH situation given analogously to the
human head situation (equation 16) by

ah,h _

hpsc,p (XIIlrec7 Xhpylay s Xhpppee? thptf) =

(22)

ah
thsc (ercc7 thp1ay’ thhptp thptf)

= Hah,h ( )
hpsc,s Kmyees thplay’ thhptf’ xmhptf

4. STABILITY AND REPEATABILITY

To address the repeatability of the HPSC evalua-
tion, seven sets of measurements according to equa-
tion 18 were carried out using a custom made AH,
an RME Fireface 400, a Klein + Hummel Studio
Monitor Loudspeaker O 200, and Stax A pro NEW
HPs. Since the measurements include different LS
positions, the effects of the sound incidence direc-
tion can be assessed based on the data in addition.
Figure 3 shows the HPSC for each single measure-
ment (gray) and the arithmetic mean (black) of
magnitude spectrum and group delay.

The data depicted in Figure 3 reveal the existence
of the prominent spectral characteristics in all mag-
nitude spectra, while the individual group delay
measurements show spectral peaks and dips, which
appear to be less pronounced on average, but still
lie in the same frequency regions.

Considering the magnitude spectrum, it appears
valid to use a single measurement to predict the av-
erage characteristics. It may further be concluded,

Frequency / kHz Frequency / kHz

Fig. 3: Spectrally smoothed blocked auditory canal
headphone selection criterion (HPSC) for artificial head
recording, headphone transfer functions, and evaluation
for Stax A pro NEW headphones. Results for eight dif-
ferent sound incidence directions in the same laboratory
room (gray) and average (black).

that possible influences of the sound incidence di-
rection on the HPSC are within the accuracy of the
prototypical measurement system employed here.

5. HARDWARE INFLUENCES

Figure 4 shows the HPSC according to equa-
tion 18 measured using an RME Fireface 400 and a
Klein + Hummel Studio Monitor Loudspeaker O 200
in a different room and with a different LS compared
to Figure 1.
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Fig. 4: Spectrally smoothed blocked auditory canal
headphone selection criterion (HPSC) for artificial head
recording, headphone transfer function measurement,
and evaluation using the same head. Sennheiser HD 800
(black) and Stax A pro NEW headphones (gray). Loud-
speaker and measurement room different from the situ-
ation shown in Figure 1.

The similarity between the Figures 1 and 4 confirms
that the global characteristics of the magnitude
spectrum remain constant in the different reverber-
ant laboratories and for the LSs considered here.
It is important to note that the HPSC predictions
are valid only in the frequency range where the
LS employed is able to provide energy to the mea-
surement room. Influences of the specific AH on
the HPSC are for circum-aural HPs based on the
headphone transfer function variability data given
by [21] not expected. However, a study addressing
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the influence of the AH employed on the HPSC is
currently carried out at our laboratory.

6. RELATION TO THE OVERALL BINAURAL
SYNTHESIS TRANSFER FUNCTION

According to [2], the audio signal to be presented is
convolved in the actual binaural synthesis situation
with the IRs recorded according to section 3 of
[2] and appropriate equalization filters as defined
in section 6 of [2]. The convolution products are
presented to a listener by HPs (section 4). The ear
signal spectra of the equalized binaural synthesis
situation are then computed by

ind,h —
Pebs’ (thcf7 Xlsrery Xmicree s thplay » Xhpy Xmichptf) =
_ ind . . . .
- Heq (thplay’ Xmicrec? thhptf7 Xl’l’llchptf) Sls

ind,h ;
! Hlpriay (thplay) : H;Iégmic (thef7 Xlsret Xmicrcc)?
(23)

resulting in the equalized binaural synthesis TFs
ind,h _
Hbs (thmu Klsrers Xmicree s Xhp i,y 0 Xhpy e XmiChptf) =

ind,h
. P (Xbyes Xisyers Ximicyee s Xhp 10y s Xhpp e Xrmicnpur)

B Sls

_ ind i . .
- Heq (thplay » Xmicrec ) thhptf; XmlChptf)

ind h .
’ Hgiay (thplay) : Hirggmic (thef7 Xlsrers Xmicrec)'
(24)

For system development and evaluation purposes,
AH playback is desirable. While not exactly repre-
senting human head playback, AH evaluation allows
to assess all system theoretical aspects of binaural
synthesis without loss of generality. When trans-
ferring the results to human listeners, physical dif-
ferences as for example the soft human tissue in
contrast to the typically harder AH surface or the
missing hair have to be considered [22, 23, 24].

Relating the spectra of the digital sequences corre-
sponding to the AH microphone output signals in
the evaluation situation to the LS driving spectrum
results in the TFs

H (x X Ximie,on s X x Xmichoge) =
bSver hiery AlSpery Amicrec? hpplay’ hphptfy michptt) —

ah,h
- Sebs (thef7 Xlsrer» Xmicrec ? Xhpp,y 2 Xhpy e Xmlchptf)

Sls ’
(25)

describing the equalized artificial head binaural syn-
thesis situation.

To achieve a quantitative accuracy measure for the
ear signals generated, an analytic criterion for the
quality of binaural synthesis systems, referred to
as binaural synthesis quality criterion (BSQC) is
derived based on AH validation measurements in the
following. A binaural synthesis system generates the
reference scene ear signals if the binaural synthesis
TFs according to equation 24 equal the reference
scene TFs defined by equation 4 of [2]. For AH
recording, equalization, and validation, this can be
formulated mathematically using the equations 15
and 16 of [2] in combination with equation 25 given
here by

b _ _ L
bsyer (thef7 Xlsrerr Xmicree s Xhpy,y » Xhpy, e mehptf) =
1
— gah -
= Hrefahm (Xhyers Xisper) * Hiyy, * Hahm

h
= H?ecahm (thef’ Xlsref)'
(26)

In other words: the binaural synthesis and the
recording situation TFs acquired with the same AH
must be frequency independently identical for the
binaural synthesis outputs to equal the reference
scene ear signals. This requirement is defined as
the BSQC (index bsqc) by

!
ah -
Hbsqc (Xmicrec ) thplay’ XhPhptf’ Xmichptf) =1

ah
Hrecahm (thcf ) Xlsrcf)

R (X o> Xls,ops Ximicyees X x Xmicp of)
bSver hiery AlSpery Amicrec? hpplay’ hphptf7 micChptf

(27)

A comparison of the HPSC defined by equation 17 to
the overall error of a binaural synthesis system with
blocked auditory canal recording according to the
corresponding BSQC as defined by equation 27 may
be used to reveal error contributions not covered
by the HPSC. These remaining error contributions
are consequently defined mathematically by

ah —
Hrem (anrec7 Xhp ey ? Xhpppee thptf) -

(28)

ah
thsc (erec7 Xhpjay ? Xhpyper? thptf)

ah
Hbsqc (ercc ) thplayv thhptp thptf)

The evaluation of the remaining error according to
equation 28 is shown by Figure 5 for the exemplary
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situation considered here. The deviations indicated
by the HPSC selection criterion are confirmed to
cover the error in binaural synthesis with blocked
auditory canal recording and blocked auditory canal
HPTF based equalization for both HPs considered.
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Fig. 5: Spectrally smoothed relation of the blocked
auditory canal headphone selection criterion to the
BSQC for binaural synthesis with blocked auditory
canal recording and blocked auditory canal headphone
transfer function based equalization, implemented and
evaluated using an artificial head. Sennheiser HD 800
(black) and Stax A pro NEW headphones (gray).

The spurious artifacts visible in Figure 5 are likely to
be caused by implementation constraints regarding
the equalization filter design [2, 21].

7. CONCLUSIONS AND OUTLOOK

In this paper, a blocked auditory canal headphone
selection criterion (HPSC) is proposed and evalu-
ated. The criterion can be used to predict, based on
the four artificial head transfer function measure-
ments given by equation 17, whether a specific pair
of headphones is suitable for binaural synthesis with
blocked auditory canal recording and headphone
transfer function measurement.

Speaking descriptively, the HPSC checks whether
the transfer functions connecting the sound pressure
spectra at the miniature microphones in the blocked
auditory canals and the sound pressure spectra
at the eardrums in the open auditory canals (the
complex valued blocking factors) are identical for
loudspeaker and headphone playback. In case the
HPSC predicts deviations for a specific headphone
specimen, the applicability of the specimen can be
decided in view of the intended application based

on the magnitude spectrum and group delay errors
predicted by the HPSC.

If an artificial head is employed that allows for
repeatably positioning the microphones at the

eardrum positions and at the entrances to the
blocked auditory canals, the procedure provides
valid results in the whole audible frequency range.
Furthermore, a simple relation to the overall bin-
aural synthesis transfer functions defined as the
binaural synthesis quality criterion is given inher-
ently.

The method proposed for the same purpose by [1]
allows for valid measurements only in the frequency
range below 7kHz, primarily due to being founded
on the transmission line theory and procedural rea-
sons [4]. Further, it requires using probe micro-
phones, which provide systematically less signal to
noise ratio than the miniature or artificial head
microphones used here.

Based on the theory presented in this paper, a large
scale study is currently being set up at our labo-
ratory, addressing the HPSC compliance of head-
phones. To be representative for the respective
headphone models, a sample of at least five speci-
mens per model will be included in the test. Head-
phone manufacturers interested in having one or
more circum- or supra-aural headphone models in-
cluded in the study are welcome to contact the
author.
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