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(57) Abstract: According to an example aspect of the present in-
vention, there is provided a Method for regularizing the inversion
of astereo headphone transfer function for headphone equalization,
characterized by using the equation for the equalization: Formula I
in which equation Formula II is sigma inversion H*(®) is complex
conjugate of a response D(o) is a delay filter introduced to produce
a causal inverse Formula III. H*(®) a response of®)is headphone
reproduction bandwidth, o(®) an estimation of the regularization
needed inside that bandwidth.
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An getive moniioring headphonsg and g method for regularizing the nversion of the

BRI
FIELD
[0001] The invention relates to active monitoring headphones and methods relating
to these headphones.
BACKGROUND
{3061 Most beadphones are passive, therefore the performavce depends on the

external amplifier that is used. Theretore, the performance varies a lot from antt to untt and
from design to design. There are some active headphones with clectronics built mto the
carphone cups. Electronics is taking space and reducing acoustic performance {often}.
Electronte functions are just amplificr, or amplifier and ANC (Active Noise Cancellation).
Getting the necessary miterfaces for computer/digital audiv/analog audio 18 expensive.
There are two types of headphones: open and closed headphones. While the open
headphones have therr own advantages they bave poor atfenuation for the covitonwrental
noise and this can prevent hearing of details in the audic material (and the environment
acoustics may even attect the audio of the headphones), but the open headphone design s
satd to avoid the "box” sound {audio colorations} and limiled low frequency exiension
sometimes associated with the closed headphones design. Also m the closed headphone the
user hearing is Hwmited to the ear cup area and therefore commumicating between users
might be g challenging,

3063 When the headphones are used to complement and confinue the work also
done using loudspeakers there is a need to design headphone and the associated signal
processing such that the calibration of the headphone has the same sound character as a the
sound of the loudspeaker based monitor system in a room so that the sound quality could

stay consistent when switching from one system to another.

SUMMARY OF THE INVENTION
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[0004] The invention relates to Active Monitoring Headphones (AMH) and their
calibration methods.
[0005] The invention is defined by the features of the independent claims. Some

specific embodiments are defined in the dependent claims.

[0006] According to a first aspect of the present invention, there is provided a
method for auto calibrating an active monitoring headphone including an amplifier with a
memory and signal processing properties, the method comprising steps for determining a
desired sound attributes for the headphone (1), setting signal processing parameters and
calibration algorithms in the amplifier (2) in order to obtain the desired sound attributes
either by measurement or based on the received input information from a user of the

headphones.

[0007] According to second aspect of the present invention, there is provided a
method wherein the sound attributes include at least one of the following features:

27 &6 EE I

“frequency response”, “temporal response”, “phase response” or “sound level”.

[0008] According to third aspect of the present invention, there is provided method
wherein the desired sound attributes like frequency response is determined based on
calibration parameters of a loudspeaker system for a specific room and according

acoustical measurements in the room.

[0009] According to fourth aspect of the present invention, there is provided a
method, wherein a test signal is initiated via the software or hardware interface, generated
by the amplifier or interface device and reproduced by loudspeakers through a first sub-
band (B;), the testsignal is reproduced by headphones (1) through the first sub-band (B,),
evaluating the sound attributes like sound level of the test signal reproduced by the
headphones (1) through the first sub-band (B;)with the test signal reproduced by the
loudspeakers through the first sub band (B;) and setting and storing the sound attributes
like sound level of the headphones to be essentially the same as in the loudspeakers at the
sub-band B, repeating the above procedure with the test signal through several sub-bands

B;-B,.

[0010] According to fifth aspect of the present invention, there is provided method

wherein the test signal is pink noise.
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[0011] According to sixth aspect of the present invention, there is provided wherein

the test signal a music-like audio file inluding audio signals with wide spectrum content.

[0012] According to seventh aspect of the present invention, there is provided

method wherein the duration of the test signal is 1- 10 seconds.

[0013] According to eighth aspect of the present invention, there is provided wherein

the the test signal is repeated continuously.

[0014] According to a ninth aspect of the present invention, there is provided an
active monitoring headphone system including headphones and an amplifier connected to
the headphones by a cable, the system comprising circumausal car cups, weans for signal
processing in the amplifier {2) means for storing at least two predefined cqualization

settings in the amplifier (2}, and means for noise cancelling 1w frequencies below 280 He,

[0015] According to tenth aspect of the present invention, there is provided an active
headphone system wherein the headphones and the headphone amplifier are separate

independent units connected to each other by a cable.

[0016] According to eleventh aspect of the present invention, there is provided an
active headphone system wherein cach driver or ear cup of the headphone is factory
calibrated against a set reforence ear cup or driver and stored in @ memory of the amplifier,
whereby the factory calibration makes all of the ear caps m the beadphone system
acoustically cssertially the same, c.g. sarne response, same londness based on set reference

car cup or driver.

[0017] According to twelveth aspect of the present invention, there is provided an
active headphone system wherein the headphone araplifier and the headphone are a unigue

pair based on the factory calibration,

[0018] According to thirteenth aspect of the present invention, there is provided a
method for regularizing the inversion of a stereo headphone transfer function for
headphone equalization, characterized by using the equation for the equalization:

9} H{w}
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in which equation
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Hei 49 s sigma inversion

e H*(w) is complex conjugate of a response

N T
e D(w) is a delay filter introduced to produce a causal inverse fge 1 00)
e H*(®) aresponse

¢ () is headphone reproduction bandwidth,

¢ o(w) an estimation of the regularization.needed inside that bandwidth,

[0019] According to fourteenth aspect of the present invention, there is provided a

method in accordance with claim 1, wherein the term B[B(w)|” is a frequency-dependent

parameter, ¥ 3 such that the response is inverted accurately, but no inversion effort

is desired for narrow notches and at frequencies outside the headphone bandwidth of

reproduction, the parameter # WY s determined combining an estimation of the

headphone reproduction bandwidth, a(w), and an estimation of the regularization

needed inside that bandwidth, o(w). defining the parameter * then defined as

By = 0fe) & o5 @)
PR REET AT (5), where the parameter o)

determines the bandwidth of inversion, which is defined as the frequency range where
o) is close or equal to zero, the new regularization factor, 6(®) controls the inversion
effort within the bandwidth defined by o(w), if the headphone bandwidth is known,

a(w) is defined using an unity gain filter, W(®), as

;
& U ] Ed
R TN ;

4 ©

whereby he flat passband of W(w) corresponds to the headphone bandwidth of
reproduction, typically 20 Hz to 20 kHz for high quality headphones, and in a similar

manner, if the noise power spectrum estimate is available, a(w) is defined as

SNRig) MY

()

and in order to avoid strong variation between adjacent frequency bins in the response,
estimate of the noise envelope N(w), e.g. a smoothed spectrum, should be used, the new

regularization factor, o(w), is defined as the negative deviation of the measured response,
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H(w), from the response that reduces the magnitude of the notches, 1%}, for instance,
Hi&) can be defined using a smoothed version of the headphone response, and based on
this, 6(®) is determined as

ey A e
s & 0

| & i e < )]

®)

R EF S an i
W > e

and hence 6°(®) > 0 for , the parameter R contains large

regularization values at notch frequencies that are narrower than the smoothing window.

The claimed invention relates to the technical effect how to equalize sound for a transducer
(driver) from first listening environment (loudspeakers) to second listening environment
(headphones) by minimal variation in physical sound reproduction in the close proximity

of the ear.

In other words the invention creates a technical solution how to equalize sound information
created for loudspeakers to headphone drivers with minimal variation at the ears of the

listener.

BRIEF DESCRIPTION OF THE DRAWINGS

[0020] FIGURE 1 illustrates one active headphone in accordance with at least some

embodiments of the present invention;

[0021] FIGURE 2 illustrates a graph how audio signal may be divided into sub-

bands in accordance with the invention,

[0022] FIGURE 3 illustrates as a block diagram one embodiment of one calibration

method in accordance with the invention;

[0023] FIGURE 4 illustrates as a block diagram one embodiment of electronics in

accordance with the invention,

[0024] FIGURE 5 illustrates as a block diagram one embodiment of the software in

accordance with the invention,
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[0025] FIGURE 6 illustrates first layout of the system in accordance with the
invention.
[0026] FIGURE 7 illustrates second layout of the system in accordance with the
invention.
[0027] FIGURE 8 illustrates the effect of repositioning on the equalization of a

headphone. The inverse filter of headphone responses using Eq. 1 are used to compensate
two responses measured after repositioning the headphones. There are no noticeable

differences for frequencies below 2 kHz.

[0028] FIGURE 9 illustrates an inverse of a headphone response using direct

inversion (DI), regularized inverse with f=0.01 (RI), and Wiener deconvolution (WI).

[0029] FIGURE 10 illustrates values of the regularization parameter B(w) for a(w)

defined using Eq. 6 (solid line) and Eq. 7 (dotted line), and H{®) is a halfoctave

smoothed version of the headphone response.

[0030] FIGURE 11 illustrates an inverse of a headphone response using the direct

inversion (dotted line) and the proposed sigma inversion method (solid line).

[0031] FIGURE 12a illustrates a schematic view of a miniature microphone placed

inside the open ear canal

[0032] FIGURE 12b illustrates a picture of microphone lead wires which are bent
around the pinna and fixed with tape at two locations to avoid microphone displacement

when placing the headphones.

[0033] FIGURE 13 illustrates a table showing parameters for Eq. 9 to obtain the
inverse of a headphone response using Wiener deconvolution (WI), conventional
regularized inverse (RI), complex smoothing (SM), and proposed method sigma inversion

(SI) methods.

[0034] FIGURE 14 illustrates a normalized magnitude responses of a headphone
measured four times and repositioning the headphone between measurements. The subject
removed and reapplied the headphones himself before each measurement. The first

measurement is used for inversion (solid line). The other three responses are denoted by
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dotted, dash-dotted and dashed lines. There are no noticeable differences at frequencies

below 2 kHz.

[0035] FIGURE 15 illustrates the effect of compensating a single headphone
response using the inverse filters obtained with Wiener deconvolution (WI), conventional
regularized inverse method (RI), complex smoothing method (SM), and proposed sigma

inversion method (SI). There are no noticeable differences for frequencies below 2 kHz.

[0036] FIGURE 16 illustrates the stability of the compensated response when
repositioning the headphone three different times using the inverse filters obtained with the
Wiener deconvolution (WI - top box), regularized inverse method (RI - second box from
top), complex smoothing method (SM - third box from top), and proposed method (SI -
bottom box). The compensated responses corresponding to the first, second, and third
measurements are denoted as solid, dotted, and dashed lines respectively. There are no

noticeable differences for frequencies below 2 kHz.

[0037] FIGURE 17 illustrates a table showing mean score p and standard deviation
(SD) obtained across 10 subjects for each inversion method: No headphone equalization
(NF), conventional regularized inverse (RI), smoothing method (SM), and proposed
method (SI).

[0038] FIGURE 18 illustrates atable showing p-values of the multicomparison test
using Games-Howell procedure. The methods are identified as: No headphone equalization

(NF), conventional regularized inverse (RI), smoothing method (SM), and proposed
method (SI).

[0039] FIGURE 19 illustrates means and their 95 % confidence intervals for the
inversion methods calculated across 10 subjects. The mecthods are no headphone
equalization (NF), conventional regularized inverse (RI), smoothing method (SM), and the

proposed method (SI).

[0040] FIGURE 20 illustrates a schematic view of binaural rendering of a

loudspeaker sterco setup

[0041] FIGURE 21 illustrates a schematic view of binaural sterco reproduction over

headphones of a phantom source placed at the center.
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[0042] FIGURE 22 illustrates a schematic view of direct reproduction over
headphones of a sterco signal of a phantom source placed at the center. Only one ear is

shown.

[0043] FIGURE 23 illustrates a schematic view of binaural stereo reproduction over

headphones a phantom source panned completely to the left.

[0044] FIGURE 24 illustrates a schematic view of binaural sterco reproduction over

headphones with equalization of the response of a phantom source located at the center.

[0045] FIGURE 25 illustrates gains introduced by filters H‘jﬁs (solid line) and H‘f
(dashed line).
[0046] FIGURE 26 illustrates gain introduced by the filters Hﬁiz.(solid line) and

Hyy (dashed line) based on Kirkeby, O., “A Balanced Sterco Widening Network for
Headphones,” in Audio Engineering Society Conference: 22nd International Conference:

Virtual, Synthetic, and Entertainment Audio, 2002.

[0047] FIGURE 27 illustrates one octave smoothed magnitude response of the
equalized filters after summation of the direct and crosstalk paths at the left ear. Response

for Hyinrq, Hpneq, and Hroomeq_are denoted as solid, dashed, and dotted lines respectively.

[0048] FIGURE 28 illustrates a table showing results of the post-hoc test for the
spatial quality test (Test 1). The low anchor was removed from the analysis. p-values

smaller than 2 x 10~ are rounded to zero and larger than a=0.05 are denoted in bold font.

[0049] FIGURE 29 illustrates spatial quality test results. Quartiles and median of the
scores obtained for each case in Test 1. Notches in the boxes denotes 95 % confidence

interval for the median. Hy,_was used as reference (Score=100)}

[0050] FIGURE 30 illustrates a table showing results of the post-hoc test for the
timbre/sound balance quality test (Test2). The low anchor was removed from the analysis.

p-values smaller than 2 x 107 are rounded to zero and larger than 0=0.05 are denoted in

bold font.

[0051] FIGURE 31 illustrates timbre/sound balance quality test results. Quartiles

and median representation of the scores obtained for each case in Test 2. Notches in the



WO 2017/182707 PCT/F12017/050287

10

15

20

25

boxes denote the 95 % confidence intervals for the median. Direct reproduction of stereo

signals over the headphones was used as the reference (Score=100)}

[0052] FIGURE 32 illustrates a table showing results of the post-hoc test for overall
quality test (Test 3). The low anchor was removed from the analysis. p-values smaller than

2 x 10” are rounded to zero and larger than a=0.05 are denoted in bold font.

[0053] FIGURE 33 illustrates overall quality test results. Quartiles and median
representation of the scores obtained for each case in Test 3. Notches in the boxes denotes

95 % confidence interval for the median.

EMBODIMENTS
[0054] DEFINITIONS
[0055] In the present context, the term “audio frequency range” is the frequency
range from 20 Hz to 20 kHz.
[0056] In the present context, the term “sub-band” B, means a passband within the

audio frequency range narrower than the audio frequency range.

[0057] In the present context, the definition of “evaluating the sound characteristics”

means either measurement by using a microphone or subjective determination by a person.

[0058] In the present context, the definition of “sound attribute” includes definitions
“frequency response”, “temporal response”, ‘“phase response”, “volume level” and

“frequency emphasis within a sub-band”.

[0059] When the headphones are used to complement and continue the monitoring
work also done using loudspeakers there 8 8 need to design headphone and the associated
signal processing such that the calibration of the headphone has the same sound character
as a the sound of the loudspeaker based monitor system in a room. This is necessary to
ensure that the monitoring quality remains consistent as much as possible when switching
from one monitoring system to another.

[0060] FIGURE 1 illustrates one active monitoring headphone in accordance with at
least some embodiments of the present invention, where an active monitoring sterco

headphone 1 with drivers for both ears is connected to a headphone amplifier 2 with help
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of a connection cable 3. Block 60 describes features of this embodiment, namely the
factory calibration where each driver of the headphone 1 is electronically equalized against
the said reference to render the driver system for cach ear individually to have the same
response as the reference, removing any differences between the driver systems for each
ear as well as dynamics control where the user is protected from too high sound levels in

accordance with at least some embodiments of the present invention.

6l In one preferred embodiment the headphone is such that it includes two ear
cups each of which surrounds the car from all sides {circumaural}, such that the type of the
cup used s closed at the audio frequeney range, providing acoustic attenuabion o
environmental sounds or noises. The connector of the headphone cable according to the
mvention is a four {or more) pin connector, , allowing clectronic signals to access ecach
driver inside the headphone separately. Then, the headphone amplifier can individually
apply calibration, and alse crossover filtering, if more than one driver i3 used inside cach
ear cup of the headphone.

(3062 Erhanced active LF {Low Frequency) isolation (EAT} uses a microphone
attached o the ouiside or mside of the earphone cup, with additional conductors i the
headphone cable, allowing the headphone amplifier to access the microphene signals. The
headphone amphifier inverts and amphifies the microphone signal with frequency scleetive
pain, and add this inverted signal to the signal feed into the headphone drivers, such that
the noise leaking to the inside of the carphone cup ¥ attenruated or entirely removed, The
frequency selective nature of the galn enables this aftesuation to work wainly at low
frequencios, more specifically at frequencies below 300 Hz. By domg this, the typical
reducing passive attenuation of a closed headphone design s esbaoced towards Jow
requencics, producing a headphone that, m combination with the headphone amplifier,
attenuates sigruficantly also the low frequencics.

6063 Typically mechanical low frequency sound iselation of a headphone is not
good. Some embodiments of the invention may use electronic enhancernont to improve LEF
isolation. The aim s to cnable more detasfed hearing of the audio details at LF. Typically
this cohancement operates below 200 Hz (wavelength 17 meters). In the practical
ioplementation at least one earphone cup includes a microphone. The microphone
bandwidth is himited, in order to climinate noise incrcase i nud ranges. The mic signal i3
sent back to the headphone arophifier, via the headphone cable. Negative feedback is

apphied 1n the analog portion of the amplificr to reduce the Low Frequency level audibie
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mside the earphone.  Earphone isolation at Jow fregoencics seerns to increasse. As a result
the apparent sound isolation of the headphone in accordance with the invention seems to be

better than in the prior art,

Factory calibration

[0064] In oue preforred embodiveent factory cahibration 1s used for every donver of
the headphone. Factory calibration makes all of the car cups in the headphones exactly the
saT0C, Rarad Tesponse, same londocss based on set refercoce driver or ear cup. This also sels
the sensttivity of cach carphone cup to exactly the same. The factory calibration 18 unique
for cach individual headphone and ear cup of the headphone, therefore the headphone
amptifier and the beadpbone are a unique pair ke the awplifier and the enclosure can be
for active roonitor speakers. Therefore you cannot mix any headphone smplifier with any
other active headphone. These factory calibrated headphones form a system with a apecific
headphone amplifier unit, and they cannot be used with a third-party amplifier or normal

headphone cutput in a device,

Room calibration, version |

651 This is a method that can be measurement free  of room calibrating the
headphone sound character. This calibration can be set fteratively by the user m the
Hstening room. Referring fo figure 5 for the setup and figures Z and 3 for the method room
calibration sets fillers m the Active Monitoring Headphone arplifier 2. A software
connected to the Active Headphone amplifier 2 provides test signals and shows the
progress of the measuroment process during the calibration. This is done by a user
mterface provided n & computer hke PC or MAC 51 connected to the headphone
amptlifier 2. The tost signal 13 fed to the Active headphone amplifier 2 and graphical user
wierface guides the process, The user adjusts the filter settings 1w the sottware by the user
nterface, effecting the Active Mounitoring Headphone amplifier 2 settings such that the
sound attributes hike sound volume  of the test signal s the same as the loudspeaker
systermn. The monitoring loudspeaker systen calibration test measurements and equalization
setup are used gs the reference for asdjusting the gctive monitoring hesdphone sound
attributes. The reforence test signal can include a set of different setups based on stored or
real time messurements. The user can switch between the monitoring loudspeaker systom
and the headpbone 1 at any time uotil the soflware nsor mierface defects that the changes

arc 50 small or random, meaning that no systematic improvement s taking place, and this
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terromnates the process. In accordance with figures 2 and 3 the setup procedure steps

through the different sub-bands B-Bn of the audio bandwidth, effecting equalization
across the full audio band, This process sets the Active Monitoring Headphone amplifier 2
sound attributes like frequency response similar to the monitoring room sound colour with
the loudspeaker system.

[3866] In other words the user of the bheadphouncs 1 allermates listening to
loudspeakers and active monitoring headphones with a test signal across the different
frequency ranges. This implies that the test signal is filtered with a band pass filter such
that the audio frequency range is divided into several sub-bands B;-B, in accordance with
figure 2. The user listens the test signal through several sub-bands B;-B,, adjusts the sound
attributes like sound level of the headphones of ecach sub-band B;-B, the same as the
loudspeaker system with the same band. This evaluation can be made also by measurement
using an artificial head including microphones such that the headphones 1 are put on and
taken off an artificial head and the output from the microphones in the artificial head are
monitors. The procedure continues until there are no essential differences between the
monitoring loudspeaker system and the active headphone and then the software stores the
settings created by the adjustments into the headphone amplifier as one set of
predetermined settings. Typically the bandwidth Af of a sub-band B1-B,, is one octave. As a
sound attribute can also be used frequency adjustment within a sub-band B;-B, such that
either low or high frequencies are emphasized within the sub-band B,-B,,.

36T The test signal is advantageously a wav-file including a signal that is

a. pink noise, in other words the power spectral density (energy or power per
Hz) of the signal is inversely proportional to the frequency of the signal. In pink noise,
cach octave (halving/doubling in frequency) carries an equal amount of noise power.

b. Alternatively the test signal may be a pseudo sequence of a music-like signal
essentially including frequency content spectrally across a wide frequency area, typically
covering essentially the frequency ranges of the sub bands.

c. the pseudo sequence can repeat, creating a sample reference for adjustment,

and the duration before repetition is typically from 1 to 10 seconds

[068] Relating to the user interface this calibration process may be described in the
following way:
« the measurement free calibration allows the user to calibrate the sound to be similar in

colour (the savoe sound attributes) to the sound of his loudspeaker system
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* the process is based ¢.g. oo sounds that the software generates

« calibration process proceeds in the following way

- the computer plays a sound sample {this can be a WAV file} for cach sub-
band

- this sanple i plaved cither in the monitors or in the Active Headphone,
ander software control

- seftware presents a graphical user interface where the user adjusts the level to
be stmilar iu the beadphoue with the monifor systers output

- this 1s done collectively for the left and right {or surround) system

- the software advances from one sub-band o the next until all have been
covered

- the user cvaluates the outcome and sgves the calibration to the Active

Headphone amplifier 2 memory

Room calibration, version 2

3869 Alternatively the calibration can be made by measurement. This ix a
measurement-based method of voom calibratiog the headphone sound character. This type
of room calibration can be set after a software calibration has measured 8 lisiening room
with help of a monitoring loudspeaker system and @ mucrophone. Here mucrophone
measurements are used in order to determine the Impulse Respounse of the listening room.
The Impulse Regponse allows caleulation of the room freguency response. The room
calibration measurements are used to set filiers in the Active Monitoring Headphone
amphifier 2. This method sets the output signal atiributes of the Active Monitoring
Headphoune amplifier fo match with the messured roovo resporse. This octhod models the
main features of the room responss. The user can select the precision of modeling
precision. The roorn model i an FIR for the fivst 30 ws and an HR (Infiniee Impulse
Response 3 reverberation model in five sub-bands for the remander of the room decay.
The FIR {Finite Impulse Response} 15 fitted to the room IR, Sub-band HRs are fitted to the
detected decay character and speed in the sub-band. Extersalization filter is typically
applied. Mo user interaction s reguired.

376 o conmection with the externalization the following procedure 8 one option
in connection with the invention: The Externalization filter is tmplomented as a binaural
fitter such that it 1 an allpass-flter, In other words a filler having 8 constant magnitude

response {magnitude/amplitude docs not change as a function of frequency) but only the
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phase reaponse of the binawral filier 5 iroplemented . This kind or a filter can be
roplemented advantafoously as a FIR-filter, but in theory the same result may be obiained
as a HR-filter. Because of the high degree ot the filter, IR —mplementation 18 not sllways
praciical. With this approach some advantages are gained: if the inversion of the magnitude
is modeled with & normal binaural filter, clearly sudible coloration is easily created. This
can be avouded with the all-pass iwplementation in accordance with the mvention. In
addition the ail-pass solution never causes big gain, whereby the requirements in dynamics
are mindroal. The all-pass wmplerocotation creates an exteroalization having an experience
of the space where the measgrement was made. In addition, the all-pass implementation i3
not as sensitive to the forrm of the HRTF-filter as a normal binaural filter, whereby also
measurements made with a head of a third person can be used. As a consequence the user
may be offered defuult-oxternshisation filiers corrcsponding closest the used listening

apace.

66711 This room calibration may be performed for londspeakers og 1o the

miowing way:

o the calibration sets the sound of the Active Headphone 1 similar to that of the user’s
previously measured loudspeaker movitoning system

- calibration process is the following:

- user has the Active Headphone amplifier 2 connected to the computer 51
running the suttable software {like GLM)

- user selects an existing svstom calibration

- software selects the left and night monitor responses

- software calculates the filter settings to render the sound in Active

Headpbone sunilar to that o the menitor londspeakers
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- mmeludes carly reflections, sub-band decay, sound colour, and oxtenralization
filter settings

- the user can listen to the cqualization result and save these settings i the
Active Headphone amplifiers memory permanently

H =y

P07 FIGURE 4 illustrates an example apparatus capable of supporting at least
some embodiments of the present invention. In accordance with figure 4 the headphone
amplifier 2 includes analog inputs 35 for receiving analog audio signal. This signal is
converted to digital form by analog-to-digital converter 36 and fed to digital signal
processing block 37 after which the digital signal is converted back to analog form to be
fed to power amplifiers 39 and 40 feeding the amplified signal to the drivers of the
headphone 1. The headphone amplifier 2 includes also a local simple user interface 34,
which can be a switch or turning knob with coloured signal lights or a small display.
Further the headphone amplifier 2 include a USB-connector 33 capable inputting electrical
power into power supply and battery management system 32, which feeds the power
further to charging subsystem 31 and from there to the battery 30, which is used as a

primary power source for the electronics of the headphone amplifier 2. The USB-connector

33 is used also as a digital input for the digital signal processing block 37.
RS Figure 5 illustrates an example software system capable of supporting at least
some embodiments of the present invention. In accordance with figure 5 the software
includes a software module for AutoCal room equalizer 41 for handling the room
calibrations, a software module for EarCal user equalizer 42 for creating customized
equalizations for the headphone 1. Factory equalization module 43 stands for the factory
equalization stored in the memory of the headphone amplifier 2, where ecach driver of the
headphone is factory calibrated against a reference such that each headphone 1 headphone
amplifier 2 pair leaving the factory produces audio signal with essentially similar sound
attributes. In addition the software package includes software functionality for USB-
interface functions 47, software interface (GLM) functions 48, memory management

functions 49 and power and battery management functions 50.

Casual headphone use

RN in accordance with figures © and 7 the Active Montoring Headphone 1 i
connected by a cable 3 to the headphone amplifier 2. The amplifier 2 is connected by a
cable 32 to bne outputs or yoomioring outputs of a program source 51, 56, The program

souiree may be portable device 56, profossional or consumer, including computer platforms
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51. User turns on Active Monitoring Headpbone amphfier 2 and adjusts the signal

attribuies.
T In accordsnce with some embodiments of the invention, hke the figure 6

require aftaching the beadphone amplifier 2 to 2 computer USB connector and installing

the suitable {e.g. GLM) sofiware. The user navigates in the user interfuce to the
“headphone” page. Available options may be, for example:

* vohime control with all associates dims, presets, ete.

» personal balance coutrol (1o set the sound 1mage n the middic)

» spund character profile adjustment

= start-up volume set function

« ISS contrel function (how much time before sleep)

« max SPL it function {protects hearing) ou/oft, mit adjustment

» BEAT {enbanced LF isolation} on/off function as well as low/mediwnhigh control for
amount of isolation level {feedback)

« function o store these settings permanerdly o the Active Headphone amplifier

Switching between calibrations

TRTY] When the vser has stored calibrations 1o the Active Headphoue araphfier, it is
possible to select equalization reforring to figures 6 and 7. With a switch ke Volume
Control one of the calibrations may be selected ¢.g. in the following way: push the volame
control 54 down {chck) then turning the velume control seleets the oqualization (no og or
hedonistic g 18 set, equalization method 1, equalization methods 2}, then releasing the

volume control selects the equalization,

FOG7SY Benehits of some embodimends of the mvention n basic system quality i the

following: Dedicated and individually cqualized headphons amplifier 2 45 included.
Factory equalization climdnates vnii-to-umit differences i the sound quality. There are no
{randomly varving) unit-to-unit differences between the earphone cups, ihe balance is
always maintained. The audio reproduction 15 always neutral unlike most other
headphones. In addition the sound isolation is excelient {passive isolation by the clese cup
i mid/high freguencies, capebility for improved selation i bass frequencies). The room
cqualization (methods 1 and 2) allow omulstion of the sound characier of an existing
menttoring system; for accurate and reliable work over headphones, for exampie when not
i studio. The battery capacity and clectronies design allow a foll working day of operation

without attaching the amp to a power source,
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O

[OOSR With the described embodiments several benefits can be obtained. The

£

solation with the electronics in a separate amplifier module from the headphone enables
(manual) volume control, there is no space limitation for batterics (power handling) or
electronics. In this solution all needed input types and connections can be used. As well
there is no limit to signal processing that can be included.

O This solution can be powered from USB connector. Individnal amplitying
and cabling avoids any inferaction between drivers which can happen for example, when
the conductors are shared n the headphone cable. Ju sctive headphone signal processing
can be made oxtremely linear. Each car/driver m a headphone can be individually factory-
equalized to a reference, therefore each driver can present a perfectly flat and ncutral
response. In case of a multt-way doiver for cach ear, the crossovers for the mmlti-way
system can be made fto have ideal performance. Custorner calibration is possible
Hedonistic calibration i possible {e.g. preferred sound. response profile) as well as
calibration of the headphone to sound the same as a reforence systom (for cxample, a

hstemng roomy; this cabibration can be antomated.

Automatic regularization parameter for headphone transfer function inversion

[0082] A method is proposed for automatically regularizing the inversion of a headphone
transfer function for headphone equalization. The method estimates the amount of
regularization by comparing the measured response before and after half-octave
smoothing. Therefore the regularization depends exclusively on the headphone response.
The method combines the accuracy of the conventional regularized inverse method in
inverting the measured response with the perceptual robustness of inversion using the
smoothing method at the at notch frequencies. A subjective evaluation is carried out to
confirm the efficacy of the proposed method for obtaining subjectively acceptable
automatic regularization for equalizing headphones for binaural reproduction applications.
The results show that the proposed method can produce perceptually better equalization
than the regularized inverse method used with a fixed regularization factor or the complex

smoothing method used with a half-octave smoothing window.

[0083] Binaural synthesis enables headphone presentation of audio to render the same
auditory impression as a listener can perceive being in the original sound field. To place a
virtual source presented over headphones in a specific direction, an anechoic recording of

the source sound is convolved with filters that represent the acoustic paths from the
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intended source position to the listener's ears. These filters are known as binaural
responses. In the case of anechoic presentation these responses are known as head related
impulse responses (HRIR). In the case of reverberant presentation these are called binaural
room responses (BRIR). The binaural responses can be obtained by measurement at the
listener's auditory canals, at the auditory canals of a binaural microphone (artificial head),
or by means of computer simulation. To maintain the spectral features of binaural
responses, the headphone transfer function (HpTF) must be compensated when audio is
presented over headphones. This is done by convolving the binaural responses with the
inverse of the headphone response measured at the same position. Better results can be

achieved when the responses are measured individually for each listener.

[0084] The headphone transfer function typically contains peaks and notches due to
resonances and scattering produced inside the volume bound by the headphone and the

listener's ear. Direct inversion of the complex frequency response of a headphone

D

contains large peaks at the frequencies where the measured response has notches. The
peaks and notches seen in a headphone transfer function measurement vary between
individuals, and also may change when the headphone is taken off and then put on again
for the same subject. Although variability of the headphone transfer function due to
repositioning of the headphone is reduced if the subject places the headphones himself, the
process of equalizing a headphone using direct inversion of the headphone transfer
function may result in coloration of the sound. Moreover, large peaks produced by
applying exact inversion of deep notches may be perceived as resonant ringing artifacts
when the notch frequency shifts due to repositioning of the headphone and the equalizer
boost no longer matches the frequency and gain of the notch in the actual response. This
effect is illustrated in Fig. 8, where two magnitude responses of a headphone measured
after repositioning have been compensated using direct inversion of the response measured
before repositioning. The narrow band resonances seen in responses shown in Fig. 8§ are
the result of mismatches between the notch frequencies in the responses used for inversion
and in the responses measured after repositioning the headphone. Audibility of such
mismatches can be minimized by limiting the gains of peaks resulting from inverting

notches in the measured response.
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[0085] To minimize the audible effects of notch inversion, perceptually motivated
modifications to directly inverting the measured response have been commonly adopted.
Since humans perceive better peaks than notches of same magnitude and Q-factor,
inversion should be done such that peaks in the measured response are inverted while
notches are ignored or their magnitudes are reduced before inversion. The methodology
employed in reducing the notch magnitude prior to inversion includes smoothing the
measured response, averaging across several responses taken with repositioning the
headphones, or approximating the overall response using a statistical approach. However,

these methods may affect the accuracy of the inversion for the remain of the response.

[0086] Regularization of the inversion is a method that allows accurate inversion of the
response while reducing the effort of notch inversion. A regularization parameter defines
the effort of inversion at specific frequencies, limiting inversion of notches and noise in the
response. The regularization parameter must be selected such that it causes minimal
subjective degradation of the sound. However, the suitable value of the regularization
parameter depends on the response to be inverted and therefore the value must be selected

for each inversion using listening tests.

[0087] In this work, a method is proposed for automatically obtaining a frequency-
dependent regularization parameter when inverting the headphone responses for binaural
synthesis applications. Performance of the proposed regularization is compared to the
conventional regularized inverse, Wiener deconvolution, and complex smoothing method
regarding the accuracy of the response inverse except for large notches and the stability of
the equalization against headphone repositioning. A subjective evaluation is carried out
using individualized binaural room responses to confirm the subjective performance of the

proposed regularization.

THE REGULARIZED INVERSE APPLIED TO HEADPHONE EQUALIZATION

[0088] A frequency-dependent regularization factor can be introduced in the inversion
process to limit the effort applied in the inversion of the notches. The regularization factor

consists of a filter B(w), that is scaled by a scale factor, B. The regularized inverse,

Hyy 19 of a response H(w) is then expressed as
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, (2)
where * represents the complex conjugate, |¢| is the absolute value operator, and D(w) is a

delay filter introduced to produce a causal inverse &t {87,

. N G 2 N e . 53R
e v Bile

[0089] The inversion is exact when , whereas the effort of inversion

is limited when Sil@H” 2 #Hiw

. The effect of regularization can be seen in Fig. 9,
where the regularized inverse for f=0.01 and B(w)=1 (solid line) produces an accurate
inversion of the headphone response excluding the large resonances presented in the direct
inversion (dotted line). Furthermore, since this method avoids inversion at frequencics
where the magnitude is smaller than the regularization factor, frequencies outside the

useful bandwidth of the headphone are not inverted, as seen for frequencies below 30 Hz.

[0090] The parameters  and B(w) are usually selected to obtain minimal sound quality
degradation while inverting accurately the response except for the narrow notches.
Typically, B(w) is defined based on evaluating the bandwidth needed for inversion with
acceptable subjective quality, resulting for instance in inverting the third-octave smoothed
version of the response, or using a high pass filter. Then, B is adjusted using listening tests
in order to scale B(w) for minimal degradation of sound quality. In S. G. Norcross, G. A.
Soulodre, and M. C. Lavoie, “Subjective investigations of inverse filtering,” J. Audio Eng.
Soc, vol. 52, no. 10, pp. 1003-1028, 2004, regularized inversion of a loudspeaker response
was evaluated using three different B(w) filters: flat response, band-stop filter with cut
frequencies at 80 Hz and 18 kHz, and inverting the third-octave smoothed response.
Different values of f were then tested for each B(w). Results of S. G. Norcross, G. A.
Soulodre, and M. C. Lavoie, “Subjective investigations of inverse filtering,” J. Audio Eng.
Soc, vol. 52, no. 10, pp. 1003-1028, 2004 show that correct values of B depend on the
response to be inverted and on the filter B(w) selected for the regularization. Furthermore,
a study on the performance of different methods for inverting a headphone response for
binaural reproduction showed that adjustment of by expert listeners also produces
different outcome depending on B(w). In their experiment, B(®) was defined as the inverse
of the octave smoothed response of the headphone response or as a high pass filter with
cut-off frequency at 8 kHz. Nevertheless, headphone equalization obtained using the
regularized inverse with regularization adjusted by expert listeners is perceptually more

acceptable than the headphone equalization obtained using an inverse obtained using the



WO 2017/182707 PCT/F12017/050287

10

15

20

25

21

complex smoothing method. Therefore, although B(®) can be selected a priori, 8 should be
adjusted depending on the response to be inverted, H(w), and the regularization filter,

B(®).

Relation to Wiener deconvolution

[0091] If the noise power spectrum, “¥1&3{" is known, the term & BN gy Eq. (2) can

be estimated as the inverse of the signal-to-noise ratio (SNR),

3)

Hygi (o)

inversion regarding the SNR. The Wiener deconvolution filter,

e
H R { [Re] §s

(4)

[0093] For large SNR, Wiener deconvolution is equivalent to direct inversion but with
optimal bandwidth for inversion, since only the bandwidth with large SNR is accurately
inverted. This is illustrated in Fig. 9, where the inverse headphone response calculated
using Wiener deconvolution (dashed line) is shown. Although this method provides an
optimal bandwidth of inversion, notches are accurately inverted, producing large
resonances in a similar manner to the direct inversion (dotted line), thus producing ringing
artifacts. To avoid large resonances in the inverted response, a scale factor can be applied,

rendering Wiener deconvolution equivalent to regularized inversion method (see Eq. 2).

PROPOSED REGULARIZATION

5«2 ToN
[0094] The term B|B(w)|* can be defined as a frequency-dependent parameter, * "‘-“-", such
that the response is inverted accurately, but no inversion cffort is desired for narrow

notches and at frequencies outside the headphone bandwidth of reproduction. The

R
Pa RN 5] i

parameter can be determined combining an estimation of the headphone

reproduction bandwidth, o(w), and an estimation of the regularization needed inside that
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bandwidth, o(w).

R & g

[0095] The parameter * Y3 s then defined as

ke 2

3

Bl = ala) + oi@

&)
The parameter o(w) determines the bandwidth of inversion, which is defined as the

frequency range where o) is close or equal to zero. The new regularization factor, o(®)

controls the inversion effort within the bandwidth defined by a(w).

[0096] If the headphone bandwidth is known, o(w) can be defined using an unity gain
filter, W(®), as

The flat passband of W(w) corresponds to the headphone bandwidth of reproduction,
typically 20 Hz to 20 kHz for high quality headphones.

[0097] In a similar manner, if the noise power spectrum estimate is available, a(®) can be

defined as

{,{N_;}\\. i e— e \ .
Ly K }?\ By " 3

™)

To avoid strong variation between adjacent frequency bins in the response, estimate of the

noise envelope N(w), e.g. a smoothed spectrum, should be used.

[0098] The new regularization factor, o(w), is defined as the negative deviation of the

measured response, H(w), from the response that reduces the magnitude of the notches,

H{wW} For instance, ¥} can be defined using a smoothed version of the headphone

response. Based on this, 6(®) can be determined as

(o - o)

3 z\ {Q} w
&
(3)
[0099] Since c%(w) > 0 for FFi®H =] % the parameter ¥'® contains large

regularization values at notch frequencies that are narrower than the smoothing window.

As an example, the Al obtained for the headphone response used in Fig. 9 is shown in
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5@{{’“, the parameter a(®) is determined using Eq. 6, where W(®) is

Fig. 10. To obtain
selected such that it limits the bandwidth between 20 Hz and 20 kHz (solid line). In

addition, a(m) is also determined using Eq. 7 (dotted line), where N(w) is estimated from

the tail of the measured headphone impulse response. In both cases, H{®! s the half
octave smoothed version of the headphone response. The largest regularization values

coincide with the frequencies of the resonances in the direct inverse seen in Fig. 9. The

g s} K . .
% remains close or equal to zero for the remainder of the

3

g,

&
i

regularization parameter,

response, allowing accurate inversion. The bandwidth limitation caused by a(w) can be

seen at frequencies below 20 Hz and above 20 kHz, where B} contains large values.
When o) is defined using Eq. 7 (dotted line), the inversion bandwidth extends slightly
more to low frequencies and it is not limited at high frequencies, whereas using Eq. 6 the

inversion bandwidth is limited between 20 Hz and 20 kHz as previously defined. For

frequencies between 20 Hz and 20 kHz, B} s similar for both methods confirming that

using either approach to determine o) yields similar results.

[00100] Applying Eq. 5 to Eq. 2 yields the proposed modification of a conventional

regularized inverse equation, sigma inversion si (@
‘. Fr e . (g o
Hillor s ————— o) = ———————————— Iy
= Him W+ Bl T v e ey

()

[00101] The proposed sigma inversion method is compared in Fig. 11 to the direct

X

LAy

inversion of the headphone response used in Fig. 9. The parameter P sed to render

Heg U8 g that presented in Fig. 10 as a solid line. The resonances produced by an exact
inverse of notches in the headphone response are not present in the inverse produced by the
proposed method (solid line). Moreover, frequencies outside the defined bandwidth are not

compensated and the other parts of the response are inverted accurately.

APPARATUS AND METHODS

[00102] This section describes the measurement setup and signal processing performed

in evaluating the performance of the proposed method. The evaluation measurements and
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design of the listening test are also explained.

Measurement setup

[00103] The measurement setup consists of two miniature microphones (FG-23329,
2=2.59 mm, Knowles) placed inside the open auditory canals of human subjects and
connected to an audio interface (UltraLite Hybrid 3, MOTU). The responses are digitized
with 48 kHz sampling rate. The microphones are placed inside open auditory canals to
avoid the effect of headphone load in binaural filters. The miniature microphones are
introduced inside the auditory canal without reaching the eardrum but sufficiently deep so
they remain in place when bending the lead wires around the ear (see Fig. 12a). Care is
taken to ensure that the microphone does not move when placing the headphone over the

cars by fixing the wires with tape at two positions as illustrated in Fig. 12b.

Normalization

[00104] Using a scale factor, g, the measured headphone response H(®) is normalized to

unit energy prior inversion such that

f e e = 1

. (10)

This allows inversion to be centered in level at 0 dB, as can be seen in Fig. 9 and Fig. 11,
avoiding discontinuitics in the inverted response at frequencies outside the bandwidth of
inversion when the magnitude of the response to be inverted is very small. After inversion,
the response can be compensated for this scale factor, to restore the original signal gain.
Morcover, this normalization allows the regularization to be defined as a dynamic
limitation, e.g. f=0.01=-20 dB, if B(w)=1 within the bandwidth of inversion. Therefore,
inversion of a normalized response does not create amplification of more than |B]-6 dB as
seen in Fig. 9, where the conventional regularized inversion with =0.01=-20 dB does not

amplify by more than 14 dB.

Inverse filters

[00105] Inverse filters for different methods are obtained using Eq. 9 by modifying the
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values of a(w) and o*(w). The parameter values to obtain the inverse responses using
Wiener deconvolution, conventional regularized inverse, complex smoothing, and the
proposed sigma inversion regularization methods are shown in Fig. 13. To ensure the same
bandwidth for all the methods used in this work, o(m) is defined using Eq. 6, where W(w)
has a constant unit gain between 20 Hz and 20 kHz. Wiener deconvolution uses Eq. 7 but
the resulting bandwidth does not differ greatly from that of the other methods. The
regularization scale factor B is selected by adjustment using listening tests. Half-octave
smoothing is used with the complex smoothing method and proposed sigma inverse
method, to present a fair comparison between the methods. This smoothing window is
selected based on informal listening tests. The half-octave smoothing produces the smallest

sound degradation compared with octave, third-octave, and ERB smoothing windows.

[00106] The smoothed response, Hsm(w), is implemented in the frequency domain using

a half-octave square window, Wsy;,_starting at «; and ending at o, to separately smooth the

magnitude
. H o
Hrg{o s ——— Wi
: A ’
s e (11)
and the unwrapped phase
i e et
= ﬁ Wine L H (v e
2 by (]2)
The smoothed response is obtained as
Howlo) = Mgl @)k

Hep (o)

and the inverse, , 18 then calculated using Eq. 9.

Performance evaluation measurements

[00107] The headphone (HD600, Sennheiser, Germany) worn by a single subject is
measured four times, repositioning the headphone after each measurement. To reposition
the headphone, the subject removes and then reapplies the headphone between
measurements in order to reduce variability in the measured responses. The measured

responses are normalized in magnitude around the 0 dB level. The resulting responses are
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presented in Fig. 14 to allow comparison between responses. The first headphone response
(solid line) is used for inversion and it was also utilized to obtain the inverse responses
illustrated in Fig. 9 and Fig. 11. A specific subject is chosen knowing from carlier informal
measurements that his personal equalization filters produce ringing artifacts when inverted.
The accurate inversion of the notch at 9.5 kHz is assumed to be the cause of the artifacts.
The value of B=-20 dB is sclected for the conventional regularized inverse method based
on an adjustment test carried out by the subject. The parameters for each method are given

in Fig. 13.

Listening test design for subjective evaluation

[00108] A sect of measurements is carried out to subjectively evaluate the proposed
method. Headphone response (SR-307, Stax, Japan) and individual binaural room
responses of a stereo loudspeaker setup (8260A, Genelec, Finland) inside an ITU-R
BS.1116 compliant room are measured for each test participant. The measured headphone
response is normalized before inversion and the gain factor is compensated after the
inversion. This enables reproduction level over the headphones to match the sound level of

the reproduction over the loudspeakers.

[00109] A listening test is designed to perceptually assess the performance of the
proposed method. The paradigm of the test is to evaluate the fidelity of a binaurally
synthesized presentation over headphones of a stereo loudspeaker setup. The aims is to
evaluate the overall sound quality comparing to the loudspeaker presentation when
headphone repositioning is imposed. The task for the subject is to remove the headphone,
then listen to the loudspeakers, and finally put headphones on again to listen to the binaural
reproduction. This causes the effect of repositioning during the test. The working
hypothesis is that the proposed method performs statistically as good or better than the
best case of the conventional regularized inverse and the smoothing method. This validates

suitability of the proposed method.

[00110] The test signals used are a high-pass pink noise with cutoff frequency at 2 kHz,
broadband pink noise, and two different music samples. The test signals have wide band
frequency content. Therefore, high frequency artifacts and coloration can be detected. The
noise signals consist of two uncorrelated pink noise tracks, one for each loudspeaker. The

music signals are short stereo tracks of rock and funk music that can be reproduced
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secamlessly in a loop. To obtain the test samples, the test signals are convolved with the
binaural filters obtained using the regularized inverse method, smoothing method, and the
proposed sigma inverse method. The scale factor for the conventional regularized inverse,
B=-18 dB, is selected with informal tests in which three listeners graded the sound quality
obtained with different regularization B values. The binaural filters without headphone
equalization are used as the low anchor. These uncompensated filters are expected to
distort the timbre and spatial characteristics of sound since the responses of the

microphones inside the auditory canals and the headphone response are not equalized.

[00111] Ten subjects participated in the test. They have experience in similar tests
requiring discrimination of timbral and spatial distortions. The subjects are asked to grade
the fidelity of the headphone presentation of the audio samples using the scale from 0 to
100. The reproduction over the loudspeakers is used as reference. The subjects are
instructed to give the maximum score only if they do not perceive any difference, and
therefore cannot differentiate if the sound is coming from the loudspeakers or the
headphone. The minimum score was to be given if the headphone reproduction does not
reproduce any features of the loudspeaker presentation. These features to be evaluated are
described to the subjects as timbre, spatial characteristics, and presence of artifacts.
Nevertheless, the subjects have freedom to weight cach feature differently, ¢.g. small
differences in spatial reproduction could be graded more significant that differences in
timbre. The test samples are reproduced in a continuous loop and the subject can freely
select whether they listen to the loudspeaker or headphone reproduction. A graphic
interface allows the subject to select between the four binaural filters and the loudspeaker
reproduction. The binaural filters are ordered randomly for each test signal and comparison

between filters is allowed.

RESULTS
Evaluation of performance

[00112] The suitability of the proposed regularization is assessed by comparison to the
Wiener deconvolution, conventional regularized inverse and complex smoothing method.
The criteria for the comparison is the accuracy in the inversion of the response except for
notches that may produce artifacts due to repositioning. The Wiener deconvolution and

conventional regularized inverse methods are selected for the comparison because they
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feature similar equation to the proposed method differing only in the regularization
parameter used (see above “THE REGULARIZED INVERSE APPLIED TO
HEADPHONE EQUALIZATION). The Wiener deconvolution is also representing a direct
inverse with optimal bandwidth limitation. The smoothing method is selected for
comparison because smoothing of magnitude is used also in the proposed method to

estimate the regularization parameter 6%(©) (see Eq. 8).

[00113] The headphone response, presented in Fig. 14 as a solid line, is utilized for
obtaining the inverse filters using the aforementioned methods. The result of convolving
the original response with the different inverse filters is shown in Fig. 15. The curves
present data between 2 and 20 kHz where differences occur. The Wiener deconvolution
(dotted line) produces a flat response inverting accurately the notches. The smoothing
method (dashed line) produces resonances of 5 dB between notch frequencies, where the
inversion is expected to be accurate. The conventional regularized inverse method (dash-
dotted line) produces flatter response than the smoothing method while maintaining similar
attenuation at notch frequencies. The proposed method (solid line) produces a compensated
response with the largest attenuation at notch frequencies but still providing a flat response
between notches. The strong attenuation at the notch frequencies suggests that small shifts
in the notch frequency may not result in resonances when this inverse filter is applied to a
headphone response measured after repositioning the headphone. An example of this effect
can be seen in Fig. 16, presenting results of convolving the previously obtained inverted
filter with three responses measured after repositioning. These responses with repositioning
of the headphone are shown in Fig. 14 as dotted, dash-dotted and dashed lines. For all
methods, above 16 kHz, the equalization of the response obtained with the third
measurement differs up to 10 dB with respect to the original headphone response.
However, this is not expected to influence the judgement greatly if broadband sound is
reproduced. Therefore, the evaluation is performed for frequencies below 16 kHz.
Although the headphone responses in Fig. 14 do not differ greatly, the equalized
headphone responses in Fig. 16 using Wiener deconvolution (top box) contain resonances
that can be perceived as ringing artifacts. These resonances are not experienced with the
other methods, but some differences exist at these frequencies between the conventional
regularized inverse (second box from the top), smoothing method (third box from the top),
and proposed method (bottom box). The proposed method produces a stable, large

attenuation at notch frequencies (9.5 kHz and 15 kHz) for all responses. This is not the
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case for the other methods. Their attenuation varies with repositioning. Furthermore, the
proposed method still maintains a flat overall response similar to the conventional
regularized inverse. These results suggest that the proposed method may add certain
robustness against repositioning effects while maintaining a minimal sound degradation.

However, this should be assessed by means of listening tests.

Subjective evaluation

[00114] The sample means (p) and standard deviations (SD) estimated across the 10
subjects participating in the test are given in Fig. 17. To assess statistical significance of the
differences between the means of the scores given to cach method, a One-Way ANOVA
test is carried out. The homogeneity of variances is tested using the Levene's test
(F(3,156)=14.05, p<0.001), resulting in a violation of the homogenity assumption.
Therefore, a Welch's test with alpha = 0.05 is used instead of conventional One-way
ANOVA. The Welch's test reports statistically significant difference in at least one of the
means scores given to the different methods (F(3,79.48)=145.48, p<0.001). A measure of
the strength of association between the given scores and the inversion methods (©*=0.73)
indicates that 73 % of the variance in the scores can be attributed to the inversion method.
Since the homogeneity of variances is violated, the Games-Howell's post hoc test is used to
determine which methods statistically differ in their mean score. The results of the test are
given in Fig. 18. All of the methods show statistically significant differences between the
score means except for the pair formed by the conventional regularized inverse (u=79.8,
SD=14.33) and the smoothing method (u=69.92, SD=25.7) for which the null hypothesis
cannot be rejected (p=0.139).

[00115] The means and their 95 % confidence intervals are plotted in Fig. 19. The score
mean and confidence interval of the conventional regularized inverse is better than that of
the smoothing method, demonstrating a perceptually superior performance although the
difference in the mean values is not statistically significant. This agrees with the results in
Z. Schérer and A. Lindau, “Evaluation of equalization methods for binaural signals,” in
Audio Engineering Society Convention 126, May 2009 where B was selected by expert
listeners. Based on this, the value of f used in the current test may be considered to agree
with that obtained by experts and, therefore, be acceptable for assessing the performance of
the proposed method. The proposed method presents the largest quality score mean,

indicating the proposed method to cause smaller sound degradation than the other methods.
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Moreover, the confidence interval of the mean for the proposed method is narrow
suggesting that the subjects agree about the scoring given to this method. These results
confirm the hypothesis that the proposed method performs statistically better than the other

methods used in this test.

DISCUSSION AND CONCLUDING REMARKS

[00116] An optimal regularization factor produces subjectively acceptable and precise
inversion of the headphone response while still minimizing the subjective degradation of
the sound quality due to the inversion of notches of the original measured headphone

reésSponsc.

[00117] Adjusting the regularization factor individually for the best subjective
acceptance is tedious and time consuming since some frequency dependence may be
expected. Approaches to define the regularization factor for inverting the headphone
response are based on scaling a predefined regularization filter. The regularization filter is
first designed to limit the bandwidth of inversion, then a fixed scale factor is adjusted to an
acceptable value. Since the regularization factor depends of the response to be inverted, a
fixed scale factor may cause certain notches to be over-regularized while others are not

regularized sufficiently, and this degrades the sound quality.

[00118] The proposed method generates a frequency-dependent regularization factor
automatically by estimating it using the headphone response itself. A comparison between
the measured headphone response and its smoothed version provides the estimation of
regularization needed at each frequency. This regularization is large at notch frequencies
and close to zero when the original and smoothed responses are similar. The bandwidth of
inversion can be defined from the measured response using an estimation of the SNR or a
priori knowledge of the reproduction bandwidth. Therefore, the regularization factor can be

obtained individually and automatically.

[00119] The smoothing window used for estimating the amount of regularization should
cause minimal degradation to the sound quality. Narrow smoothing windows produce more
accurate inversion of the headphone response because the smoothed response is more
similar to the original data. However, this can cause a harsh sound quality due to excessive
amplification introduced by inversion at frequencies around notches in the original

measurement. A half-octave smoothing of the headphone response is found to estimate
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adequately the amount of regularization needed, but other smoothed responses obtained
with different methods, like the one presented in B. Masiero and J. Fels, “Perceptually
robust headphone equalization for binaural reproduction,” in Audio Enginecring Socicty
Convention 130, May 2011, may also be suitable. Furthermore, different smoothing

windows may be more optimal for certain purposes other than that analyzed in this work.

[00120] Evaluation of the proposed method indicates that it provides an inversion filter
that can maintain the accuracy of the conventional regularized inverse method for inverting
the measured response while limiting the inversion of notches in a conservative,
subjectively acceptable manner. The regularization is stronger and spans a wider frequency
range around the notches of the original response than the fixed regularization used in the
conventional regularized inverse. This results in efficient regularization despite small shifts
in the notch frequencies typical to repositioning the headphone, and causing smaller
subjective effects, thus suggesting a better robustness against headphone repositioning.
Based on the subjective test, the larger regularization caused by the proposed method does

not seem to degrade the perceived sound quality.

[00121] The adjustment of the regularization factor for the conventional regularized
inverse method is based on a subjective test carried out by only three subjects. Applying
this single regularization for all the ten subjects may not have been optimal for some of
them. However, the regularized inverse method obtained a good score (u=79.8, SD=14.33)
and is generally graded better than the complex smoothing method (u=69.92, SD=25.7),
which agrees with previous studies. This suggests that the regularization factor selected for
the conventional regularized inverse method can be used as a reference for validating the

efficacy of the proposed method in the subjective experiment.

[00122] The number of subjects is sufficient to observe the performance of the proposed
method with respect to the conventional regularized inverse method. Strength of
association measure (0*=0.73) indicates that the subjective scores are mainly influenced by
the inversion method and the post-hoc test shows that there are significant differences
between the proposed method and the conventional regularized inverse method (p=0.002).
Therefore, the score obtained by the proposed method is not by chance. The mean score
obtained by the proposed method (u=89.62, SD= 8.04) confirms the research hypothesis in
the experiment. The hypothesis is that the proposed regularization of headphone response
inversion is perceptually superior to using a fixed value regularization parameter and the

result is subjectively robust against headphone repositioning.
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[00123] The smaller standard deviation as well as the narrower confidence intervals of
evaluation scores suggest that the subjects agree about the perceived sound quality
produced by the proposed method. The effect of repositioning of the headphone during the
test seems to affect less the score given to the proposed method than the scores of the

reference methods.

[00124] The proposed method represents an improvement over the conventional
regularized inverse. An important benefit of the proposed method is that the regularization
is frequency specific, it causes the smallest sound quality degradation, and it is set

automatically entirely based on the measured headphone response data.

[00125] The proposed method avoids the time needed for adjustment of the
regularization factor for cach subject individually, allowing faster and more accurate
equalization of the headphone. The fidelity presented by the method in the subjective test
suggests that the method can be used as a reference method for further research on binaural
synthesis over headphones, or, as demonstrated by the listening test design, to simulate
loudspeaker setups over headphones while maintaining the timbral characteristics of the

original loudspeaker-room system.

Headphone sterco enhancement using equalized binaural responses to preserve headphone

sound quality

[00126] A criterion is described and evaluated for equalizing the output of binaural
sterco rendering networks in order to preserve the sound quality of the headphone. The aim
is to equalize the binaural filter so that the sum of the direct and crosstalk paths from
loudspeakers to each ear has flat magnitude response. This equalization criterion is
evaluated using a listening test where several binaural filter designs were used. The results
show that preserving the differences between the direct and crosstalk paths of a binaural
filter is necessary for maintaining the spatial quality of binaural rendering and that post
cqualization of the binaural filter can preserve the original sound quality of the headphone.
Furthermore, post equalization of measured binaural responses was found to better fulfill
the expectations of the test participants for virtual presentation of stereo reproduction from

loudspeakers.

[00127] Introduction
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[00128] A headphone is commonly used for stereo listening with portable devices due to
portability and isolation from surroundings. The sound quality of a headphone is mainly
influenced by its frequency response and several studies have proposed different target
functions for designing a high sound quality headphone. This yield headphone designs that
can provide excellent sound quality in stereo sound reproduction. However, reproduction
of stereo signals over headphones is known to produce the auditory image between ears
(lateralization) and to produce fatigue. This is caused by the difference of the binaural cues
produced by headphones compared to those produced by sterco reproduction over
loudspeakers. Stereo enhancement methods for headphone reproduction can artificially
introduce binaural cues similar to those produced by loudspeakers by means of filtering.
Binaural rendering of a sterco loudspeaker setup is illustrated in Fig. 20. The binaural
responses from the loudspeakers to the ears are represented by the filters Hj(o) (uppercase
subscripts "L" and "R" denote left and right loudspeakers and lowercase "I" and "r" denote
left and right ears respectively). After convolving a stereo audio signal with these filters, an
auditory image similar to that produced by a loudspeaker pair is reproduced while listening

over the headphone.

[00129] Since the interaural time and level differences (ITD and ILD respectively) are
the main cues for localization in the horizontal plane, filters that mimic the ITD and ILD of
a stereo loudspeaker system can be used to reduce the lateralization effect. Furthermore,
the spatial characteristics of stereo reproduction over headphones are improved by using
head-related transfer functions, HRTFs, or binaural room responses, BRIRs, that

approximate more accurately the real ITD, ILD, and monaural responses of the listener.

[00130] While binaural rendering has been extensively used in auditory localization
research, however, sound quality assessment tests have shown that listeners prefer
reproduction of stereo signals over headphones without enhancement methods. This can be
due to spectral colorations that non-individualized binaural filters cause in the sound. To
produce more "natural" sound using binaural filters, equalization of the HRTFs has been
proposed. Using an expert listener to design post equalization of the binaural filters in
order to match the binaural sound quality to the loudspeaker sound quality has been also
studied. However, there is little research on preserving the original headphone sound

quality when using binaural rendering.

[00131] Preserving the original sound quality of the headphone while enhancing the

spatial characteristics of the auditory image motivates this work. In the present work,
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binaural filters are designed such that the phase information of the binaural room responses
is preserved while the magnitude information is equalized in different manners. The aim of
the design of these binaural filters is to enhance the spatial sterco image while minimizing
degradation of the quality of the headphone sound. As in Kirkeby, O., “A Balanced Sterco
Widening Network for Headphones,” in Audio Engineering Society Conference: 22nd
International Conference: Virtual, Synthetic, and Entertainment Audio, 2002 maintaining a
flat magnitude response of the binaural stereo network output in order to obtain equal
signal magnitude in both channels is the adopted as the criterion for preserving the
headphone sound quality. The filters are evaluated by listening tests where the spatial
quality, timbre/sound balance quality, and overall stereo presentation quality are tested

separately.

[00132] Firstly, the criterion for preserving the headphone sound quality in binaural
stereo rendering is presented. Secondly, the measurement, filtering methods and the design
of the listening test for evaluation are described. Subsequently, the results of the listening

test are presented and discussed. Next, concluding remarks are presented .

Criterion for preserving headphone sound quality in stereo binaural rendering

[00133] In stereo mixing, phantom monophonic sources are placed in the center of the
auditory image by equally distributing the signal between both channels. When applying
binaural rendering to emulate loudspeaker stereo reproduction over headphones, each
stereo channel is always processed by a pair of filters that represent the direct path from the
loudspeaker to the ear in the same side of the head, Hq4, and the crosstalk path from the
loudspeaker at the opposite side of the head, Hy. The filter Hd is equivalent to Hy; and Hg;,
whereas Hy is equivalent to Hp, and Hg, in Fig. 20. Binaural stereo reproduction over
headphones of a phantom source placed in the center is illustrated in Fig. 21, where s is the

audio signal, s' is the signal resulting after the binaural filtering process, Hyp_is the transfer

function of the headphone, and S49is the acoustic signal transmitted to the ear.
Reproduction of the same signal, s, over headphones without binaural processing is
illustrated in Fig. 22, where spp_is the resulting acoustic signal transmitted to the ear. We
assume that there is symmetry between the paths from each loudspeaker to the ears,

therefore the network presented in Fig. 21 is similar for both ears,

[00134] Binaural sterco reproduction of a phantom source panned completely to the left
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is illustrated in Fig. 23. In this case, the audio signal is contained in the left channel of the
stereo signal, s;, whereas the right channel does not contain any signal. Since symmetry is

assumed, the inverse arrangement pans the source entirely to the right.

[00135] In contrast to the network in Fig. 21, summation of signals is done inside the
brain. This is known as binaural summation. The term "binaural summation” should be
understood as the perceptual increment of perceived loudness between monotic
reproduction of a signal (signal presented only into one ear) and diotic reproduction of the
signal (signal presented into both ears). The increment in loudness has been found to
depend on the reproduction level. However, we assume here that diotic presentation
produces a gain of 6 dB in respect to monotic presentation since diotic presentation
approximates the perceived gain at moderate levels. This is equivalent to the sum of two
equal correlated signals. Since the filter Hy is assumed to be the same for both ears, the
network in Fig. 23 becomes equivalent to Fig. 21. This justifies the use of the systems in

Fig. 21 to obtain an equalization that preserves the original sound quality of the headphone.

[00136] To preserve the headphone sound quality, the output of the binaural network, s',
should approximate the input of the headphone when it is driven directly by the stereo
signal for a centered phantom source (See Fig. 21). However, a filter Hyq_that causes s'=s
will remove all the binaural processing done for the spatialization. If the sound quality is
defined in terms of magnitude response, then, the filter Hgo can be defined such that
produces a signal s" whose magnitude response approximates the magnitude response of s.
This means that Hgq should flatten the magnitude of the binaural network output. This
filter can be designed as a linear filter with the magnitude response calculated as
i 1

S Hg v D s

(14)

Since Hyq_and Hyx_may contain the effect of the room, a smoothed version of [Hy +Hy,
|Hsm|, may be desirable for the inversion. We used one octave wide smoothing window in
this work. The binaural stereo reproduction network for preserving the headphone sound

quality is illustrated in Fig. 24.

METHODS

[00137] To evaluate the binaural stereo network for preserving the headphone sound
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quality, three binaural filters are designed and a listening test is carried out. Binaural room
responses were used to add reflections that improve the externalization created by the

filters.

Measurements and Filter design

[00138] The binaural time responses of a dummy-head (Cortex Mk II), hj(t), were
measured for a sterco loudspeaker setup (Genelec 8260A) inside a listening room with 340
ms reverberation time. Using the measured responses, a set of binaural filters, Hy;,, were

designed by windowing the first 42 ms (2048 samples, 48 kHz sampling rate) of the

responses,
il I el N ;
Fig == F {hglrtwley} i LRV, e {Lr), (15)
where ©° 1 ! denotes Fourier transform, and w(t) is a 42 ms long time window. After

performing informal listening tests this filter length was adopted as the best trade-off
between the externalization capability and the timbral effects caused by the room

reverberation.

[00139] The process described above was then applied to obtain a set of equalized
binaural filters, Hyinpg. First, the average filter Hgy was obtained using the binaural
networks of both ears as

L i He i Hy
Hsng| = —

+ Hye + By

¥
S

(16)

where  denotes one octave smoothing process after the sum of the direct and crosstalk
filters. The magnitude of the filter Hpy was obtained as the inverse of |Hgy| between
frequencies 50 Hz and 20 kHz. Then, the binaural filters Hpiy were convolved with Hgo to
obtain the equalized binaural filters Hyinro,

Huintoy = HonHrg a7)

Further modification to the binaural filters to remove monaural cues was also performed.

An all-pass version of Hyin_was gencrated by retaining only the phase information of the

binaural filters. This preserves the temporal information in the filters but removes the ILD



WO 2017/182707 PCT/F12017/050287

10

15

20

37

and monaural cues. Then, level differences between direct and crosstalk paths, Hrp, were
estimated by averaging the resulting magnitudes obtained from the magnitude ratio
between smoothed responses of the direct and crosstalk paths, Hrp, were estimated by
averaging the resulting magnitudes obtained from the magnitude ratio between smoothed

responses of the direct and crosstalk paths,

% H ; El H Br &

3

< " (18)
where * denotes one octave smoothing of the filter magnitude response. After this,

Hﬁi.ﬂ:‘s

}:g N ‘i} e

e

magnitude of the direct and crosstalk filters, and Hﬁ respectively, were designed as

THip+t (19)

The frequency-dependent gains introduced by Hdﬁs‘s (solid line) and H“f (dashed line) are

presented in Fig. 25. The binaural all-pass filters were convolved with their corresponding

Hin‘ and H’*I filters to generate the binaural filter Hpp,

{ &3
\
TFREY S . N
sy § Ay L
N i &

(20)
where arg {+} denotes the argument (phase) of the filter.

After this, an equalization filter was designed using Eq. 16 and Eq. 14, and the resulting

filter was convolved with H,;_to obtain an equalized binaural filter Hphro.

[00140] In addition, the sterco loudspeaker sctup was also measured in the listening
room using an omnidirectional microphone (GR.A.S. Type 40DP) placed at 9 cm at the
left and at the right of the listening position. The difference in time of arrival of the direct
sound from one loudspeaker to cach microphone position approximates the ITD obtained
with the dummy-head. These responses were windowed to 42 ms and processed in a
similar manner to Hppro, but the ILD was introduced by the direct and crosstalk filters
proposed in Kirkeby, O., “A Balanced Sterco Widening Network for Headphones,” in

Audio Engineering Society Conference: 22nd International Conference: Virtual, Synthetic,
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H

diand

Hy

and Entertainment Audio, 2002. These filters are denoted as tand their
frequency responses are presented in Fig. 26. The resulting equalized binaural filters are

denoted as Hoomro.

[00141] The responses of the filters Hyinrg, Hpneg, and Hroompq_after summation of the
direct and crosstalk filters (s" in Fig. 24) are shown in Fig. 27 for the left headphone
channel. The deviations from a flat response are due to averaging between the ears in order

to approximate symmetric filters and the smoothing window selected in the process.

Listening test design

[00142] A listening test consisting of three separate sections was designed to evaluate
the spatial stereo quality, timbre/sound quality, and overall sound quality, respectively. The
listening test was carried out using headphones exclusively (Stax SR-307) inside the room
measured in the previous section. The cases to be evaluated were the direct reproduction of
stereo signals over the headphones, and the binaural stereo reproduction using the binaural
filters obtained after the processing described in section filterdesign, i.c. Hyin, Hyinro,
Hpneo, and Hioomrq. A lowpass filtered (3.5 kHz cut frequency) monophonic signal was

introduced as the low anchor in the tests.

[00143] Four stereo music tracks were selected for the tests. Two stereo tracks were
mixed by the first author with different instrument loops panned to various directions. The
other two stereo tracks were short pieces of commercial music mixes (country and rock).
These stereo tracks were convolved with each binaural filter and the resulting signals were
reproduced in a seamless continuous loop using an graphical user interface controlled by
the test participants. The graphical user interface allowed the participant to select the test
cases and the reference as many times desired, and then to grade each test case using
sliders using a numerical scale from 0 to 100. Quality descriptors (Bad, Poor, Fair, Good,
and Excellent) were visible at the right side of the sliders.The participants were instructed
to score the worst case as 0 and the best case as 100. The remaining cases should then be

graded based on the percieved differences. This was valid for all tests.

[00144] The first test, denoted as Test 1, cvaluates the spatial sterco quality of the
different cases against the spatial stereo quality produced by a reference. The reference was
Hypin, thus it was used as a hidden reference in Test 1. To participate in the test, the

participant should perceive externalization when listening to the reference. Otherwise, the
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participant's data was not included in the analysis. In Test 1, the participant was instructed
to avoid any effect that variation in timbre may cause on the perception of spatial features
by focusing on localization, width, and distribution of the phantom sources in the auditory

image.

[00145] In Test 2, the sound quality produced by each case was compared to a reference.
The reference was direct reproduction of the stereo signals over the headphones. Thus, the
test included a hidden reference. The participants were instructed to disregard the effects of
spatialization while grading and focus on the loudness/timbre differences of the different

phantom sources, sound balance, and sound artifacts.

[00146] Test 3 evaluates the different cases based on the overall sound quality when
reproducing sterco sound. There was no reference in this test, but the participants were
instructed to assume a virtual reference. This virtual reference was the participant's
personal expectation about how stereo reproduction of music should sound if it was played
over loudspeakers. For this test the participant should account for the spatial and timbre

quality based in his personal expectations.

[00147] A total of 14 subjects, aged between 23 and 45 years old, participated in the
test. One of the participants did not perceived externalization with the reference in Test\, 1.
Therefore, his data was excluded from the analysis in all tests and the results were

analyzed for the remaining 13 participants.

RESULTS

[00148] The data was tested for normality using a X goodnes-of-fit procedure. The

normality assumption was violated by the scores obtained by

§ & \ Y ENE o . - .- )
Hopmpo 177104532 = 1322, p = 001} in Test 12

and by

[00149] The data for the three listening tests was found to also violate the assumption of

homogeneity of variance (p=0.00206, p=2.87 x 10~, and p=1.327 x 10" for Test 1, 2, and
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3 respectively). Therefore, a Friedman's non-parametric statistical analysis and two-tailed
Wilcoxon signed-rank post-hoc test with Bonferroni correction were performed for the data

obtained from each listening test.

Test 1: spatial quality

[00150] Non-parametric analysis of the data for Test 1

showed that the scores obtained by the different
filters do not share the same distribution. Post-hoc tests confirmed that all cases differ (see
Fig. 28). The median and quartiles of the pooled data are illustrated in Fig. 29. The direct
reproduction of the stereco signals over headphones is denoted as Direct and the reference
was Hypin. The reference and the low anchor are not shown in the figure since they are
always 100 and 0 respectively. The notches in the boxes represent the 95 % confident
interval for the median and outliers are marked as crosses. The medians of each filter are
ordered following a trend that coincides with degradation of the binaural information
contained in Hyin. The filter Hyinrg, which contains the same interaural differences than
Hyin, was found to reproduce the spatial characteristics of the reference better than Hypgo,
only containing the same phase than Hyn, and Hroomrq, and with binaural information
introduced artificially. The direct reproduction of the sterco signals over the headphones

was found to reproduce poorly the spatial characteristics of the reference.

Test 2: Timbre/Sound Balance quality

[00151] Non-parametric analysis found
significant differences in the distributions of the scores obtained by the different cases. The
results of the post-hoc test are presented in Fig. 30. The post-hoc test confirmed that the
distribution of the data differs significantly between cases except for Hyinpg and
Hpnpg (Z=0.915, p=0.845). This is also seen in Fig. 31, where Huyinro and Hpppo show
similar distributions and similar confidence intervals for the median. In this test, the direct
reproduction of the stereo signals over the headphones was used as reference. The scores
for the different cases are ordered by the amount of magnitude distortion introduced by the

filters. The direct and crosstalk filters used in Hromeq are smooth and designed to produce

a flat response, thus introducing less magnitude distortion. Hyinpg contains the interaural
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differences of Hyin, however it is equally graded than Hpro, in which the interaural level
difference is introduced artificially. Moreover, Hpiy is clearly outperformed by the other
filters in this test, however Hyinrg and Hpnpq are relatively close to the scores of Hioomrq.
Comparing to the responses in Fig. 27, these results suggest that a smooth filter response
may improve the timbre quality when compared to the direct reproduction over
headphones. However, removing the monaural and ILD cues to produce a smoother filter,
as in Hypeo, did not improve the timbre quality in respect to Hpinpg, which contains the

same binaural information than Hy;j,.

Test 3: Overall quality

[00152] Significant differences were found between the distributions of the data in Test

""" % The post-hoc test results confirm that the
scores of each case differ except for the pairs formed by the direct reproduction over
headphones and Hyin_(Z=0.77, p=0.43) and the pair formed by Huinrq_and Hpnpg (Z=0.87,
p=0.38). The results for the post-hoc test is presented in Fig. 32.

[00153] Although the post hoc test found no difference between Hyinrq and Hpheq, the
boxplot in Fig. 33 shows a slightly higher scoring for Hyi,po. Binaural filters with post
equalization (denoted with subscript EQ) outperform the scores obtained by the direct
reproduction over headphones and Hy,. The similar distribution for the direct stereo
reproduction and Hy;, suggests that the participants penalized similarly the lack of spatial
impression and the timbre distortion. These results differed from those obtained in Lorho,
G., Isherwood, D., Zacharov, N., and Huopaniemi, J., “Round Robin Subjective Evaluation
of Stereo Enhancement System for Headphones,” in Audio Engineering Society
Conference: 22nd International Conference: Virtual, Synthetic, and Entertainment Audio,
2002, which may be related to the selection of a virtual reference (loudspeaker setup)

instead of an abstract definition of sound quality.

CONCLUDING REMARKS

[00154] This study focuses on the use of binaural filters to reproduce the spatial
impression of a loudspeaker stereo pair while preserving the original headphone sound

quality. A criterion for preserving the original sound quality of the headphones in binaural
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rendering of loudspeaker stereo reproduction is defined and evaluated. A post equalization
filter is designed such that it flattens the output of the summation of the direct and crosstalk
paths from the loudspeakers to cach car. This differs from other equalization methods
where the ipsilateral and contralateral HRTFs are modified for the desired directions. The
proposed equalization method shares the concepts presented in Kirkeby, O., “A Balanced

2

Stereo Widening Network for Headphones,” in Audio Engineering Society Conference:
22nd International Conference: Virtual, Synthetic, and Entertainment Audio, 2002 but is
generalized here to using binaural room responses. Measured binaural room responses (42
ms) were used to design a binaural filter, allowing few early reflections while avoiding
excessive timbral effects due to the reverberation. Modified binaural filters are designed
such that the some original binaural attributes are smoothed or substituted by artificial
binaural information. The aforementioned criterion is used to design post equalization
filters that are applied to flatten the sum of the direct and crosstalk filters of the different
binaural filters. A listening test is carried out to evaluate the performance of the binaural
filters in terms of spatial quality, timbre/sound balance quality, and overall quality. The
results show that preserving the differences between the direct and crosstalk paths of the
original binaural filter is necessary in order to maintain the spatial quality of binaural
rendering and that post equalization of such binaural filter still preserves the sound quality
of the headphones. When listeners are asked about their personal expectations on how
stereo music reproduction should sound like, the designed filters are preferred against
typical binaural rendering and typical stereo reproduction over headphones. This confirms
the suitability of the presented criterion for preserving the sound quality of the headphone

while enhancing the spatial stereo characteristics of the sound.

[00155] It s to be understood that the embodiments of the invention disclosed are not
limited to the particular structures, process steps, or materials disclosed herein, but are
extended to equivalents thereof as would be recognized by those ordinarily skilled in the
relevant arts. It should also be understood that terminology employed herein is used for

the purpose of describing particular embodiments only and is not intended to be limiting.

[00156] Reference throughout this specification to one embodiment or an embodiment
means that a particular feature, structure, or characteristic described in connection with the
embodiment is included in at least one embodiment of the present invention. Thus,

appearances of the phrases “in one embodiment” or “in an embodiment” in various places
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throughout this specification are not necessarily all referring to the same embodiment.
Where reference is made to a numerical value using a term such as, for example, about or

substantially, the exact numerical value is also disclosed.

[00157] As used herein, a plurality of items, structural elements, compositional
elements, and/or materials may be presented in a common list for convenience. However,
these lists should be construed as though each member of the list is individually identified
as a separate and unique member. Thus, no individual member of such list should be
construed as a de facto equivalent of any other member of the same list solely based on
their presentation in a common group without indications to the contrary. In addition,
various embodiments and example of the present invention may be referred to herein along
with alternatives for the various components thereof. It is understood that such
embodiments, examples, and alternatives are not to be construed as de facto equivalents of
one another, but are to be considered as separate and autonomous representations of the

present invention.

[00158] Furthermore, the described features, structures, or characteristics may be
combined in any suitable manner in one or more embodiments. In the following
description, numerous specific details are provided, such as examples of lengths, widths,
shapes, etc., to provide a thorough understanding of embodiments of the invention. One
skilled in the relevant art will recognize, however, that the invention can be practiced
without one or more of the specific details, or with other methods, components, materials,
etc. In other instances, well-known structures, materials, or operations are not shown or

described in detail to avoid obscuring aspects of the invention.

[00159] While the forgoing examples are illustrative of the principles of the present
invention in one or more particular applications, it will be apparent to those of ordinary
skill in the art that numerous modifications in form, usage and details of implementation
can be made without the exercise of inventive faculty, and without departing from the
principles and concepts of the invention. Accordingly, it is not intended that the invention

be limited, except as by the claims set forth below.

[00160] The verbs “to comprise” and “to include” are used in this document as open
limitations that neither exclude nor require the existence of also un-recited features. The
features recited in depending claims are mutually freely combinable unless otherwise
explicitly stated. Furthermore, it is to be understood that the use of "a" or "an", that is, a

singular form, throughout this document does not exclude a plurality.
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[00161] INDUSTRIAL APPLICABILITY

[00162] At least some embodiments of the present invention find industrial application

in sound reproducing device sand system.

[00163] Some aspects of the present invention are described in the following

paragraphs:

Paragraph 1. A method for regularizing the inversion of a stereo headphone transfer
function for headphone ecqualization, characterized by using the cquation for the

equalization:

B

B T
fep ) & s {a

in which equation

“~

Holiey o o : :
. &A%Y g sigma inversion
e H*(w) is complex conjugate of a response
Eé ooy

. , . Hotiw
e D(w) is a delay filter introduced to produce a causal inverse *&y V¥

e H*(®) aresponse
¢ () is headphone reproduction bandwidth,

¢ o(w) an estimation of the regularization.needed inside that bandwidth,

Paragraph 2. A method in accordance with paragraph 1, wherein the term B|B(o)|* is a

Ble

frequency-dependent parameter, , such that the response is inverted accurately, but

no inversion effort is desired for narrow notches and at frequencies outside the headphone

{o )

¢ 1§ determined combining an estimation of

bandwidth of reproduction, the parameter * *

the headphone reproduction bandwidth, a(w), and an estimation of the regularization

neceded inside that bandwidth, o(w). defining the parameter Bie; then defined as

(5), where the parameter a(®) determines
the bandwidth of inversion, which is defined as the frequency range where a(w) is close or
equal to zero, the new regularization factor, o(®) controls the inversion effort within the
bandwidth defined by a(w), if the headphone bandwidth is known, o(w) is defined using an
unity gain filter, W(w), as
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(6)

whereby he flat passband of W(w) corresponds to the headphone bandwidth of
reproduction, typically 20 Hz to 20 kHz for high quality headphones, and in a similar
mannet, if the noise power spectrum estimate is available, a(w) is defined as
.4 W@t
SNR{wy [Hlwil

™)

and in order to avoid strong variation between adjacent frequency bins in the response,
estimate of the noise envelope N(w), ¢.g. a smoothed spectrum, should be used, the new

regularization factor, o(w), is defined as the negative deviation of the measured response,
H(w), from the response that reduces the magnitude of the notches, H{%} for instance,

10 1@} can be defined using a smoothed version of the headphone response, and based on

this, o(w) is determined as

[ e - L e o e

it = o

l £ L §;F~f (il < H{w}

(8)

<
SN
¥

and hence ¢*(w) > 0 for #¥1 FAE

gl o FH e

, the parameter contains large

regularization values at notch frequencies that are narrower than the smoothing window.

15
Paragraph 3. A method in accordance with any previous paragraph for calibrating a stereo
headphone (1) including an amplifier (2) with a memory and signal processing properties,
the method comprising steps for calibrating each driver or car cup of the headphone (1)
agaimst a set reference gar cup or driver and storing the calibration settings m the meraory

20 ofthe amplifier {2},

Paragraph 4. A method in accordance with any previous paragraph, wherein desired
sound attributes for the headphone (1) are determined by setting signal processing
parameters in the amplifier (2) in order to obtain the desired sound attributes either by

25  measurement or based on the received input information from a user of the headphones (1).
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Paragraph 3. A method in accordance with any previous paragraph, wherein it includes a
step for calibrating at least magnitude response, typically frequency response

(including phase response) (factory calibration).

Paragraph 4. A method in accordance with any preceding paragraph or their combination,
wherein the sound attributes include at least one of the following features: “frequency

2 LC ER 13

response”, “temporal response”, “phase response” or “sensitivity”.

Paragraph 5. A method in accordance with any preceding paragraph or their combination,
wherein the desired sound attributes like frequency response is determined based on
calibration parameters of a loudspeaker system for a specific room.

Paragraph 6. A method in accordance with any previous paragraph, wherein an
externalization function is performed for the signal processing parameters in order to
create a room expression for the user of the headphones.

Paragraph 7. A method in accordance with paragraph 8, wherein an externalization
function is performed with help of abinaural filter such that it is an allpass-filter

Paragraph 8. A method in accordance with paragraph 8, wherein the binaural flter bas &
constant magnitude response {magnitude/amplitude does not change as a function of
frequency) but only the phase response of the binaural filter is implernented.

Paragraph 9. A method in accordance with paragraph 8, wherein the binaurai fiiter 45 a
FIR-filter.

Paragraph 10. A method in accordance with any previous method paragraph,
wherein

a. atest signal is reproduced by loudspeakers through a first sub-band (B)),

a. the testsignal is reproduced by headphones (1) through the first sub-band
(B1),

b. evaluating the sound attributes like sound level of the test signal reproduced
by the headphones (1) through the first sub-band (B;)with the test signal
reproduced by the loudspeakers through the first sub band (B;) and setting
and storing the sound attributes like sound level of the headphones to be

essentially the same as in the loudspeakers at the sub-band B,
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c. repeating the above procedure with the test signal through several sub-bands
B;-Bi.

Paragraph 11. A method in accordance with paragraph 12, wherein the test
signal is pink noise.

Paragraph 12. A method in accordance with paragraph 12 or 13, wherein the
test signal a music-like audio file inluding audio signals with wide spectrum content.
Paragraph 13. A method in accordance with any paragraph 12-14, wherein the

duration of the test signal is 1- 10 seconds.

Paragraph 14. A method in accordance with any paragraph 12-15, wherein the
the test signal is repeated continuously.

Paragraph 15. An active stereco/binaural headphone system  including
headphones (1) with at least one driver for each ear cup and an amplifier (2) connected
to the headphones (1) by a cable (3), the system (1, 2, 3) comprising:

b. ¢ar cups,

c. means for signal processing in the avaphitfier (23,

d.cach of the drivers driver or the ear cup of the headphone (1) 18 factory
catibrated against a set reforence ke ear cup or driver and stored o 2
memory of the amplifier (2},

e. means for storing at least two predefined cqualization settmgs in the
amplifier (2}, and

f. means for noise cancelling in frequencies below 200 Haz,

Paragraph 16. A system in acoordance with paragraph 17 wherein the car
cups are covering cars completely, o.g., circumaural way.

Paragraph 17. A aystem 1o accordance with paragraph 17 or 18, wherem the
reference 18 prodetermined frequency response obtained by measurement or from
refercoce driver or ear cup.

Paragraph 18. An active headphone system in accordance with any previous
paragraph, wherein the headphones (1) and the headphone amplifier (2) are separate
independent units connected to each other by a cable (3).

Paragraph 19. An active headphone system in accordance with any previous
paragraph wherein cach drtver or ear cup of the headphone (118 factory calibrated
against a 5ot reference car cup o driver and stored in g memeory of the amplifier (2},

whereby the factory calibration makes all of the car cups 1o the headphone systom
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acoustically casentially the sarme, c.g. same response, same londness based oo set

reference car cup or driver.

Paragraph 20. An active headphone system in accordance with any previous
paragraph wherein the headphone amplifier and the headphone constitute g unique pair

based after the factory calibration,

Paragraph 21. An active headphone system in accordance with any previous
paragraph, wherein the active headphone system includes means for externalizing the
audio using signal processing parameters in order to create an expression of a room for

the user of the headphones.

Paragraph 22. An active headphone system in accordance with any previous
paragraph, wherein an externalization function is performed with help of a hinaural

filter.

Paragraph 23. An active headphone system in accordance with paragraph any
previgus paragraph wherein binaural filier is an
o allpass-filter or
b 4 filter with phase response and magnibude response.

Paragraph 24. An active headphone system in accordance with any previous
paragraph wherein the transfer function of the loudspeakers is imported to the
headphone system.

Paragraph 25. An active headphone system in accordance with any previous
paragraph wherein the transfer function of the headphone system is exported to the
loudspeaker system.

Paragraph 26. An active headphone system in accordance with any previous
paragraph wherein the volume control is the same for the loudspeakers and the phones.

Paragraph 27. A computer program configured to cause a method in

accordance with at least one of the previous method paragraphs to be performed.

ACRONYMS LIST
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IR Infinite Impuolse Reaponse
FiR Finite Impuise Responss
IR Immpulse Response
ARM Adaptive Multi-Rate audio data compression scheme
GLM Genelec Loudspeaker Management
SPL Sound Pressure Level
ISS sleep control
EAI enhanced Low Frequency iselation
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REFERENCE SIGNS LIST
stereo headphone including drivers for both ears
headphone amplifier
headphone cable
battery
charging subsystem
SMPS power supply and battery management
USB input
local user interface
analog inputs
analog-digital conversion (ADC)

Adaptive Multi-Rate (AMR) and digital signal processing (DSP)
Digital-analog conversion (DAC)
Power amplifier
Power amplifier
Auto calibration module
Ear calibration module
factory equalizer/calibration
volume control
dynamics processor
USB interface functions
software interface

memory management
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60

61
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52

power and battery management
computer running the software
connector cable for user interface
control knob of the headphone amplifier
power cable

portable terminal

headphone improving elements
monitoring improving elements

audio sub-bands

bandwidth of a sub-band, typically one octave

PCT/F12017/050287



WO 2017/182707 PCT/F12017/050287

10

15

20

25

53

CLAIMS:

1. A method for regularizing the inversion of a stereo headphone transfer function,
containing peaks and notches due to resonances and scattering produced inside the
volume bound by the headphone and the listener's ear, for headphone equalization,

characterized by using a sigma inversion equation for the equalization:

L o {w;

Sl b ool

S

el 8 eyl
is \l{@ ,:‘5 -+ {‘73.‘\3_}

in which equation

& 18 S1gma 1nversion

e H*(w) is complex conjugate of a response

=
e D(w) is a delay filter introduced to produce a causal inverse Hge (s}
o H*(®) aresponse

¢ () is headphone reproduction bandwidth,

¢ o(w) an estimation of the regularization.needed inside that bandwidth.

2. A method in accordance with claim 1, wherein the term [3|B(c0)|2 is a frequency-

ap]

dependent parameter, * A #, such that the response is inverted accurately, but no inversion

Tk

effort is desired for narrow notches and at frequencies outside the headphone bandwidth of

RN
Lef e s

reproduction, the parameter * is determined combining an estimation of the

headphone reproduction bandwidth, a(®), and an estimation of the regularization needed

inside that bandwidth, o(®). defining the parameter B then defined as

\**Ii{'f;g} e glen b i) .
FEE : S (5), where the parameter o(w) determines

the bandwidth of inversion, which is defined as the frequency range where o) is close or
equal to zero, the new regularization factor, o(®) controls the inversion effort within the
bandwidth defined by a(w), if the headphone bandwidth is known, o(w) is defined using an
unity gain filter, W(®), as

R g 1
({i{ﬁﬁ S _— i 1,*

(6)

whereby he flat passband of W(w) corresponds to the headphone bandwidth of
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reproduction, typically 20 Hz to 20 kHz for high quality headphones, and in a similar

mannet, if the noise power spectrum estimate is available, a(w) is defined as

@
and in order to avoid strong variation between adjacent frequency bins in the response,

estimate of the noise envelope N(w), ¢.g. a smoothed spectrum, should be used, the new

regularization factor, o(w), is defined as the negative deviation of the measured response,

H(o), from the response that reduces the magnitude of the notches, #1€, for instance,

s
i

{2} can be defined using a smoothed version of the headphone response, and based on
this, o(w) is determined as

e

| o i e« i)

(8)

5

L€}

Wiwl > R{e) () :
Wiw > ey W2 contains large

and hence 6*(®) > 0 for , the parameter

regularization values at notch frequencies that are narrower than the smoothing window.

3. A method in accordance with any previous claim for calibrating a stereo
headphone (1) including an amplifier (2) with a memory and signal processing properties,
the method comprising steps for calibrating each driver or car cup of the headphone (1)
against a sct reference car cup or driver and storing the calibration seitings in the memory

ofthe amphifier (2.

4. A method in accordance with any previous claim, wherein desired sound attributes for
the headphone (1) are determined by setting signal processing parameters in the amplifier
(2) in order to obtain the desired sound attributes either by measurement or based on the

received input information from a user of the headphones (1).

5. A method in accordance with any previous claim, wherein it includes a step
for calibrating at least magnitude response, typically frequency response (including phase

response) (factory calibration).
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A method in accordance with any preceding claim or their combination,

wherein the sound attributes include at least one of the following features: “frequency

EE T

response”, “temporal response”, “phase response” or “sensitivity”.

A method in accordance with any preceding claim or their combination, wherein
the desired sound attributes like frequency response is determined based on
calibration parameters of a loudspeaker system for a specific room.

A method in accordance with any previous claim, wherein an externalization
function is performed for the signal processing parameters in order to create a room
expression for the user of the headphones.

A method in accordance with claim 8, wherein an externalization function is
performed with help of abinaural filter such that it is an allpass-filter

A method in accordance with claim 8, wherein the Binaural filter has a constant
magnitude response {magnitude/amplitude docs not change as a function of

frequencyy but only the phase respounse of the binaural filier 8 moplemented.

. A method in accordance with claim &, wherein the binaural filter is a FiR-filter,

12.

A method in accordance with any previous method claim, wherein

i atest signal is reproduced by loudspeakers through a first sub-band (B)),

a. the testsignal is reproduced by headphones (1) through the first sub-band
(B,

b. evaluating the sound attributes like sound level of the test signal reproduced
by the headphones (1) through the first sub-band (B;)with the test signal
reproduced by the loudspeakers through the first sub band (B)) and setting
and storing the sound attributes like sound level of the headphones to be
essentially the same as in the loudspeakers at the sub-band B,

c. repeating the above procedure with the test signal through several sub-bands
Bi-B..

A method in accordance with claim 12, wherein the test signal is pink noise.

A method in accordance with claim 12 or 13, wherein the test signal a music-like
audio file inluding audio signals with wide spectrum content.

A method in accordance with any claim 12-14, wherein the duration of the test

signal is 1- 10 seconds.
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A method in accordance with any claim 12-15, wherein the the test signal is
repeated continuously.

An active sterco/binaural headphone system including headphones (1) with at least
one driver for each ear cup and an amplifier (2) connected to the headphones (1) by
a cable (3), the system (1, 2, 3) comprising:

J. car cups,

k. means for signal processing in the amplifier {23,

. cach of the drivers dniver or the ear cap of the headpbone (1) i factory
calibrated against a set reference like car cup or drver and stored in g
memary of the amplifier (2),

m. means for storing at least two predefined cqualization settings in the
araplifier (23, and

n. means for neise cancelling in frequencies below 200 Ha.

A system in accordance with claim 17 wherein the car cups are covering cars
corapletely, ¢.g., circumaural way,

A systern in accordance with claim 17 or 18, whercin the reference is
predeterroned  froquency response obtained by measurernent or from reference
driver o car cup.

An active headphone system in accordance with any previous claim, wherein the
headphones (1) and the headphone amplifier (2) are separate independent units
connected to each other by a cable (3).

An active headphone system in accordance with any previous claim wherein cach
driver or ear cup of the headphone (1) 15 factory calibrated against a set reforence
car cup or doiver and stored  a mersory of the amphifier (23, whereby the factory
calibration makes all of the car cups in the headphone system acoustically
essennially the same, e.g. same response, sare louducss based on set reference ear

cup or driver.

An active headphone system in accordance with any previous claim wherein the
headphone armplificr and the headphone constitute a unique patr based afier the

factory calibration.
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An active headphone system in accordance with any previous claim, wherein the
active headphone system includes means for externalizing the audio using signal
processing parameters in order to create an expression of a room for the user of the

headphones.

An active headphone system in accordance with any previous claim, wherein an

externalization function is performed with help of a binaural filter.

An active headphone system in accordance with claim any provious claim wherein
binanral filter is an

o. ailpass-filter or

p. & fiter with phase response and magnifude response.
An active headphone system in accordance with any previous claim wherein the

transfer function of the loudspeakers is imported to the headphone system.

An active headphone system in accordance with any previous claim wherein the
transfer function of the headphone system is exported to the loudspeaker system.
An active headphone system in accordance with any previous claim wherein the
volume control is the same for the loudspeakers and the phones.

A computer program configured to cause a method in accordance with at least one

of the previous method claims to be performed.
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Reproduce a testsignal by loudspeakers through a
first sub-band B,

Reproduce the testsignal by headpohnes through the
first sub-band B,

.';(*

Evaluate the sound attributes like sound volume
of the test signal reproduced by the headphones
through the first sub-band B,with the test signal
reproduced by the loudspeakers through the first
sub-band B,and set and store the sound attributes
like sound volume of the headphones to be
essentially the same as in the loudspeakers at the
sub-band B;.

I

Y

Repeat the above procedure with the test signal
through several sub-bands B,-B,
I3




WO 2017/182707 PCT/F12017/050287

3/15

354 36, 3A 38 39

\vmw“mwmm.wm.w,ww,wmq.wm.ww.“., “m.wmdqﬂm,wmwwmw“w“.mww

L ARM PO S
| pse A s

:m@s{: 4() power

3 X 3 3
J e ERED 3
] 3

3 30

chawging
““"""""""TER\ SO """""" ;," X { > 3
subsystam battary

Ul Autelal 1 BarGa
«Nwmmg“g; OO thmm
N GC&J&&EQ{Z‘*‘ | aguslizer

41 42 43 45 4 chramics

wgnat path

§
§
46 proces,
¥

LISE
interfans

GLM 28 STy
| : 0
huncions

. - l"g‘- X $ : L = >. :‘ Ny
nterface HINAY. power and hattery

managameant




WO 2017/182707 PCT/F12017/050287

4/15

e e
e
o
e

Y

LA

/! ¥ J;
[}

R O

RTIIIIPIIIITD

Nt
v,

-,

PSS
R )

T,

|




PCT/F12017/050287

WO 2017/182707

5/15

Py

ggpg—seirrrnrer—S

OO e 15

Fig. 10



PCT/F12017/050287

WO 2017/182707

6/15

i H i j
[ R ”
7y 2

(s pramfepy

FEY

HEH

Fig. 11

R i
r oAy,

#

“%,
",

H
Lok
mc

e

"y,

e TN ey,

P
ot g O

i

;‘{r

Rebhomoprhi
e

LS

\\\‘

ey

g

s

5

T

N -
B i e T

s

2
7 - i 7255
; e
5 e, o
s ‘\.‘)\b\:ki\\[\\lv\,t\\.
e S ETITTS rat
P




PCT/F12017/050287

WO 2017/182707

7/15

2.

= )
i o
hed A q, e
s
2
2| % | 5 7
s

Fig. 13

N\«\“‘*\\“x\\'w S
R
R
NN
BN

e
B

¥

Fig. 14

Fig. 15



WO 2017/182707 PCT/F12017/050287

8/15




WO 2017/182707 PCT/F12017/050287

9/15

Methed

.
v
[P
o
ot

NF 1RES | 1945

P
L
)

SM el | 287

St Q8T | B

Fig. 17

Mathad Rl NF SM
Si AR | o B |« ARY

&M A3% |« i

NF = L1

8%
HG T T T T

Bxoallent &

Faix

Poar




WO 2017/182707 PCT/F12017/050287

10/15

Fig. 20

i,
5 H S
"o
X




WO 2017/182707

11/15

He - ’»Hj fell ean

- S

E o,
S Bmawral ™
Lsm
V-ﬁ““\-“

mation’

TURE HP

PCT/F12017/050287




WO 2017/182707 PCT/F12017/050287

12/15




WO 2017/182707 PCT/F12017/050287

13/15

i fS‘ifsa}i‘i‘:!.Eﬁ;}

Ex

o
Far

Plsoy

e

$aied

Hein Hynpo Honeo

&R - _

H E(%k‘iﬁ’&,}

Fig. 30



WO 2017/182707 PCT/F12017/050287

14/15

H . ‘
Ht‘&ia} ‘H\I‘K‘\\ ¥ oo

Direct Hising Hpwea | Hrro

Hyis 077443 . — e
Hunpo | 6880 | 7490 - =
Hanrg S &R0 EET .

b

H yonm Bl




PCT/F12017/050287

WO 2017/182707

15/15

RO R 2t

o

von

SHEQ

¥

[l
ey

et

Fig. 33



INTERNATIONAL SEARCH REPORT

International application No.

PCT/FI12017/050287

A. CLASSIFICATION OF SUBJECT MATTER

See extra sheet

According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

IPC: HO4S, HO4R

Minimum documentation searched (classification system followed by classification symbols)

FI, SE, NO, DK

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

Electronic data base consulted during the international search (name of data base, and, where practicable, search terms used)

EPODOC, EPO-Internal full-text databases, WPIAP, XP3GPP, XPAIP, XPESP, XPETSI, XPI3E, XPIEE,
XPIETF, XPIOP, XPIPCOM, XPJPEG, XPMISC, XPOAC, XPRD, XPTK, Google Scholar

the priority date claimed

C. DOCUMENTS CONSIDERED TO BE RELEVANT
Category* Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
A GRIGORYAN, A. M. et al. Optimal Wiener and homomorphic filtration: 1-16, 29
Review. In: SIGNAL PROCESSING. Amsterdam, NL: Elsevier Science
Publishers B.V., 2015-11-30, Vol. 121, 111-138, ISSN 0165-1684,
<DOI:10.1016/j.sigpro.2015.11.006>
section 1, section 2.2, fourth paragraph
A RAMO, J. et al. Signal Processing Framework for Virtual Headphone 1-16, 29
Listening Tests in a Noisy Environment. In: AES 132nd Convention,
Budapest, Hungary: Audio Engineering Society, 2012-02-26, Paper
Number: 8640, Permalink: <http://www.aes.org/e-lib/browse.cfm?
elib=16278>. Retrieved from <https://aaltodoc.aalto.fi/bitstream/
handle/123456789/14206/article1.pdf?sequence=12&isAllowed=y>,
[retrieved on 2017-08-18].
section 3
Further documents are listed in the continuation of Box C. See patent family annex.
* Special categories of cited documents: "T" later document published after the international filing date or priority
"A"  document defining the general state of the art which is not considered date and not in conflict with the application but cited to understand
to be of particular relevance the principle or theory underlying the invention
"E" earlier application or patent but published on or after the international "X" document of particular relevance; the claimed invention cannot be
filing date considered novel or cannot be considered to involve an inventive step
"L"  document which may throw doubts on priotity claim(s) or which when the document is taken alone
is cited to establish the publication date of another citation or other "y document of particular relevance; the claimed invention cannot
special reason (as specified) be considered to involve an inventive step when the document is
"O"  document referring to an oral disclosure, use, exhibition or other means combined with one or more other such documents, such combination
"pP"  document published prior to the international filing date but later than being obvious to a person skilled in the art

"&" document member of the same patent family

Date of the actual completion of the international search

05 October 2017 (05.10.2017)

Date of mailing of the international search report

09 October 2017 (09.10.2017)

Name and mailing address of the ISA/FI
Finnish Patent and Registration Office
P.O. Box 1160, FI-00101 HELSINKI, Finland

Facsimile No. +358 29 509 5328

Authorized officer
Ari Peltola

Telephone No. +358 29 509 5000

Form PCT/ISA/210 (second sheet) (January 2015)



INTERNATIONAL SEARCH REPORT

International application No.

PCT/FI12017/050287

C (Continuation). DOCUMENTS CONSIDERED TO BE RELEVANT

Category*

Citation of document, with indication, where appropriate, of the relevant passages

Relevant to claim No.

A

BOREN, B. et al. Coloration Metrics for Headphone

Equalization. In: The 21th International Conference on

Auditory Display (ICAD-2015), Graz, Austria: 2015-07-08,

pages 29-34. Retrieved from <https://www.researchgate.net/
publication/280014304_Coloration_Metrics_for_Headphone_Equalization>,
[retrieved on 2017-08-25].

sections 3-4

LINDAU, A. et al. Perceptual Evaluation of Headphone Compensation

in Binaural Synthesis Based on Non-Individual Recordings. In:

J. Audio Eng. Soc. Audio Engineering Society, 2012-03-20, Vol.

60, No. 1/2, pages 54-62, Permalink: <http://www.aes.org/e-lib/
browse.cfm?elib=16166>. Retrieved from <https://www.researchgate.net/
publication/263243255_Perceptual_evaluation_of_individual_headphone
_compensation_in_binaural_synthesis_based_on_non-
individual_recordings>, [retrieved on 2017-08-25].

abstract; sections 1, 5

1-16, 29

1-16, 29

Form PCT/ISA/210 (continuation of second sheet) (January 2015)




INTERNATIONAL SEARCH REPORT International application No,

PCT/FI12017/050287

Box No. II Observations where certain claims were found unsearchable (Continuation of item 2 of first sheet)

This international search report has not been established in respect of certain claims under Article 17(2)(a) for the following reasons:

1. D Claims Nos.:
because they relate to subject matter not required to be searched by this Authority, namely:

2. |:| Claims Nos.:
because they relate to parts of the international application that do not comply with the prescribed requirements to such an
extent that no meaningful international search can be carried out, specifically:

3. D Claims Nos.:
because they are dependent claims and are not drafted in accordance with the second and third sentences of Rule 6.4(a).

Box No. III Observations where unity of invention is lacking (Continuation of item 3 of first sheet)

This International Searching Authority found multiple inventions in this international application, as follows:

See extra sheet.

1. D As all required additional search fees were timely paid by the applicant, this international search report covers all
searchable claims.

2. D As all searchable claims could be searched without effort justifying additional fees, this Authority did not invite payment of
additional fees.

3. D As only some of the required additional search fees were timely paid by the applicant, this international search report
covers only those claims for which fees were paid, specifically claims Nos.:

4, No required additional search fees were timely paid by the applicant. Consequently, this international search report is
restricted to the invention first mentioned in the claims; it is covered by claims Nos.:

1-16 and 29

Remark on Protest D The additional search fees were accompanied by the applicant's protest and, where applicable,
the payment of a protest fee.

D The additional search fees were accompanied by the applicant's protest but the applicable
protest fee was not paid within the time limit specified in the invitation.

D No protest accompanied the payment of additional search fees.

Form PCT/ISA/210 (continuation of first sheet (2)) (January 2015)



INTERNATIONAL SEARCH REPORT International application No.
PCT/FI2017/050287

Extra Sheet

The international application lacks unity of invention as it includes the following inventions:

Invention I: Claims 1-16 and 29 are directed to a method for regularizing the inversion of a stereo
headphone transfer function using a specific sigma inversion equation.

Invention II: Claims 17-28 are directed to an active (stereo/binaural) headphone system including
headphones with at least one driver for each ear cup and an amplifier connected to the headphones by a
cable, the system comprising:

j. ear cups,
k. means for signal processing in the amplifier,

I. each of the drivers driver or the ear cup of the headphone is factory calibrated against a set reference
like ear cup or driver and stored in a memory of the amplifier,

m. means for storing at least two predefined equalization settings in the amplifier, and
n. means for noise cancelling in frequencies below 200 Hz.

Since the above-mentioned groups of claims do not share one or more of the same or corresponding
special technical features that define contribution over the prior art, a technical relationship between the
inventions, as required by PCT Rule 13.2, does not exist. Accordingly, the international application does
not relate to one invention or to a single general inventive concept.

It is noted that even though invention |l discloses at least two predefined equalization settings, it is
nowhere defined that these settings would be obtained using a method similar to that of claim 1.

Form PCT/ISA/210 (extra sheet) (January 2015)



INTERNATIONAL SEARCH REPORT

International application No.
Information on Patent Family Members

PCT/FI2017/050287
Patent document Publication Patent family members(s) Publication
cited in search report date date

Form PCT/ISA/210 (patent family annex) (January 2015)




INTERNATIONAL SEARCH REPORT . L
International application No.
PCT/FI2017/050287

CLASSIFICATION OF SUBJECT MATTER

IPC

HO04S 1/00 (2006.01
HO04S 3/00 (2006.01
HO4R 5/033 (2006.01)
HO4R 1/10 (2006.01)

Form PCT/ISA/210 (extra sheet)



	Page 1 - front-page
	Page 2 - description
	Page 3 - description
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - description
	Page 17 - description
	Page 18 - description
	Page 19 - description
	Page 20 - description
	Page 21 - description
	Page 22 - description
	Page 23 - description
	Page 24 - description
	Page 25 - description
	Page 26 - description
	Page 27 - description
	Page 28 - description
	Page 29 - description
	Page 30 - description
	Page 31 - description
	Page 32 - description
	Page 33 - description
	Page 34 - description
	Page 35 - description
	Page 36 - description
	Page 37 - description
	Page 38 - description
	Page 39 - description
	Page 40 - description
	Page 41 - description
	Page 42 - description
	Page 43 - description
	Page 44 - description
	Page 45 - description
	Page 46 - description
	Page 47 - description
	Page 48 - description
	Page 49 - description
	Page 50 - description
	Page 51 - description
	Page 52 - description
	Page 53 - description
	Page 54 - claims
	Page 55 - claims
	Page 56 - claims
	Page 57 - claims
	Page 58 - claims
	Page 59 - drawings
	Page 60 - drawings
	Page 61 - drawings
	Page 62 - drawings
	Page 63 - drawings
	Page 64 - drawings
	Page 65 - drawings
	Page 66 - drawings
	Page 67 - drawings
	Page 68 - drawings
	Page 69 - drawings
	Page 70 - drawings
	Page 71 - drawings
	Page 72 - drawings
	Page 73 - drawings
	Page 74 - wo-search-report
	Page 75 - wo-search-report
	Page 76 - wo-search-report
	Page 77 - wo-search-report
	Page 78 - wo-search-report
	Page 79 - wo-search-report

