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Introduction
* About me: ZI
. MSC from Aalto in 2016 20 30 100 300 1000 3000 10000

Frequency (Hz)

» Final-year doctoral student

* Research topics: audio signal processing,
headphones & loudspeaker equalization,
equalizer design

» Collaborations eg. with Nokia & Genelec

» Today’s topics: augmented reality audio
(ARA), headphones, equalization, adaptive
filters
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d(k)

Adaptive Filters

k) Adaptive

filter

Adaptation

* Time-varying filters dgorithm
» Coefficients are modified according to the input signal

» Two signals: input x & desired signal d

Algorithm tries to minimize an objective function

- E.g. mean-square error E[|e(k)|?]

» Important factors: rate of convergence, misadjustment, tracking
ability, robustness, computational requirements, numerical
properties

* Four classes: system identification, inverse modeling, signal
enhancement, and prediction

e(k) = d(k) - y(k)
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LMS Algorithm

Introduced in 1960 by Widrow and Hoff
One of the most popular adaptive filter algorithms
« Computational simplicity and effectiveness
+ Gradient-based algorithm
w(k + 1) = w(k) + 2ue(k)x(k)
» Coefficient vector can be initialized to zero or some estimate
values

» Step size u affects stability, convergence speed, and
misadjustment
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Extensions to LMS algorithm

* NLMS algorithm
* Normalized Least Mean Square
* In LMS, the compromise between speed and error due to the step
size > time-varying step size
* Introduced by both Nagumo and Noda and Albert and Gardner in
1967

— 2
UNLMS = XTOX(K)+e
* Improved convergence speed
» Sign algorithm
+ If faster adaptation process is needed, only sign of error is used
» Drawback: larger steady-state error
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Extensions to LMS algorithm

=w(k — min ik(k)' y/ — 1) |signle x(k)

(k)| + €

* RVSS-NLMS algorithm (Vega et al. 2008)

* Robust: weakly sensitive to large perturbations in the input signal

- The filter coefficient update is limited at each iteration by a convergent positive
sequence 6(k)

» Improved convergence rate when compared to NLMS

* Changes operation between NLMS and NSA depending on the
min-funtion OR can be viewed as NLMS with variable step size

. oh-1)
e [|e<k)|/||x<k)||’ }
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Extensions to LMS algorithm

e Parameters of RVSS-NLMS:

* § sequence: initially large values, low values in the end
* §(0): the sequence is calculated recursively - initial value needed
(affects the convergence rate)

» Memory factor a: controls the tradeoff between convergence rate
and robustness

» Parameter k: depends on the color of the input signal
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Augmented Reality Audio

Binaural
Virtual signals to
sounds ARA distant user
—> Mixer and >
Equalizer >

4
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Acoustical Transparency

» Ideally, ambient sounds are perceived similarly when wearing
headphone as with open ears
» However, headphones affect the perception of sounds
+ Attenuation:

» In addition, in-ear headphones alter the acoustics of the outer ear
- Open ears: ear canal acts as quarter-wavelength resonator
- Closed ears: ear canal acts as half-wavelength resonator

Signal Processing and Acoustics

Aalto University
School of Electrical 18.3.2019
Engineering 0
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Acoustical Transparency

30
—Open ears
20 —Closed ears 1l
—Hear-through without equalization
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» Therefore, equalization is needed
+ Performed by the ARA mixer

A Aalto University Signal Processing and Mu,b,s,h,us
School of Electrical 18.3.2019
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Comb-Filtering Effect

T » Delayed version of sound is summed

S— N with the original

\ | 7 { MHHHHHHWM The notches depend on the time

o delay and the magnitude of the
’ signals
s * Delay affects the locations and
magnitudes the size of the notches
A “ > One of the signals must be
attenuated
A Aalto University Signal Processing and Anryrw's'ms
School of Electrical 18.3.2019
Engineering 12
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Headphone Frequency Responses

Responses relative to price range (upper row) and type (lower row)
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Headphone Target Curves

Magnitude (dB)

-10 F[= = Free field

=== Diffuse field
=—Olive et al.

15 I L . .
30 100 300 1000

Frequency (Hz)

3000 10000

A

Ref: V. Valimaki & J D.
Reiss, “All about audio 18.3.2019
equalization: Solutions and 14
frontiers,” 2016.
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Headphone Target Curves

Unlike loudspeakers, there are 15
many different ones

* No accepted standard
Free field

» Sound source in an anechoic room
Diffuse field

* “An omnidirectional loudspeaker BT W T
located far away”

Recent work of Olive et al.
» Listener preferred
* Ahigh-quality speaker in a room
* Depends on the headphone type

Magnitude (dB)
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Headphone Target Curves
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* However, single target may not be enough due to differences in
headphone type, audio content, and listener demographics.
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Prototype Headset /_@\,

External
microphone

* Headset specifically designed for the projects
» Augmented reality audio headset with two microphones

» Outside and inside the ear canal when the headset is worn
* In-ear headphones with balanced armature transducers

Internal
microphone

100 1k 10k h 100 1k
Frequency (Hz) Frequency (Hz)

Magnitude (dB)
8 3
Attenuation (dB)
5 5
—_——— n
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Prototype Headset @

<«

» Microphones inside ear canals can be
used to measure individual HP

response at the closed ear canal o hone
entrance
* Unique fit:
Frequency responses measured with headset microphone
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Z
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Adaptive Hear-
Through
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Adaptive Hear-
Through Algorithm

e Liski, J., Vaananen, R.,
Vesa, S., & Valimaki, V.
(2016, August). Adaptive
equalization of acoustic
transparency in an
augmented-reality headset.
In AES Int. Conf. on
Headphone Technology.
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ABSTRACT

sounds and thus alter the auditory perception. When the ambient sounds are desirable. a hear-through function
can be used to reproduce them maturally while wearing headphones. i.¢. to make the headphones acoustcally
wansparent. A novel adapive hear-through algorithm is proposed. which estimates the isolation and fine-tunes the

hear-though equalization for 1 ansparency. M

and simulations.

prototype
show tht the proposed algorithm produces acoustic transparency with default settings when the fit is good, and
that the adaptation improves the transparency by up to 6 dB when the headset is poerly fitted. Volume control
with additional shelving filter adjustments reduces the comb-filiering effect at frequencies below 1kHz. The

s isa pr i
when compared to fixed hear-through systems.
1 Introduction

Headphones are nowadays used in various environ-
sed

In augmented reality audio, real sound environments
are extended with virtual auditory enviroaments [2].
ARA applications are based on the idea of constantly

menss, resulting in an inci 1o ambient
sounds while wearing them. In addition to unwanted
noises, ambient sounds can also be desirable and even
vitak: speech and sren are respective exampls. There-
fore, even though the attenuation properties of head-
Phones offer health benefits (1], they may be a nui
sance. since the headphones must be

The p s HT func-
tion, which plays a processed version of the ambieat
noise through the headphone to simalate hearing with
open cars (2], . it makes the headphones acoustically
transparent. The HT function can be used to better
integrate headphones nto our everyday life. since oth-

the sound environment properly. A more convenient
solution would eliminate the necessity to remove the
headphones, and this is the idea behind augmented re-
ality audio (ARA) and hear-through (HT) technology
23,456

ol the outer car
(7], which resuls in an altered listening experience.
‘The HT function can also be used to hear ambient
sounds selectively while listening to music (8. 9] and
for improving the sound quality in live concerts [10].

3/18/19
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Goals

* Measure the characteristics of the headset
» Develop an algorithm to estimate isolation between internal and

external microphone

» Define the required equalization to transform HP acoustically

transparent

* Use the estimate to adapt hear-through equalization
» Enable user controls for EQ and volume

» Take comb-filtering effect into account
+ Verify functions with measurements

Aalto University
School of Electrical
Engineering

Signal Processing and A

Proposed Algorithm

* Two parts:
» Adaptive Isolation Estimation
* Hear-Through Equalization

* Both the estimation and the
equalization are adaptive

* Interesting frequency band is
limited to 100-10000 Hz

Aalto University
School of Electrical
Engineering

Ambient sound

7 Adaptive isolation Tincar N
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Adaptive Isolation Estimation

Preprocessing:

» DC Blocker
*« Removes heartbeat and other noise

v

» In other signal, allpass filter is used to
compensate for the group delay of the dc

int DC Filter-
blocker ing

w
WLMS

Ambient sound

freez/& reset T

Distur- '

blocker

I
1
|
+ Spectral Whitening E
» All-zero inverse filter A(z) with linear prediction
« To improve the speed of NLMS algorithm

Disturbance Detection

* Freezes the algorithm and resets certain
variables

Aalto University Signal Processing and Acoustics
A School of Electrical 18.3.2019

Engineering
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Adaptive Isolation Estimation

* The isolation estimation with warped RVSS-NLMS algorithm
(robust variable step-size normalized least mean square)

» External microphone signal is input signal x(k)
* Internal microphone signal is desired signal d(k)

» System identification: output of the adaptive filter models the
behavior of the earpiece isolation

d(k)

x(k) Adaptive

filter

e(k) = d(k) - y(k)

Aalto University Adaptation
School of Electrical algorithm
Engineering

3/18/19
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Adaptive Isolation Estimation

T
f H " 'y
¥yl Dewarp | 3| FFT _.S'“,‘:“h
ing

Tsola-
tion
levels

U

» Dewarping
+ Transform back to linear frequency scale
+ Smoothing
» 1/3 octave smoothing and averaging
* The output of the first part: Isolation Levels
» The estimated isolation in dB

* Fed to the second part of the algorithm for equalization control

Aalto University Signal Processing and Acoustics
A School of Electrical

Engineering

18.3.2019
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Adaptive Isolation Estimation

20

——Left isolation
——Right isolation

10+

10}

20t

Magnitude (dB)

-30t 0 sec

-40 |
100 1k 10k

Frequency (Hz)
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Adaptive Isolation Estimation

20

——Left isolation
——Right isolation

10+

o

Magnitude (dB)
o

-20

-30 0 sec

-40 -

100 1k 10k
Frequency (Hz)
A Aalto University Signal Processing and Acoustics

School of Electrical 18.3.2019
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Hear-Through Equalization

* All equalization is implemented with digital Regalia-Mitra
parametric equalizers

» 1st-order shelving filters

+ Gain & Cutoff frequency g, o]t .
» 2n-order peaking filters L L
» Gain, Cutoff frequency & Bandwidth
Aalto University Signal Processing and Acoustics
A School of Electrical 18.3.2019
Engineering 28
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Hear-Through Equalization

* Microphone inverse processing .

» Since the microphones are attached to circuit boards, boost occurs
between 10-20 kHz =» tinny HT-signal

+ Equalized with second-order Regalia-Mitra filter with constant

parameters:
40
—Open ear response
3 ||~ Hear-through without mic inverse equalization
_ —Hear-through with mic inverse izati
[2s]
=
Py
=l
£
&
3
=
-20 L
100 1k 10k
Frequency (Hz)
Aalto University Signal Processing and Acoustics
A School of Electrical 18.3.2019
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Magnitude (dB)

Hear-Through Equalization

30

—Open cars

» Default target derived from = 2 Glosedars

|—Hear-through without equalization

free-field measurements
» Frontal sector, 0-30°

Magnitude (dB)

-30 Ce - - -
100 1k 10k
e . R Frequency (Hz)

4 Regalia-Mitra equalizer
sections

S T NN e
Frequency (Hz)

Aalto University
School of Electrical
Engineering

Signal Processing and Acoustics
18.3.2019
30

3/18/19

15



Hear-Through Equalization

» Actual Hear-through equalization

» Default settings derived from
measurements to produce
acoustical transparency when HP
are properly fitted

- 1 shelf, 3 peak/notch filters

Magnits

100 1k 10k
Frequency (Hz)

» Adaptation according to the Isolation Levels

» User controls for EQ
» User control for HT signal volume

» Comb-filtering effect must be taken into account with

adaptation and volume control

@ Original sound file
@ Leaked sound

@ Leaked sound + HT signal

Aalto University
School of Electrical
Engineering

Signal Processing and Acoustics
18.3.2019
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Equalization Controls

Magnitude (dB)
o

100 1k 10k
Frequency (Hz)

Automatic adaptation

R
S
T

* Volume control

Magnitude (dB)
S A o R ~
S 8 8
T T

&
3

4
S

Aalto University
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Engineering

L
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L
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Frequency (Hz)
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Matlab Simulator

Loudspeaker

» Realization differs slightly from the proposed block diagram
+ Matlab doesn’t allow real-time implementation = Simulation

+ Delay can be additionally controlled

* Pinkish traffic-like noise to estimate isolation and speech signal to

demonstrate the hear-through part of the algorithm

Signal Processing and Acoustics

Aalto University
School of Electrical 18.3.2019
Engineering 33
Matlab Simulator
Hear-through equalization
Low: Middlo: High: Volume:  Delay:
08 0dB 08 0d8 oms
= - = - ~
Adaptive isolation estimation
Pauso
e —— =) =) =) =) =
20
— Lot isolaton
— Right isolation
10 10,
) )
s )
810 810
2 E
g 2
= =
20| 20,
o) 30
100 0k 100 10K

1k
Frequency (Hz)

Aalto University
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Frequency (Hz)
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~Measurement
Results

Results: Isolation estimate

Magnitude (dB)

T
—Target isolation estimate, sweep and deconvolution
—Proposed algorithm result, noise and LMS

A

-40 s
100 1k 10k
Frequency (Hz)
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School of Electrical

18.3.2019
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Results: Hear-through equalization

40

Magnitude (dB)

3]
o
T

— Target open ear response
—Proposed algorithm result

(=]
T

!

'

\
\
\
\/
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////

k 10k
Frequency (Hz)
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Results: Other directions

1S}
S

Magnitude (dB)
)
S

Magnitude (dB)

20

Magnitude (dB)

15° 30°
‘ 20 ) —Target open ear response
—Proposed algorithm result
o 0
20
100 1k 10k 100 1k 10k
(@) (b)
45° 60°
20
—
0 0
20
100 1k 10k 100 1k 10k
(©) (d)
75° 90°
20
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0 0
20
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© ®
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Results: Adaptive equalization

g
% 0 . . /
2
‘50—20
5
= -40
100 1k 10k
(a)
o 20 —Target open ear response
= 0 Proposed algorithm, constant equalization
-§ B —Proposed algorithm, adaptive equalization
20
<
= -40
100 1k 10k
(b)
~ 20
m
=
o 0 M
o
2
£,-20
<
= -40
100 1k 10k
Frequency (Hz)
()

Results: HT signal volume control

Only volume control

@ 10 --Leaked sound
=2 -|_Leaked sound and volume-
é controlled HT signals
‘g
&b
<
= -30
100 300 1k 3k 10k

(a)

Volume control with low frequency adjustments

(=]

Magnitude (dB)
=

-20 -
30 :
100 300 1k 3k 10k
Frequency (Hz)
(b)
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Adaptive
Headphone

Equalization
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Adaptive HP
Equalization

e Liski, J., Valimaki, V., Vesa,
S., & Vaananen, R. (2017,
August). Real-time adaptive
equalization for headphone
listening. In 25th European
Signal Processing
Conference (EUSIPCO).
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Real-Time Adaptive Equalization for Headphone
Listening

ski, Vesa Vilimiaki

nal Processing and Acoustics

Al Univeniy, E spoo, Finland
Email: juho liski@aalio. f

Abstraci—The experienced sound quality_produced by head-
Phcnes aries between indivduss, Eapecial wih et head
phones a constant equalization work properly.

i pereied b uency e b e, seut, o
individualized equalization can be used. Previowsly this required
‘multiple sensors in 3 headp paper proposes a

for continuus
a headset with a single microphone. The magnitude response of

Implemenied o muliple -pplrll_\ “to obtain ac
k personalization, since the target response can be set
rily.

qic
arbitra
L. INTRODUCTION

Headphones are now widely used 10 listen 1o reproduced
sounds such as music or binaural sounds. In music listening,
the source material is usually intended for stereo loudspe:
playback, and in binaural reproduction, the precise spectral
balance at the eardrum of the listener is paramount in order to
produce the desired perception. Thus, in both applications the
frequency response of the headphones is important due 1o its
effects on the listening experience. Furthermore, since
is no industry standard for the target frequency respon:
headphones may need o be equalized 1o match the requi
frequency response needed for each application.

One popular headphone type is insert headphones that are
placed partly inside the ear canal. They couple direetly 10 the
ear canal and produce a unique fit for each person every time
they are inserted into the ar, since the ear canals vary between
individuals. This varying fit results in varying experienced
sound quality even when using the same pair of headphones.
Thastom » e oqmbizzion ey ot ok 6 sy body
but instead a personalized equalizer (EQ) is required. To
pussl e - e i

udspeakes

here

d

Way to estimate the sound pressure at the cardr
on solving the ear canal parameters, such a the impedance of
the ear canal or the cardrum (1], (2], 3]. The parameters are
used 1o construct a physics-based computational model of the
ear canal [4], which in tum enables the pressure at the eardrum

10 be estimated based on the pressure a the ear canal entrance.

Sampo Vesa. Riitta Viininen
Nokia Technologies
Espoo, Finland

The downside is the arduous impedance measurement, which
is not suitable for everyday use. Another method utlizes
measurements of both the sound pressure and the velocity

akka ef al. proposed an accurate method. which estimates

the s ot b fim oot perficoed ot
canal entrance (5], [6). The method. however. requires
an extra-small sound-velocity probe in addition to the nomal
sound pressure probe, which thus increases the complexity
and cost of the headset. State-of-the-ant adaptive headphones
calibrate the frequency response only once [7],

This work presents an adaptive equalization sysiem for
headphone listening. The system includes a prototype headset,
which contains microphones inside the ear canal when the
headset is wom. These internal microphones are used during
the sound reproduction, and the resulting recording s utilized
10 estimate the frequency response of cach carpiece at the
microphone location. The estimate is then mapped to the
cardrum with an ear canal model. Finally, a third-octave

EQ s designed according 10 the user-defined target

There are many applications where individualized equaliza-
tion is desired. In addition to music listening and binaural
reproduction. specific equalization is required if one pair of
headphones is used to simulate another pair. Rimd ef al.
proposed a ‘metbho o simulae &ierent headphone:
Cavimomment, when the freguency rspanse and the kolaion
properties of the simulated headphones are known [8]. Thus,
new headphones could be tested before purchase in order 1o
test their suitability for outdoor listening. ty. Olive ef
al. proposed a method o perform double-blind headphone
listening tests with a single pair of headphones [9]. which
enables better comparison of sound quality, since the aesthetics
and the feel of the headphones do not affect the listening.

The structure of the paper is as follows. The proposed
I

in Section IL Section 11l presents measurement results o
illustrate the behavior of n- pvn|lvkd algorithm. Finally
Section IV concludes this

11 ADAPTIVE-EQUALIZATION ALGORITHM

section presents a novel signal processing algorithm
to estimate the indivi

dual frequency responses of a pair of

3/18/19
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Motivation

* No industry standard for the
headphone target frequency
response

» Equalization can be used to obtain
a desired frequency response

» Anovel adaptive equalization
algorithm for headphone listening

Aalto University
School of Electrical
Engineering

Signal Processing and Acoustics
18.3.2019
43

Proposed Algorithm

Analysis
Playback signal (right) 1 Playback signal (left)
Mic to DRP Target response
ic to response EQ Design g p
Playback signal (right) l Playback signal (left)
Equalization

Frequency range:

100 Hz — 10 kHz

Aalto University
School of Electrical
Engineering

Signal Processing and Acoustics
18.3.2019
44
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Analysis Block

LinealN|
prediction|\ |
T 1
. | |
Preprocessing v B
Playback Allpass Spectral !
* DC BIOCker signal x;,, Delay filter whiteningl !
- 1
« Removes noise PEERAE .
1
» Spectral Whitening lnitial __________________________ R LMS
. . values f
* Improves estimation ! / K
|
speed i Y
e bC | )] Filterjfg
s1gnal Xrec blocker
—
Impulse
L Aviirag— > response
s estimate at
mic location
A Aalto University Signal Processing and Acoustics
School of Electrical 18.3.2019
Engineering 45

Analysis Block: Estimating the frequency response

w(k) =w(k — min |6(7k)| — 1) |signle 7x(k)
(k) (k—1)+ Hx(k)|]+e’\/6(k 1) [sign| (k)]||x(k)||+e

* Once again, RVSS-NLMS algorithm is used
* Input x is the playback signa
» Desired signal d is the internal microphone signal

» After the convergence, the filter coefficient correspond to the
impulse response at the mic location

d(k)

+
il Adaptive [ YK S

filter

e(k) = d(k) - y(k)

Signal Processing and Acoustics
Adaptation

18.3.2019
algorithm

46
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FR Estimation

-10
Using music as
adaptation signal 20 ¢
Adaptation in )
blocks 3
No averaging > £
large deviations &

especially at low

frequencies
-60 +
100 300 1k 3k 10k
Frequency (Hz)

A Aalto University Signal Processing and Acoustics
School of Electrical 18.3.2019
Engineering 47

Analysis Block

Playback

Output of the Analysis block

¢ Estimated headset IR

« Back to LMS block

» Forward to EQ Design
block

signal Xplay

Initial
values

Mic
signal X,

i Allpass
4’| Delay |—’| filter

DC
blocker

—>{ Filtering }7

Averag-
ing

Impulse
response
estimate at
mic location

Aalto University
School of Electrical
Engineering
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EQ Design Block

* Maps the estimate from mic locations to eardrum
* Obtained from two dummy heads
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Other methods for Ear Drum Response

* Measure the individual headphone transfer function (HpTF) off-
line at the eardrum with probe microphones

» Estimate the pressure at the eardrum from sound pressure and
velocity measurements performed at the ear canal entrance

* Model the ear canal based on the impedance of the ear canal
and the eardrum

+ Subjective loudness matching using a reference signal
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EQ Design Block

20 T T T

» Target responses R ; ;

* Flat response % of ‘ 3

. = S5r | |

+ Listener-preferred target 3-}3 i i i

(Olive et al., 2013) 20— ‘ : ‘ ‘ w

30 100 300 1000 3000 10000
Frequency (Hz)

+ Can be selected a5l | | | | ]
; ; 10 ]
arbitrarily <5 N/_/\
B of | N

= 5t I I
10t | | 4
S -15¢ I I 1

20— ‘ : : ‘

30 100 300 1000 3000 10000
Frequency (Hz)

Aalto University Signal Processing and Acoustics
A School of Electrical 18.3.2019
Engineering 52

3/18/19

26



EQ Design Block

16

+ Third octave graphic EQ 12

proposed by Liski &
Valimaki (2017)

* Accurate & simple

* 8lowestband & 3

uppermost band

tweaked 3

* Due to used frequency |,
band (100 Hz — 10 kHz)
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Octave EQ vs Third-octave EQ

Olive target w/ third-octave EQ
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Octave EQ vs Third-octave EQ

Flat target w/ third-octave EQ
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Analysis Steps

FR estimate mapped to eardrum

FR estimate at mic location
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Results

* Frequency response
estimation accuracy

» Two different music
signals used

*  Accurate with multiple
types of signals
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» Equalization accuracy

* Measured with sweep
using a dummy head

» Algorithm provides the
desired effect
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Sound Examples

Through HP HP+OliveEQ HP+FlatEQ
Metallica = C C
Norah Jones C
White noise L S
Pink noise 7
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Conclusion

Prototype ARA headset
+ Algorithms specific for insert headphones
Adaptive filters were used to estimate headphone isolation and
frequency response
» Working with arbitrary signals
+ Isolation with ambient noise
* Response with music
* Headphone equalization is a powerful tool to change the sound or
enable useful applications
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