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d Hearing impaired suffer from a loss of speech understanding in adverse
acoustic environments with competing speakers, background noise and
reverberation

Apply acoustic signal pre-processing techniques in order to improve
speech quality and intelligibility
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d Hearing impaired suffer from a loss of speech understanding in adverse
acoustic environments with competing speakers, background noise and
reverberation

Multiple microphones available - spatial + spectral processing
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O This presentation: | |
= Binaural noise reduction algorithms based on ))))
minimum variance distortionless response (MVDR)

beamformer and multi-channel Wiener filter (MWF)
= Integration with external microphone

O Main objectives of algorithms:

= Improve speech intelligibility and avoid signal
distortions

= Preserve spatial awareness and directional hearing
(binaural cues)
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d Interaural Time/Phase Difference (ITD/IPD)
Interaural Level Difference (ILD)
Interaural Coherence (IC)

Q ITD: f < 1500 Hz, ILD: f > 2000 Hz

O IC: describes spatial characteristics, e.g. perceived width, of diffuse noise
and determines when ITD/ILD cues are reliable

[ Binaural cues, in addition to spectro-temporal cues, play an important

role in auditory scene analysis (source localization/segregation) and
speech intelligibility

A\ v

\

IPD/ITD

ILD

[Bronkhorst, Plomp, 1988] [Wightman, Kistler, 1992] [Blauert, 1997] [Hawley et al., 2004] [Faller, Merimaa, 2004] [Dietz et al., 2011]
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Binaural noise reduction




Binaural noise reduction: /‘
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i Configuration

A Binaural hearing aid configuration:

O Two hearing aids with in total M
microphones

a All microphone signals Y are
assumed to be available at both
Hearing aid user hearing aids (perfect wireless link)

e Yanater O Apply a filter W, and W, at the left and
the right hearing aid, generating
binaural output signals Z, and Z,

¥ 1 ¥ 4 |, S |
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[Doclo, Kellermann, Makino, Nordholm, IEEE Signal Processing Magazine, 2015]
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Spectral post-filtering (based on

multi-microphone noise reduction)
[Wittkop 2003, Lotter 2006, Rohdenburg 2008, Grimm 2009,

Binaural spatial filtering techniques

[Welker 1997, Aichner 2007, Doclo 2010, Cornelis 2012,
Hadad 2015-2016, Marquardt 2015-2018,

Kamkar-Parsi 2011, Reindl 2013, Baumgartel 2015, Enzner 2016] Koutrouvelis 2017-2019]

— —

A .
Ly ) d
1

U

‘ll ;":

spatial _
iiter spatial spatial
iiter iiter
gain

? 9

® Binaural cue preservation
© Possible single-channel artifacts

® Larger noise reduction performance

@ Merge spatial and spectral post-filtering
© Binaural cue preservation not guaranteed
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Minimum-Variance-Distortionless-
Response (MVDR) beamformer

Goal: minimize output noise power without
distorting speech component in reference
microphone signals

I%in Wg‘r R, W, subject to WEA — Ap

111111W R, W, subject to W{‘IA — A,

T f

noise reduction distortionless constraint

Requires estimate/model of noise
coherence matrix (e.g. diffuse) and
estimate/model of relative transfer
function (RTF) of target speech source

Multi-channel Wiener Filter (MWF)

Goal: estimate speech component in
reference microphone signals + trade off
noise reduction and speech distortion

=<{ll giﬁ RO

2}
speech dlstortion noise reduction

Juwr (W

Requires estimate of speech and noise
covariance matrices, e.g. based on VAD

Can be decomposed as binaural MVDR
beamformer and spectral postfilter

Good noise reduction performance, what about binaural cues ?

[Doclo, Kellermann, Makino, Nordholm, IEEE Signal Processing Magazine, 2015]
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Interaural Level Difference
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Interaural Level Difference

ILD [dB]
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Binaural noise reduction
Extensions for diffuse noise
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@ SNR improvement
Binaural MWF @ Binaural cues of speech source

@ Binaural cues of noise

Interaural coherence Partial noise estimation

preservation (MWEF-IC)
2 H
wiv
+“ wiv

@ Closed-form solution

Juwr—1c(W) = Jywr(W) {

I X - Wi'X
R

VWIR, W WIR, W,

@ No closed-form solution, iterative
optimization procedures required

Trade-off between SNR improvement and binaural
cue preservation, depending on parameters (n and A)

[Cornelis et al., JEEE/ACM TASLP, 2010] [Marquardt et al., JEEE/ACM TASLP, 2015] [Marquardt and Doclo, JEEE/ACM TASLP, 2018] 13
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d Closed-form filter expression — mixing of binaural MWF output signals

and reference microphone signals

L1 LD—“I—’ Spatial filter

xQL D—o——} (left)
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i (right)
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n = 0 : binaural MWF (optimal noise reduction, but no cue preservation)
n = 1 : reference microphone signals (perfect cue preservation, but no
n

[Cornelis et al., JEEE/ACM TASLP, 2010] [Marquardt and Doclo, JEEE/ACM TASLP, 2018]
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d Fixed broadband values (n = 0.1 ... 0.3)

O Frequency-dependent values based on IC discrimination ability
of human auditory system for diffuse noise
1
= IC discrimination ability depends on
magnitude of reference IC

0.8
B MSC area; f < 500 Hz Boundaries on Magnitude
o . u | ITU
I Thr 0.36; f > 500 H
2 06 -Th: 000 £ 2 200 Hi Squared Coherence (MSC=|IC|2?) :
< —MSC‘V’.eS ’ = For f < 500 Hz (“large” IC):
é 0.4 frequency-dependent MSC
boundaries (blue)
0.2 = For f > 500 Hz ("small” IC):
fixed MSC boundary, e.g.

00 2000 4000 6000 8000 0.36 (red) or 0.04 (green)
Frequency [Hz]

[Cornelis et al., JEEE/ACM TASLP, 2010] [Marquardt and Doclo, JEEE/ACM TASLP, 2018] [Walther and Faller, JASA, 2013]
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d Fixed broadband values (n = 0.1 ... 0.3)

O Frequency-dependent values based on IC discrimination ability
of human auditory system for diffuse noise

d Trade-off parameter ) achieving desired MSC:
d MWEF-N : exhaustive search for optimal trade-off parameter
d MVDR-N (i.e. special case of MWF-N) :

d Closed-form expression for optimal trade-off parameter
a No spectral filtering as in MWF-N

0 MVDR-N + spectral postfilter

a Not equivalent to MWF-N, but combining spatial and spectral filtering
with closed-form expression for both filter and trade-off parameter

[Cornelis et al., IEEE/ACM TASLP, 2010] [Marquardt and Doclo, JEEE/ACM TASLP, 2018]




CARL
VON

Binaural MWF-N:
- iversitat
Instrumental evaluation Ao naune

4all

= MVDR M MVMWF [ IMVDR-N|  |MWF-N [l MVDR-NP

JEMET!

191199

-45 0 90 135 -45 0 90 135
—__opecaker Position

Speaker Position
(a) AMSC, (b) iISNRgut

] \f “N \f B | \: “N \f N & “§ \f

Office (T4, = 700ms), M=4 (binaural RIRs), recorded ambient noise, target speaker at -45°, 0 dB input iSNR (left hearing aid)
MVDR: anechoic RTF of target speaker (DOA known), diffuse spatial coherence matrix (from anechoic ATFs) / MWF = MVDR + postfilter (SPP-based)

[Marquardt and Doclo, JEEE/ACM TASLP, 2018]
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d Fixed broadband values (n = 0.1 ... 0.3)
O Frequency-dependent values based on IC discrimination ability

of human auditory system for diffuse noise

d Frequency-dependent function of MSC between noisy reference
microphone signals and output signals of BMVDR beamformer

High MSC/SNR: more

, N eep
0 .
left D—‘l_’ Spatial filter h / maximum NOJSe
mics »  (left reduction (BMVDR)
1-n
- W b
0
.-.> X l
[ Spatial filter | £ ,
. X
p|  (right) v :(_'?] 0 — _
rlght D— ------ === W] MSC ! rlght 7 :\’TSO%HI 1
MICS | ym---g=—P 4 d output MSC;
T LG Low MSC/SNR: more o

important to preserve
binaural cues (scaled
input signals)

[Cornelis et al., JEFE/ACM TASLP, 2010] [Marquardt and Doclo, JEEE/ACM TASLP, 2018] [Klug et al., Proc. ITG Speech Comm, 2018] 18
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= Binaural hearing aid recordings (M=4 mics)
a2 - in cafeteria (T;,~1250 ms)
N = Target speaker at -35°
02 ._u"{};z = Realistic cafeteria ambient noise
R 1 = Algorithms: binaural MVDR and binaural
BT{@_:& CF2 e T MVDR-N with different trade-off parameters:
a0 5 133 "-.129 height of HATS: 111 cm . MVDR—IC
NopE i L L MVDRMSCL: =07, MSCpy=0
= MVDR-MSC2: n,..=1.0, MSC,;,=0.1
= Subjective listening experiments:
= 11 normal-hearing subjects

SRT using Oldenburg Sentence Test (OLSA)
= Spatial quality (diffuseness) using MUSHRA

Does binaural unmasking compensate for SNR decrease
of cue preservation algorithms (MVDR-N) ?

[Klug, Marquardt, Doclo, Proc. ITG Speech Communication, 2018]




Subjective Evaluation: /‘
i Spatial quality (MUSHRA) & vene

= Evaluate spatial difference —— ]
between reference and = %

100 | —— ——

output signal

= MVDR-N (IC/MSC) 80+ + - T
outperforms BMVDR |

o
S 60/
= Trade-off parameters: 3 .
MSC-based better than 40 |
IC-based — 0
= Using MSC2 hardly any 207 ;
difference to input ! 0 L
REF BMVDR IC  MSC; MSC,

Binaural cue preservation for diffuse noise
significantly improves spatial quality

[Klug, Marquardt, Doclo, Proc. ITG Speech Communication, 2018]
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= All algorithms show a ; - - %
highly significant speech ] X
reception threshold (SRT) ' .
improvement TH = | -~
= No significant SRT 2 o= | - | |
difference between — | | | |
BMVDR and MVDR-N .
(IC/MSC) : |
_13 L L | | 0
|
|
15 ==

REF BMVDR IC MSC; MSC,

Binaural cue preservation for diffuse noise
does not affect speech intelligibility

[Klug, Marquardt, Doclo, Proc. ITG Speech Communication, 2018]
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@ SNR improvement
Binaural MVDR @ Binaural cues of speech source
@ Binaural cues of interferer

Relative transfer function Interference rejection
(BMVDR-RTF) (BMVDR-IR)

WiB B,

s.t. WHA = A, WHA = A’WHB =B,
1

@ Binaural cues of speech source and interfering source preserved
El—) Also binaural MWF-based versions (incl. spectral filtering) can be derived
@ MSC of background not exactly preserved, RTF estimation difficult

[Hadad et al., JEEE/ACM TASLP, 2015/2016] [Hadad et al., JEEE/ACM TASLP, 2015/2016] [G6Bling et al., Proc. IWAENC, 2018]
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Integration with external
microphone(s)
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Exploit the availability of one or more external
microphones (acoustic sensor network)
with hearing aids

[Bertrand 2009, Szurley 2016, Yee 2017, GoBling 2018, Ali 2018]

Integrating external microphone(s) with
hearing aid microphones may lead to:

Improved noise reduction and binaural
cue preservation performance

Low-complexity method to estimate s T
relative transfer function (RTF) of e ey EREEECEEES shEE d Yea
target speaker Yz P Sl i d Ve
YL,A{LF E : alalaliale “‘i _ET “““ ‘d Yr vy
wp— Rala o Rl O i e
ap Ru"ap ap Ry ar Z Zr
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Including external microphone in binaural MVDR-N beamformer |eads to:

Larger output SNR for same trade-off parameter n
Same output SNR with larger trade-off parameter n — better cue preservation

MVDR MVDR-N eMVDR eMVDR-N
5 (HA) (HA) (HA+ext) (HA+ext)
Py O I~ I v, [ e I~ [ v,
30 : 1 :
0.8}
A
=) 20
g = g 0.6 =
B £ S 3
R < 04} 1
4 10
0.2 v
0 o4
Dy Py P Py

Starkey database with real-world recordings (T, = 620ms), M=4, target speaker S;, multi-talker babble noise, 0 dB input iSNR (right hearing aid)
MVDR: perfectly estimated noise correlation matrix, RTF of target speaker estimated using covariance whitening method

[G6Bling, Doclo, Proc. HSCMA, 2017] [G6Bling, Doclo, submitted to IEEE/ACM TASLP |
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Estimate RTF of target speaker to steer binaural MVDR beamformer

Spatial coherence (SC) method: assume that external/ microphone is
spatially separated from HA microphones, such that noise components in
external microphone and HA microphones can be assumed to be uncorrelated

high Low spatial
coherence between
noise components in
local array signals
and external
microphone signal

low
M+1
ElSGE . RyeE éSCE . RyeE @SCE o cx - [IEM, DzMrz}l] WL
L _— = R — EE———_— L — P _
elRyep’ el Ryeg a(l + 3)-egwr,

[G6Bling, Doclo, Proc. IWAENC, 2018] [G6Bling, Doclo, submitted to ICASSP 2019 ]
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close to EM moving far from EM

- %~ FIX
- E- CW
-©- SC
—8— CWE

—e— SCE
—— EM

AiSNR [dB]

Time [s]
= 151 | 7 « MVDR with external microphone (SCE) leads to
= better SNR compared to MVDR using only HA
- 14 = microphones (SC,~1X) and external microphone (EM)
—]
— d - . . .
4 0.5 e g MVDR using estimated RTFs (SCE, SC) preserves

| | | | | binaural cues of target speaker compared to
FIX - CW o SC - CWE - SCE fixed MVDR (F1X) and external microphone (EM)

Oldenburg Varechoic Lab (T4, = 350ms), M=4 + 1 external mic (1.5m/0.5m), moving speaker, pseudo-diffuse babble noise, iISNR=0dB (right HA)
STFT: 32 ms, 50% overlap, sgrt-Hann; SPP in external microphone; smoothing: 100 ms (speech), 1 s (noise)

[G6Bling, Doclo, Proc. IWAENCG, 2018] [G6Bling, Doclo, submitted to ICASSP 2019 ]
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= Subjective evaluation of binaural fnput
. left {D‘r_’ 2) Output
speech enhancement algorithms O s J oo
with HA/CI users ongoing cight { 0T o g P
. . SR [
u Com plex and tlme-va rylng ! : !-—_: 1) Computational acoustic scene analysis
- . b - — —p CASA
scenarios: mcorporate e

computational acoustic scene
analysis (CASA) into control path &
of developed algorithms )

0.2 04 06 0.8 1 1.2 14 1.6 1.8

= Integration of multiple external
microphones (acoustic sensor
network)
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O Binaural noise reduction algorithms: 2 main paradigms
A Spectral post-filtering
A “True” binaural spatial filtering

1 Extensions of binaural MVDR/MWF for diffuse noise
and interfering speaker, preserving binaural cues of residual
noise/interference

d Evaluation of binaural MVDR extensions (MVDR-N)
for diffuse noise:

= Binaural cue preservation improves spatial quality
= Binaural cue preservation does not/hardly affect speech intelligibility

 Extensions with external microphone possible
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