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> A direction of arrival (DOA) estimator for a binaural hearing aid » The additive noise signal is modeled as a zero-mean circularly- » Equation (1) should be expanded based on the head model.
symmetric complex Gaussian distribution: > Let us denote —4— Spherical-Head-Model-based estimator
system (HAS). y P y } _ —HE—TI;I}GA—haSEd estimator |2]
> The HAS can connect to a wireless microphone. V(l,k) ~N(0,Cy(l, k)). C; 1, k) = Ci1(l, k) Ci2(l, k) +(g,rf‘,}?ﬁﬁiﬁfiﬁ{f’i’ﬁfﬂ;ﬁ:ﬁm[5]
> The wireless microphone informs the HAS about the noise-free  C,(l,k) can be estimated relatively easily because both the noisy signal _021(l7 k) 022(l7 k)_
version of the target sound. and the noise-free signal are available. > The reduced log-likelihood function is given by
» The likelihood function is defined by
» A spherical-head model is used to consider the acoustic _ E(Q Dicse) £2(0, Diett)
H — left) = .
impacts of the head on the received signals at the HAS. p(g(l)\S(l), H(0). %(l)) T g(@) w0 e 40 20 o0 20 a0 e =0
. . ] o Where True DoA #(degree)
» The proposed DOA estimator is based on a maximum likelihood H — e{—(Z(l,k))HC;l(l,k)(Z(l,k))}’ N Babble-speech noise (SNR = 0 dB)
(ML) framework. |C (&, k)] f(0, Diegy) = Z (C’ll(l, k)Riet (1, k) + o0
» To evaluate the likelihood function efficiently, an inverse Z(.%) = R(LK) — S k)ﬁ(k) k=1 E) AR
e where Z(l,k) = k) —S(L, : 105 ( o |
discrete Fourier transform (IDFT) technique has been used. Cra(l, k) Brigni (1, k) + 10 Cor(l, k) Bret (1, k) + s P A Mgk
> The reduced log-likelihood function is given by o o | 4 A aa V% Wiy, 1__,{*"’ Y N
Caa(1, k) Regne (1 k))eﬂw[—z<m<9>+9>1) " oL Tiwhetesst
H -80 -60 -40) -20 0 20 40 60 80
Z{ Z(ENECT 1R (Z(LE)Y. (1) True DoA 6(degree)
S*(l lc)ej%%Dleft(Q) Bottling-factory noise (SNR=0 dB)
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""" \
Wireless body- \ Dlrectlon of Arpval Z (011 l k) 49w 10’\/81n(9) 02163271'N [— 2 (sin(6)+6)] 4 sol L |
worn microphone at \ d d I —— Eﬁphencal—lIead—[jvlﬂdel—based estimator
the target talker - \ .- H ed MO = k=1 ] 50 | —#— TDoA-based estimator [2]
,,,,,,,, v 8in(6) 9 B Cross-Correlation-based estimator [5]
Acoustic Propagation Different approaches to consider the acoustic impacts of the head: 0 Cya(l, k)) 1S, k)7, - ol —4¢— GCC-PHAT-based estimator [2]
Channel ) - o ¥
| g " User-Specific (measured HRTF) [1]. e f(0, Diett) is an inverse Fourier transform with respect to D). =
Wireless Connection . Er.-Tl_f:,
Ambient Noise = Spherical-Head Model. > Considering a discreteO set of different 0s: 2
(e.g. competing talkers) o =

" Free-Field [2]

[é, ﬁleft] — arg maXQEG,DleftZ(97 Diett ).

~N . .
Hearing aid system

microphones

» Spherical-head model (inspired from [3]):

Distance(m)

* Inter-microphone time difference (IMTD) :

HRIR Measurements for simulations

i o N N
g Why do we ne.ed DO:A‘ es_tlmatlon . . _ AT(Q) ~ Dleft(@) N Dright (9) —#— Spherical-Head-Model-based estimator
e Binauralization of the noise-free signal. b . 2 50 —4—TDoA-based estimator [2]
= —(sin(@) +6). Anechoic measurements = Cross-Correlation-based estimator [5]
_ . C . _» 0Deg. - i a0k —g— GCC-PHAT-based estimator [2]
e b isthe head radius, and C is the sound speed. 5
[ ] . . E
Slgnal Model * Inter-microphone level difference (IMLD) : 50 301
i in: aleft(g) E i
» Time domain: AL = 20log, (a . (9)) Z 20
t
rm(n) = s(n)*x h,,(n,0)+ v, (n e
(1) = 5(1) % iy (1, 0) + v () e .

> Short-time Fourier transform domain: SNR (dB)

Ron(LLk) = S(L,E)H, (K, 0) + Vo (1, k)

e [ :frame index.
* k:frequency index.

» Scaling factor 7 using theoretical HRTFs 4]

An actual reverberant room

v(k,0)
——(k): average of v(k,d) over #
------- 5: average of v(k) across frequencies
== ==y sed in the proposed DoA estimator
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Scaling factor of IMLD

» Stack all the microphone signals:
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Frequency (Hz)

R, k) =S, k)H(k,0) +V (k)
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