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Abstract

An ongoing project at the University of Oldenburg in-
volves development and evaluation of prototype assistive
listening devices that incorporate a microphone array
into the frame of a pair of eyeglasses. The eyeglass-
integrated array can be used to implement adaptive
beamforming and/or Short-Time Target Cancellation
(STTC) processing, which computes a ratio mask (i.e.,
a time-varying spectral gain) that can be used either to
filter the binaural signals at the Left and Right ears or
as a spectro-temporal postfilter for the adaptive beam-
forming. The STTC processing does not require training
or a priori knowledge about the number or locations of
interfering sound sources; only an assumed “look” direc-
tion is needed. Where adaptive beamforming computes a
complex-valued filter-vector, the STTC processing com-
putes a real-valued time-varying spectral gain; the two
approaches are compatible and our evaluation results in-
dicate that their combination has an additive effect. This
approach, of using an eyeglass-integrated microphone ar-
ray to compute a ratio mask, should not be thought of
as an attempt to supplant the ear-worn hearing aid; it
is instead an approach that is additive and compatible
with a traditional hearing aid and can further enhance
established approaches to speech enhancement.

Introduction

There have been previous implementations of “Horbrille”
(aka “Listening Glasses”), with both broadside and end-
fire arrays of eyeglass-integrated microphones [1, 2, 3, 4],
that used beamforming algorithms for directional speech
enhancement. The approach taken herein is to use a
broadside array to implement both beamforming and
Short-Time Target Cancellation (STTC) [5, 6] process-
ing, which computes a ratio mask that can be used as a
spectro-temporal postfilter. This additive approach, i.e.,
combining beamforming and spectro-temporal filtering,
is evaluated with a prototype “Horbrille” device (Fig. 1)
and mixtures of three concurrent talkers.

The STTC processing [5, 6] leverages phase differences [7]
to compute a continuously valued time-varying spectral
gain [8] and is a minimalist, efficient and online capa-
ble implementation of the target cancellation [9, 10, 11]
approach to sound source segregation, which involves re-
moving target talker sound energy and computing gain
functions for Time-Frequency (T-F) tiles according to the
degree to which each T-F tile is dominated by energy
from the target or interfering sound sources. The only
assumption is that the location of the target talker is
known and aligned with the processing “look” direction.
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Figure 1: “Hérbrille”. The Short-Time Target Cancellation
Assistive Listening Device uses an eyeglass-integrated array
of MEMS microphones and the “Hearpiece” [12] earpiece for
the Left and Right in-ear microphones and loudspeakers.

Short-Time Target Cancellation (STTC)

The discrete-time mixture z;[m] at the ith microphone is
composed of both signal (s;) and noise (7;) components:

1)

x;[m] = si[m] + n;[m]
The STTC processing [5, 6] computes a Ratio Mask (RM)
taking as input only the STFTs (X;[n, k]) of the discrete-
time sound mixtures (z;[m]) at each microphone, where
n and k are STFT indices for time and frequency, respec-
tively. However, when there is little to no phase difference
to work with, the STTC processing is ineffective. Hence,
the approach described herein uses two pairs ([1,2] and
[3,4]) of microphones (Fig. 1) with varied spacings (120
mm and 50 mm) that are free from null phase differences
within a different range of frequencies (see Fig. 2).

The frequencies at which null phase differences occur de-
pend on both the distance (d) in meters between a pair of
microphones and the Direction of Arrival (DOA) angle
of the sound source. Assuming a distant sound source,
the Time Difference of Arrival (TDOA) is computed as
follows, where X is the speed of sound in m/s and 6 is the
DOA angle in radians:

(©) (2)

T =5 sin
The corresponding wrapped absolute phase difference
(p), as a function of frequency (f) in Hz, and as plot-
ted in the top row of Fig. 2, can be computed as follows,
where / indicates the phase angle wrapped to the interval
[—m, 7. :

plf) = |Lem i 3)




There is an interaction between sensor spacing (d) and
DOA angle (9) that yields phase differences of zero when
f7 is an integer; these null phase differences can be seen
in the top row of Fig. 2. Likewise, the discrete-frequency
wrapped absolute phase difference (P), as a function of
discrete frequency (wy) in Hz, distance (d) in meters and
DOA angle 6 in radians, can be computed as follows:

j2mwy, —sin(0)
€

Plk] A

(4)

The approach described herein uses two pairs ([1,2] and
[3,4]) of microphones, with varied spacings (see Figs.
1 and 2), to compute two Ratio Masks (RM 2 and
RM;s 41) using only a pairwise Phase Difference Normal-
ization Vector (PDNV) I'lk] and STFTs (X;[n, k]) from
the four (i = 1:4) microphones:

R]\/.[l,Q[n, k] = (5&)
Mixture estimate N PDNV Noise estimate N
—
| X, B]| + | Xoln, K] = Tz [Xaln, k] = Xaln, b
X[, B]| + | Xoln, K]
Mixture estimate M
RZ\"[‘;A[H, k} = (5b)

Mixture estimate N PDNV Noise estimate N

—~
‘Xg[n,k]‘ + ’an,k]‘ — Tklpa ‘Xg[n,k] ~ Xu[n, k]

| Xoln, k]| + | Xaln, 4]

Mixture estimate M

The pairwise PDNV I'[k] can be pre-computed for each
unique microphone pair spacing (dy 2 and ds 4):

1,2
591 (Omax)

J2mwy .
Lglk] = (‘16 A /7r) , ifwp < Fop,
1, else
(6a)
(1:3,4
j2rwy —— sin(Omax) .
Pkl = { (e 7). e < F,

1, else

(6b)

Below a pre-determined frequency cutoff F., the PDNV
['[k] is inversely proportional to the discrete-frequency
wrapped absolute phase difference P (see equation 4) at
the maximum possible angular separation of Oy, = 7/2
radians. Here, F¢, ,=1.25kHz and F¢, ,=3.25kHz. The
frequency dependent PDNV T'[k] is used to scale (or nor-
malize) the Noise (N) term according to how little phase

difference is available at each discrete frequency wy.

The two microphone pairs ([1, 2], [3,4]) yield two unique
Ratio Masks (RM, 2, RMs3 4), which are interfaced with
each other so as to provide a positive absolute phase dif-
ference for STTC processing to work with.
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Figure 2: Wrapped [—m, 7] absolute phase differences, as a
function of frequency and DOA angle 6, are shown in the top
row. The piecewise construction approach to avoiding null
phase differences is shown in the bottom row.

The real-valued Global Ratio Mask RMg can be con-
structed, in a piece-wise manner (see Fig. 2), as follows:

if wy, < 2000 Hz
if wy, > 2000 Hz

R]\/j[l’Q] [TL, I{?}Jr

7
RZ\[[54] [71,]{7}"’_, ( )

RMG [TL, k} = {

One disadvantage of the T-F masking approach is that
discontinuities in the T-F mask are heard as distortions
that can negatively impact speech quality. However,
speech quality can be improved via an optional Spectro-
Temporal Smoothing (STS) step that smoothes over these
discontinuities, yielding a Smoothed Ratio Mask (RMg).
Here, X[n,k] is the average STFT across the I = 4
eyeglass-integrated microphones (Fig. 1) and RMg|[n, k|
is RM¢[n, k] averaged across the previous L frames:

ZI Xi[n,K])/1 (8)

Z  BMa[n— 6K} /L+1 (9)

For the results descrlbed herein, L = 6, corresponding
to a “look back” of 20 ms; i.e. averaging RMg over
the past 20 ms. To achieve smoothing along frequency,
we used gammatone “Channel Weighting” as described
in [7], adapted and paraphrased below; the gammatone
channel weighting coefficients (w[n, i]) were obtained ac-
cording to the following equation:

RMg[’n k‘

S22 RMg[n, k] ‘X[n, K| H,; [k]‘
S [Xin KA K]

where RM¢[n, k] is the Global Ratio Mask, averaged
across the past L analysis frames, H; is the frequency
response of a set of I = 40 gammatone filters with center
frequencies distributed according to the Fquivalent Rect-
angular Bandwidth (ERB) scale [13]. The Smoothed Ra-
tio Mask RMg is then computed using w(n, i] and H;[k|:

Efolwnz

- ’H

wln,i] =

(10)

|7

RMg[n, k] = (11)
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Anechoic Evaluation of Prototype Device

A prototype of the device illustrated in Fig. 1 was built,
Head Related Impulse Responses (HRIRs) were recorded
in an anechoic chamber with a GRAS KEMAR dummy
head wearing the device, and multi-microphone mixtures
were created using these HRIRs and a speech corpus of
multiple talkers [15]. Here performance is evaluated using
“Interferer Azimuth Varied” and “Target Azimuth Var-
ied” spatial configurations (Fig. 3) and an instrumental
measure of sound source segregation [14] (Fig. 4).

As illustrated in Fig. 1, the prototype device incorpo-
rates the one-size-fits-all “Hearpiece” [12] earpiece for
the Left and Right in-ear microphones and loudspeak-
ers. The same type of Knowles MEMS microphones used
in the “Hearpiece” were used for the eyeglass integrated
array (Fig. 1). The anechoic chamber had forty-eight
loudspeakers spaced uniformly in the horizontal plane,
with an azimuth resolution of 7.5°. The STTC process-
ing was evaluated both in comparison to, and in combi-
nation with, two established adaptive beamforming ap-
proaches: Adaptive Differential Microphone (ADM) [16]
implemented using the “Hearpiece” microphones, and
a Generalized Sidelobe Canceller (GSC) [17, 18] imple-
mented using the eyeglass-integrated broadside array.
The Ideal Ratio Mask (IRM) [19] and its “Direct Path”
(DP) variant were included in the evaluation. All pro-
cessing was implemented with a sampling rate of 32 kHz
and analysis windows of 8 ms, so as to meet the < 20 ms
latency requirement of a closed-fit hearing device [20].

The three concurrent talkers (randomized female or
male) had equal sound level, yielding an SNR of -3 dB.
The “Interferer Azimuth Varied” spatial configuration
(Fig. 3, Left) was used to demonstrate that directional
speech enhancement of a target talker can be effected
once there is sufficient spatial separation between the
target talker and interfering talkers (see Fig. 4, Top).
The “Target Azimuth Varied” spatial configuration (Fig.
3, Right) was used to demonstrate that the target talker
does not need to be perfectly aligned with the “Look”
direction of the STTC processing (see Fig. 4, Bottom).

INTERFERER (I) AZIMUTH VARIED TARGET (T) AZIMUTH VARIED

“Look”
Direction

—150° +1507
180°

Figure 3: Evaluation configurations of three concurrent talk-
ers. In the “Interferer Azimuth Varied” configuration (Left),
the “Target” (T) talker was fixed “straight ahead” at 0° while
the azimuth(s) of the Interfering (I) talker(s) was varied from
0° to £180°. In the “Target Azimuth Varied” configuration
(Right), the azimuth of the “Target” (T) talker was varied
from —90° to +90° while the azimuth(s) of the Interfering (I)
talker(s) was fixed at +120°.

“Look”
Direction

+90°
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Figure 4: Evaluation results using the Source to Interferers
Ratio (SIR) measure [14] of sound source segregation. Perfor-
mance was evaluated using both “Interferer Azimuth Varied”
and “Target Azimuth Varied” configurations (see Fig. 3).
There were 20 trials for each angular increment of 7.5°. Error
bars indicate Standard Error of the Mean (SEM).

Conclusion and Future Directions

The overall best performance was for the “STTC+ADM”
processing condition in which the Smoothed Ratio Mask
(RMg) computed by the STTC processing was used as
a post-filter for the ADM processing (see Fig. 4). Given
that performance comparable to that of the IRM is the
goal of “Computational Auditory Scene Analysis” [19], it
is notable that both “STTC+ADM” and “STTC+GSC”
processing conditions outperformed the IRM once there
was sufficient spatial separation between the target talker
and the two interfering talkers (see Fig. 4, Top).

A disadvantage of the T-F masking approach is that
spectrotemporal discontinuities are heard as distortions,
which negatively impacts speech quality. Notably, the
SIR measure [14] of sound source segregation used herein
(see Fig. 4) does not include a penalty for these distor-
tions and also has no penalty for any failures to preserve
binaural cues for spatial hearing. Although not shown
here due to space constraints, preliminary evaluation
with additional measures indicate that STTC continues
to have an additive effect when combined with adaptive
beamforming approaches, with a graceful degradation of
performance, relative to that of the “Direct Path” variant
of the IRM, as the level of reverberation is increased.

In terms of future work, low-latency “STTC+ADM” pro-
cessing with the prototype “Hérbrille” device (Fig. 1)
has been implemented using the openMHA real-time sig-
nal processing platform [21] and listening studies are
planned. Future work will combine the STTC processing
with varied approaches to adaptive beamforming [22].



References

[1]

Frans A. Bilsen, Wim Soede, and Augustinus J.
Berkhout, “Development and assessment of two
fixed-array microphones for use with hearing aids,”
Journal of Rehabilitation Research and Develop-
ment, vol. 30, no. 1, pp. 73-81, 1993.

Wim Soede, Augustinus J. Berkhout, and Frans A.
Bilsen, “Development of a directional hearing in-
strument based on array technology,” The Journal
of the Acoustical Society of America, vol. 94, no. 2,
pp. 785-798, 1993.

Wim Soede, Frans A. Bilsen, and Augustinus J.
Berkhout, “Assessment of a directional microphone
array for hearing-impaired listeners,” The Journal
of the Acoustical Society of America, vol. 94, no. 2,
pp. 799-808, 1993.

Lucas H.M. Mens, “Speech understanding in noise
with an eyeglass hearing aid: Asymmetric fitting
and the head shadow benefit of anterior micro-
phones,” International Journal of Audiology, vol.
50, pp. 27-33, 2011.

Marcos A. Cantu, “Sound source segregation of mul-
tiple concurrent talkers via Short-Time Target Can-
cellation,” Ph.D. dissertation, Boston University,
Boston, MA, USA, 2018.

Marcos A. Cantu, “Assistive listening device and
human-computer interface using Short-Time Tar-
get Cancellation for improved speech intelligibility,”
U.S. Patent 16/514,669, October Gth, 2020.

Chanwoo Kim, Kshitiz Kumar, Bhiksha Raj, and
Richard M. Stern, “Signal separation for robust
speech recognition based on phase difference infor-
mation obtained in the frequency domain,” in Proc.
INTERSPEECH, 2009, pp. 2495-2498.

Thomas Wittkop and Volker Hohmann, “Strategy-
selective noise reduction for binaural digital hearing
aids,” Speech Communication, vol. 39, no. 1, pp.
111-138, 2003.

Nicoleta Roman, Soundararajan Srinivasan, and
DeLiang Wang, “Binaural segregation in multi-
source reverberant environments,” J. Acoust. Soc.

Am., vol. 120, no. 6, pp. 4040-4051, 2006.

Jing Mi and H. Steven Colburn, “A binaural group-
ing model for predicting speech intelligibility in mul-
titalker environments,” Trends in Hearing, vol. 20,
2016.

Jing Mi, Matti Groll, and H. Steven Colburn,
“Comparison of a target-equalization-cancellation
approach and a localization approach to source sep-
aration,” J. Acoust. Soc. Am., vol. 142, no. 5, pp.
2933-2941, 2017.

F. Denk, M. Lettau, H. Schepker, S. Doclo, R. Ro-
den, M. Blau, Jorg-Hendrik Bach, J. Wellmann, and

389

[15]

[19]

[22]

DAGA 2022 Stuttgart

B. Kollmeier, “A one-size-fits-all earpiece with mul-
tiple microphones and drivers for hearing device re-
search,” in AES Conference on Headphone Technol-
ogy, San Francisco, USA., 2019.

B.C.J. Moore and B.R. Glasberg, “A revision of
zwicker’s loudness model,” Acta Acustica united
with Acustica, vol. 82, no. 2, pp. 335-345, 1996.

E. Vincent, R. Gribonval, and C. Fevotte, “Perfor-
mance measurement in blind audio source separa-
tion,” IEFEE Trans. Audio, Speech, Lang. Process.,
vol. 14, no. 4, pp. 1462-1469, July 2006.

Gerald Kidd, Jr, Virginia Best, and Christine R Ma-
son, “Listening to every other word: examining the
strength of linkage variables in forming streams of
speech,” J. Acoust. Soc. Am., vol. 124, no. 6, pp.
3793-802, Dec 2008.

Gary W. Elko and Anh-Tho Nguyen Pong, “A
simple adaptive first-order differential microphone,”
Proceedings of 1995 Workshop on Applications of
Signal Processing to Audio and Accoustics, pp. 169—
172, 1995.

L. Griffiths and C. Jim, “An alternative approach to
linearly constrained adaptive beamforming,” IFEFE
Transactions on Antennas and Propagation, vol. 30,
no. 1, pp. 27-34, January 1982.

W. Herbordt and W. Kellermann, “Analysis
of blocking matrices for generalized sidelobe can-
cellers for non-stationary broadband signals,” in
2002 IEEE International Conference on Acoustics,
Speech, and Signal Processing, May 2002, vol. 4, pp.
IV-4187-1V-4187.

Christopher Hummersone, Toby Stokes, and Tim
Brookes, “On the ideal ratio mask as the goal of
computational auditory scene analysis,” in Blind
Source Separation: Advances in Theory, Algorithms
and Applications, Ganesh R. Naik and Wenwu
Wang, Eds., pp. 349-368. Springer Berlin Heidel-
berg, 2014.

Ryan M. Corey, Naoki Tsuda, and Andrew C.
Singer,  “Delay-performance tradeoffs in causal
microphone array processing,” in 16th Interna-
tional Workshop on Acoustic Signal Enhancement,
IWAENC 2018 - Proceedings, 2018, pp. 481-485.

Tobias Herzke, Hendrik Kayser, Frasher Loshaj,
Giso Grimm, and Volker Hohmann, “Open signal
processing software platform for hearing aid research
(openMHA),” Proceedings of the Linuz Audio Con-
ference, vol. 14, pp. 35-42, 2017.

S. Doclo, W. Kellermann, S. Makino, and S. E.
Nordholm, “Multichannel signal enhancement al-
gorithms for assisted listening devices: Exploiting
spatial diversity using multiple microphones,” IFEE
Signal Processing Magazine, vol. 32, no. 2, pp. 18—
30, March 2015.



