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ABSTRACT

Reliable non-intrusive online assessment of speech intelligi-

bility can play a key role for the functioning of hearing aids,

e.g. as guidance for adjusting the hearing aid settings to the

environment. While existing intrusive metrics can provide a

precise and reliable measure, the current non-intrusive met-

rics have not been able to achieve acceptable intelligibility

predictions. This paper presents a new semi-non-intrusive in-

telligibility measure based on an existing intrusive measure,

STOI, where an estimate of the clean speech is extracted us-

ing spatial filtering in the hearing aid. The results indicate

that the STOI score obtained with the proposed method using

an estimate of the clean speech correlates well with the STOI

score having the original clean speech signal available.

Index Terms— Non-intrusive objective intelligibility

measure, generalized sidelobe canceller, hearing aids

1. INTRODUCTION

For users of hearing aids speech intelligibility depends highly

on the specific listening environment. One of the main issues

is significantly decreased speech intelligibility in noisy multi-

talker environments termed the ”cocktail party problem”

[1, 2]. Therefore, a lot of research has gone into the develop-

ment of various speech enhancement algorithms (e.g., noise

and echo suppression) to overcome this challenge. However,

noise suppression techniques, such as adaptive directional

filtering, can have a negative impact on localization perfor-

mance of hearing aid users [3]. The fact that hearing aid

users receive distorted localization cues can lead to decreased

intelligibility due to losing a binaural advantage of 3-12 dB

[4, 3]. As such, it is important to quantify, whether the gain

from the noise suppression techniques are advantageous if

localization cues are lost in return by assessing the intelligi-

bility of the current environment. For the users of assistive

listening devices it would be a great benefit, if the devices

were able to automatically detect when advanced speech en-

hancement actually provides an improvement and adjust the
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hearing aid settings accordingly. Generally, the remaining

hearing of the hearing aid user should be relied on as much as

possible such that speech enhancement processing is limited

to when it provides a benefit and the proposed method could

facilitate exactly this. Fast and robust online evaluation of

the listening environment could assure that speech enhance-

ment processing is only applied when necessary and selected

without requiring an action of the hearing aid user [5, 6]. As

such, the proposed method can be seen as an alternative to

environment classification based on intelligibility rather than

classifying the different environments [7].

Thus, it would be preferable if objective intelligibility

measures could become a crucial part of the online process-

ing of assistive listening devices. Intrusive objective measures

(e.g., the short-time objective intelligibility (STOI) metric [8],

the normalized covariance metric (NCM) [9]) with access to

both the clean and noisy speech can generally provide a pre-

cise and reliable measure for the speech intelligibility [6].

However, online processing in a hearing aid requires a non-

intrusive objective measure, since access to the clean speech

is rarely available. Over the years a number of non-intrusive

metrics have been developed (e.g., the modulation spectrum

area (ModA) [10], the speech-to-reverberation modulation

energy ratio (SRMR) [11]). However, according to a re-

cent comprehensive review none of the tested the existing

non-intrusive measures have achieved acceptable results [6].

This paper is concerned with a method in between the in-

trusive and non-intrusive technique that can be processed on-

line in a hearing aid while taking advantage of the reliability

of existing intrusive metrics. The approach is to extract an es-

timate of the clean speech with directional spatial filtering in

the hearing aid and use this in existing intrusive objective in-

telligibility metrics. In other words, an estimate of the intelli-

gibility is obtained by comparing the output of a beamformer

at the direction of the desired talker with the output of an om-

nidirectional microphone using an existing objective measure

such as STOI. The online processed intelligibility prediction

of the specific environment can then be used to determine,

whether the intelligibility is below a certain threshold and ap-

ply speech enhancement processing when it is beneficial.
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Fig. 1. Block diagram of the proposed semi-non-intrusive objective intelligibility measure in which an estimate of the clean

speech is extracted with the GSC structure and compared with the output of an omnidirectional microphone using STOI.

2. METHOD

In this section the approach and method behind the pro-

posed semi-non-intrusive objective intelligibility measure is

presented. A block diagram incorporating the whole semi-

non-intrusive objective intelligibility measure with both the

beamformer and the existing intrusive intelligibility measure

STOI is shown in Figure 1. The principles behind the beam-

forming structure and notation are explained in Section 2.1.

The STOI metric gives a prediction, d(t), of the speech in-

telligibility on a 0-1 scale by comparing the correlation of a

clean and degraded version of the same speech signal [8]. As

illustrated in the diagram the noisy signal from an omnidirec-

tional microphone is both used as the degraded speech input

to STOI as well as reference of the source to an adaptive noise

cancellation (ANC) stage in the beamformer. The remaining

microphone signals are used in a fixed spatial filtering stage

in the beamformer to extract a reference of the interference.

2.1. Generalized sidelobe cancellation

An estimate of the clean speech is obtained using a widely

applied beamformer for hearing aid applications based on the

generalized sidelobe cancellation (GSC) structure [12, 13,

14]. The beamformer has four microphones by exploiting the

front and rear microphone of two BTE hearing aids assuming

a bilateral wireless link between them. The implemented

GSC structure consists of a fixed spatial preprocessor and an

ANC unit similar to the approach of [14] extended to four

microphones as illustrated in Figure 1 with M = 4.

It is assumed that each microphone signal xk, k =
1, . . . ,M is the desired source additively interfered with a

number of interferers, N i.e.

xk(t) = hk ∗ s(t) +

N∑

n=1

hinterf
k,n ∗ sinterf

n (t) (1)

where hk and hinterf
k,n are the acoustic impulse responses be-

tween the kth microphone and the desired source, s(t), and

interferers, sinterf
n (t), respectively and ∗ denotes convolution.

Ambient noise can be created by adding up multiple inter-

ferers with reverberation included in the acoustic impulse re-

sponses.

During periods of interference-only, s(t) = 0, each mi-

crophone signal is the sum of the interferers convolved with

the acoustic impulse response between each interferer and the

kth microphone, i.e.

xk(t) =

N∑

n=1

hinterf
k,n ∗ sinterf

n (t) (2)

A reference of the interference is created by steering a

zero towards the direction of the desired speaker. The loca-

tion of the desired speaker is assumed to be in the front of

the listener at zero degrees but can easily be relaxed to other

positions. The desired source is canceled using spatial filters,

which give an estimate of interference-only at the kth micro-

phone for k = 2, . . . ,M , where h1 is the acoustic impulse

response between the desired source at 0◦ and the first micro-

phone:

yk−1(t) = xk(t) ∗ h1 − x1(t) ∗ hk (3)

= hk ∗ s(t) ∗ h1 +

N∑

n=1

hinterf
k,n ∗ sinterf

n (t) ∗ h1

− (h1 ∗ s(t) ∗ hk +

N∑

n=1

hinterf
1,n ∗ sinterf

n (t) ∗ hk)

=

N∑

n=1

hinterf
k,n ∗ sinterf

n (t) ∗ h1 −

N∑

n=1

hinterf
1,n ∗ sinterf

n (t) ∗ hk

where yk−1, k = 2, . . . ,M is the interference reference at the

kth microphone. It can be seen that the filters block out s(t)
in the derivation of yk−1. The coefficients of the blocking

filters have been determined based on the impulse responses

between the source at 0◦ and the kth microphone measured on

a KEMAR artificial head and torso as described in Section 3.
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The ANC unit attenuates the interference in the desired

source reference that is correlated with the interference refer-

ence using the filters wk(t) = [wk,1(t), wk,2(t), . . . , wk,L(t)],
where L is the length of the filter. The ANC unit is updated

with a least squares (LS) approach but can in online pro-

cessing easily be implemented as a least mean square (LMS)

algorithm.

The incorporation of the fixed spatial filter in the prepro-

cessor reduces the amount of speech leakage into the inter-

ference reference but cannot completely prevent it [15, 13].

Therefore, the ANC is adapted during periods of interference-

only in order to avoid possible cancellation of the desired

speech source. For this purpose a robust speech detector is

assumed available in this paper.

3. EXPERIMENTAL METHODOLOGY

The acoustic impulse responses have been measured using the

front and rear microphones on a GN ReSound Alera 312 BTE

hearing aid on a KEMAR artificial head and torso in an ane-

choic room with a maximum length sequence (MLS) with a

code length of 11 and averaged over 30 repetitions. The KE-

MAR artificial head and torso was rotated in the horizontal

plane with a resolution of 2 degrees using a Brüel & Kjær

Turntable system type 9640.

The speech samples of both the desired source and the in-

terferers were taken from the EUROM 1 database as 5 second

recordings of the English sentence corpus [16]. The level of

the interferers were varied according to the level of the de-

sired speech source as the source-to-interference ratio (SIR)

[17]. The clean speech of the desired source was convolved

with the acoustic impulse responses from 0◦ to each each mi-

crophone and the interfering speech sources were convolved

with the impulse responses from 140◦, 270◦, 50◦ and 300◦

for one, two, three or four speakers, respectively. Compared

to current state-of-the-art studies four interferers can be con-

sidered a relatively complex scenario with speech-on-speech

masking being a difficult task [1, 2, 6].

4. RESULTS

The performance of the proposed semi-non-intrusive objec-

tive intelligibility measure is evaluated by comparing the

STOI score of the noisy speech obtained using the estimate

of the clean speech as reference with the STOI score obtained

using the original clean speech as reference. Figure 2-5 show

the STOI scores as function of SIR for one, two, three and

four interferers, respectively. For one interferer located at

140◦ (Figure 2) it can be seen that the STOI score obtained

using the output from the implemented GSC beamformer as

reference (dashed line) correlates well with the STOI scores

obtained with access to the original clean speech signal (solid

line) for all SIRs.
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Fig. 2. STOI score as function of SIR with one interferer at

140◦ using the clean speech signal (solid line) and the esti-

mate of the clean speech extracted with the implemented 4

microphone GSC beamformer (dashed line) as reference.
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Fig. 3. STOI score as function of SIR with two interferers

at 140◦ and 270◦ using the clean speech signal (solid line)

and the estimate of the clean speech extracted with the im-

plemented 4 microphone GSC beamformer (dashed line) as

reference.
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Fig. 4. STOI score as function of SIR with three interferers

at 50◦, 140◦ and 270◦ using the clean speech signal (solid

line) and the estimate of the clean speech extracted with the

implemented 4 microphone GSC beamformer (dashed line)

as reference.
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Fig. 5. STOI score as function of SIR with four interferers at

50◦, 140◦, 270◦ and 300◦ using the clean speech signal (solid

line) and the estimate of the clean speech extracted with the

GSC beamformer (dashed line) as reference.

In the case of two interferers located at 140◦ and 270◦

(Figure 3) the STOI score using the beamformed estimate

of the clean speech as reference correlates well with the in-

trusive STOI score having access to the clean speech signal

for STOI scores and SIRs higher than 0.4 and -5 dB, respec-

tively. However, below this level the output from STOI using

the estimate of the clean speech as reference starts to deviate

from the STOI score obtained using the original clean speech

as reference. In the cases of three interferers at 50◦, 140◦

and 270◦ (Figure 4) and four interferers at 50◦, 140◦, 270◦

and 300◦ (Figure 5) the STOI scores with the estimate of the

clean speech and the original clean speech as references, re-

spectively, correlates well for STOI scores above 0.5 and SIRs

above 5 dB but deviates below these levels. Noteworthy, the

performance of the proposed method does not decrease sub-

stantially going from the case with three interferers to four

interferers.

5. DISCUSSION

A reliable objective intelligibility measure in the online pro-

cessing of hearing aids could be of great advantage to predict

whether speech enhancement would provide a benefit for the

user and adjust the hearing aid settings accordingly. Online

processing would require a non-intrusive metric and even

though a number of promising non-intrusive measures have

been developed over the recent years none of them have

achieved sufficient results for the purpose [6, 11, 10]. Pre-

vious studies have shown that STOI scores correlate well

with subjective intelligibility scores and thus gives a reliable

estimate for the speech intelligibility [8, 6]. As such, a non-

intrusive measure performing similarly to STOI could yield

a promising method for online processing of speech intelligi-

bility in hearing aids. The intelligibility scores obtained with

the proposed semi-non-intrusive technique correlates well

with the intrusive STOI scores obtained with access to the

clean speech for STOI scores above 0.5 but deviates for lower

scores. This may or may not be a problem for the intended

purpose provided it reflects so little speech intelligibility that

it conforms to the threshold for applying speech enhancement

anyway. A STOI score below 0.6 may correspond to very low

speech intelligibility depending on the speech material and

the psychometric function relating STOI scores to subjective

scores [6]. Furthermore, the proposed method could easily be

implemented in today’s hearing aids. The acoustic impulse

responses used for the spatial filter design in the blocking ma-

trix could either be the standard acoustic impulse responses

measured on KEMAR or personalized acoustic impulse re-

sponses measured during adjustment of the hearing aid.

In future work it could be interesting to test the proposed

method with added reverberation as this is known to affect

the performance of the GSC beamformer [13, 14]. In or-

der to properly simulate reverberation 3 dimensional acous-

tic room impulses would be required. Additionally, the ob-

jective intelligibility scores obtained with the proposed semi-

non-intrusive technique could be tested against subjective lis-

tening tests in future work. In a similar manner to using the

proposed method for prediction of the speech intelligibility

the same approach could be used to evaluate speech quality

with e.g. the perceptual evaluation of speech quality (PESQ

[18]) by using the estimate of the clean speech to evaluate

the speech quality before and after speech processing in the

hearing aid. Furthermore, the proposed method could also be

extended to include personalized hearing losses in the speech

intelligibility prediction similarly to the technique in e.g. the

hearing-aid speech perception index (HASPI) [19].

Recently, binaural speech intelligibility methods have

with limited success attempted to predict the speech intelli-

gibility by including the effects of spatial masking [20]. The

proposed technique in this paper does not take advantage

of the multiple channels used in the beamformer to predict

the effects of spatial masking on the speech intelligibility.

In future work this could be an interesting extension of the

proposed technique.

6. CONCLUSION

This paper has presented a new feasible technique for online

processing of speech intelligibility in hearing aids. The tech-

nique is based on an existing intrusive objective metric, where

an estimate of the clean speech to be used as reference is ob-

tained using a GSC structure with spatial filters as blocking

matrix. The GSC structure is implemented using the front and

rear microphones on two wirelessly linked BTE hearing aids.

The results indicate that the obtained STOI scores using the

estimate of the clean speech as reference correlate well with

the intrusive STOI having access to the original clean speech

for STOI scores above 0.5. Thus, the proposed method yields

a promising and feasible technique for online processing of

speech intelligibility in hearing aids.
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