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An algorithm for single channel enhancement of noisy speech has been implemented for a digital
hearing protection device. The developed algorithm operates without any knowledge or assumption of noise parameters and reduces the noise in the temporal domain using a non-linear and automatically adjustable gain function for multi-band dynamic range compression. The gain function
is deduced from the temporal envelope of each frequency-band and compresses the frequency regions where speech is absent, to block ambient noise. Subjective evaluations have already shown
that the algorithm improves speech quality. In this work, subjective tests using the Hearing-InNoise-Test (HINT) approach and measuring the Speech Reception Threshold (SRT) now show
that the speech intelligibility was preserved, if not improved, for most listeners.

1.

Introduction

For practical and economical reasons, Hearing Protection Devices (HPD) are often used to protect workers from the risk of Noise-Induced Hearing Loss, the number one occupational injury in the
workplace. HPDs reduce the sound energy reaching the wearer’s eardrum and -in their passive linear
form- cannot distinguish between noise and useful signals, such as speech and warning signals. This
issue can now be addressed using electronic HPDs that use an external microphone, a digital signal
processor (DSP) and an internal loudspeaker [3]. Such electronic could be integrated to an earmuff, or
could be integrated to a custom earplug, such as the one illustrated in Figure 1. Figure 2 illustrates the
electro-acoustical components and equivalent schematics of a digital version of a custom electronic
earplug, featuring a DSP running the speech denoising algorithm. Recent work by the authors [5],
presented a noise reduction method that calculates a time-varying and frequency band dependent gain
function from the temporal envelopes of each frequency band for Adaptive Gain Compression (AGC)
and applies it to the signal in each frequency band. This algorithm, illustrated in a block diagram
in Figure 3, enables high compression of frequency bands containing noise and light compression of
frequency bands containing speech and operates without any knowledge or estimation of the noise
parameters, only assuming that the background noise is additive. The authors have already shown
that the proposed use of a gain function that varies over time and frequency bands, does not introduce
any of the usual artefacts associated with speech denoising, and effectively reduces the background
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noise while improving the perceived quality of the speech signal. While promising, this subjective
evaluation is only partial, as the intelligibility of the speech processed by this algorithm has not yet
been assessed. Minimally, speech intelligibility should not be altered by the denoising algorithm, and
ideally, the proposed processing algorithm should actually enhance the intelligibility of the speech.
This paper presents an experimental study of the speech intelligibility achieved by subjects being exposed, in a laboratory environment, to noisy speech signals with and without the proposed processing
algorithm, to assess its auditory benefits.

Figure 1: General principle of Digital Hearing Protection Device blocking industrial noises (left) and
letting a speech signal through (right)

Figure 2: Overview of the digital custom earpiece (a), its electro-acoustical components (b), and
equivalent schematics (c).
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Figure 3: Block diagram of the proposed denoising algorithm being evaluated (from [REF])

2.

Method

2.1

Speech Intelligibility Assessment

To assess the effect of the proposed denoising algorithm on speech intelligibility, a psychophysical testing of a group of normal hearing users has been conducted using high-fidelity headphones under two testing conditions: without the proposed processing algorithm (baseline condition)
and with the proposed algorithm (measured condition). For benchmarking and comparison purposes,
the proposed processing algorithm (denoted "MBDNR") has been compared to processing algorithms
widely used, with source code publicaly available in [2], such as the Multiband spectral subtraction
from [4] (denoted "MBSS02") and the Wiener filter using decision-directed SNR estimation from
[8] (denoted "Wfscarlat96"). In both test conditions, a clean speech signal is contaminated at a controlled signal-to-noise ratio (SNR) by a choice of two masking noises, taken from from the NOISEX
database. The first masking noise is a recording from the inside of a car (denoted "Car"), while the
second is babble noise (denoted "Babble"). The compound signal is then presented binaurally under
earphones to the test subject, in order to determine the speech reception threshold (SRT) defined as the
lowest level at which speech sentences can be correctly identified at least 50 percent of the time. The
speech signals are French Canadian sentences available from the Hearing-In-Noise-Test (HINT) [7]
and are presented using the Matlab Speech Testing Environment (MSTE) software [6]. As the MSTE
software also features a hearing-device simulator, the 3 algorithms tested can be simply simulated as
an input-output block, that alters the compounded audio signal being presented binauraly to the test
subject.
In the current study, both the speech and masking noises are presented through the earphones and
no attempt is made to auralize one signal versus the other, as one would typically do within the HINT
paradigm where speech signal would be presented in front of the test-subject while surrounded by
the masking noise. The MSTE software is designed to assess the SRT using various testing methods,
either using a fixed speech level presented at typical levels of 45-55 dB HL and adapting the level
of the masking noise ("adaptive masking level"), or using a fixed masking noise level and adapting
the speech level ("adaptive speech level") or even using fixed speech and masking noise levels while
adapting other metrics, such as the distortion threshold ("adaptive distortion threshold"). In the current study, the adaptive masking level paradigm has been used and the level of the masking noise is
adjusted iteratively until the speech reception threshold is reached, level at which speech sentences
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can be correctly identified at least 50 percent. The sentence corpus used was the one adapted for the
French-Canadian language [9]. Accordingly, an SNR can be determined in each testing condition,
i.e. without and with the processing algorithm. By comparing the SNR achieved by the same individual subject with and without the proposed processing algorithm, for the same SRT, on two different
groups of speech sentences, it is possible to calculate the effect of the proposed processing algorithm.
If the SNR of the baseline condition (without processing) is higher than the SNR of the measured
condition (with processing algorithm), this clearly demonstrates that the proposed processing actually enhances the speech intelligibility, since the same SRT can be achieved while in the presence of
more masking noise.

2.2

Experimental Procedures

1. Test-subject Information : Each test-subject is welcomed by the experimenter and signs the
consent form that has been approved by the CER, the internal review board.
2. Hearing Threshold Measurement: Left and right auditory hearing thresholds are measured
with a clinical audiometer (Interacoustics, AC40) under calibrated headphones (Telephonics,
TDH 39). Pure-tone detection thresholds were assessed using an adaptive method at 250, 500,
1000, 2000, 3000, 4000 and 8000 Hz with supra-auricular earphones. All participants had
detection thresholds below 25dB HL at every frequency, which corresponds to normal hearing,
and they did not report any speech problems.
3. Practice Run: In order for the subject to familiarize him/herself with the testing procedure,
the experimenter performed the Adaptive Testing Procedure, described further below, for the
reference condition ("without processing");
4. Test Run The experimenter performed the Adaptive Testing Procedure, described further below, while ensuring that the order of the 4 test conditions (baseline as well as "MBDNR",
"MBSS02"and "Wfscarlat96" processing algorithms) and list presentations were randomized
or counter-balanced across the subjects under high-fidelity circumaural headphones.
The MSTE’s adaptive tests are based on the one-up one-down procedure used to measure sentence SRTs with the Hearing-In-Noise-Test (HINT) [7]. Each pre-recorded sentence is played to the
test-subject using headphones, together with the masking noise presented at the desired SNR, under
headphones to the test-subject. At the same time, the words of the sentence are displayed to the experimenter, so that he/she can score the subject’s oral response provided via a talk-back system from the
sound booth to the experimenter desk. The testing procedure consists of two phases: First, a coarse
estimate of the threshold is calculated using a large SNR adjustment step size. Second, a smaller SNR
adjustment step size is used to get a more precise threshold. The number of sentences in a test list and
the length of each phase can be defined for each test material. This procedure, which has been shown
to converge to 50% intelligibility [1], [5], corresponds to a sentence SRT measurement, since all the
words of a test sentence must be recognized for a correct response to be registered.
For illustration purposes, following the HINT testing paradigm [7], the adaptive test procedure on
a list of 20 sentences is as follows:
– Sentence # 1 is played at the starting SNR and repeated until the subject repeats all words
correctly, increasing the (signal or SNR) level by 4 dB for each incorrect response. Once a
correct response is received, the SNR is decreased by 4 dB for the next sentence.
– Sentences # 2-4: For these sentences, the SNR is increased by 4 dB after each incorrect response, and decreased by the same step size after each correct response.
– Sentence # 5 is played at a SNR computed as the mean of the signal level of the first sentence,
the levels of sentences # 2-4, and the level at which the fifth sentence would have been presented
based on the subject’s response to sentence # 4.
– Sentences # 6-20: For these sentences, the SNR is increased by 2 dB after each incorrect
response, and decreased by the same step size after each correct response. At the end of the
4
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list, the SRT for the given test condition is computed as the mean of the levels of sentences #
5-20 and the level at which the twenty first sentences would have been presented based on the
subject’s response to sentence # 20.
2.3

Results

The data collected during the adaptive test procedure consists in the individual SRT for each test
condition (baseline as well as "MBDNR", "MBSS02"and "Wfscarlat96" processing algorithms) for
the two masking noises ("car" and "babble") as well as a test condition without any background noise,
so that the speech level could be calibrated for the subject. The nine resulting conditions are listed
in Table 1, and these conditions are randomized across subjects, to limit the learning effect. The
individual results are presented in Table 2, for the ten individuals across the nine conditions, and are
expressed as individual SRTs as well as individual standard deviations resulting from the adaptive
adjustment. These individual SRTs can be averaged over all subjects for each test condition, along
with standard deviation, standard error, and 95% confidence interval. Note, that he masking noise tests
signals were not normalized nor calibrated in magnitude, as we were only interested in a differential
assessment with and without processing algorithm.

Condition
01
02
03
04
05
06
07
08
09

Table 1: The nine test conditions used
Paradigm
Masking Noise
Adapt. Mask. Lvl.
car
Adapt. Mask. Lvl.
car
Adapt. Mask. Lvl.
car
Adapt. Mask. Lvl.
car
Adapt. Mask. Lvl.
babble
Adapt. Mask. Lvl.
babble
Adapt. Mask. Lvl.
babble
Adapt. Mask. Lvl.
babble
Fixed
silence

Algorithm
none
MBSS02
Wfscarlat96
MBDNR
MBSS02
Wfscarlat96
MBDNR
none
none

Table 2: Individual SRTs and standard deviation (in parenthesis) for the 12 subjects in the 9 conditions, as well as group descriptive statistics

2.4

Subj.
1
2
3
4
5
6
7
8
9
10
11
12

Cond. 1
-23.3 (9.1)
-22.6 (8.3)
-21.6 (8.0)
-23.3 (9.1)
-16.2 (4.0)
-21.6 (7.5)
-22.1 (7.8)
-23.3 (9.1)
-19.5 (6.1)
-22.4 (8.1)
-21.9 (8.4)
-20.9 (7.4)

Cond. 2
-20.5 (6.6)
-18.9 (6.4)
-20.0 (6.7)
-21.2 (7.0)
-12.0 (2.8)
-16.8 (7.2)
-17.0 (6.2)
-19.5 (5.5)
-17.2 (6.2)
-20.5 (6.3)
-20.2 (6.5)
-20.7 (6.5)

Cond. 3
-21.9 (7.6)
-21.2 (7.1)
-21.6 (7.4)
-21.9 (7.8)
-15.1 (3.6)
-19.1 (8.9)
-21.4 (7.1)
-21.6 (7.4)
-17.9 (7.6)
-20.9 (7.1)
-21.9 (7.6)
-21.4 (7.2)

Cond. 4
-20.9 (6.7)
-21.9 (7.6)
-21.9 (7.6)
-22.6 (8.3)
-17.3 (6.8)
-22.4 (8.1)
-21.4 (7.1)
-23.1 (8.8)
-20.2 (7.3)
-22.1 (7.9)
-22.4 (8.1)
-22.6 (8.4)

Cond. 5
-2.7 (2.4)
-3.3 (2.1)
3.3 (1.9)
-1.0 (2.0)
7.5 (2.6)
-2.8 (2.1)
-2.0 (1.9)
-2.3 (1.7)
1.7 (2.0)
-2.1 (2.1)
-3.7 (2.2)
-4.1 (2.2)

Cond. 6
-5.7 (1.7)
-3.7 (2.2)
-3.0 (4.2)
-7.4 (2.4)
-2.5 (1.6)
-4.8 (1.8)
-4.1 (3.0)
-3.7 (1.9)
-4.0 (2.5)
-5.3 (2.9)
-6.0 (2.4)
-6.0 (1.9)

Cond. 7
-6.2 (2.2)
-5.9 (2.5)
-6.5 (2.9)
-10.4 (3.2)
-2.5 (2.2)
-6.4 (1.8)
-5.2 (2.7)
-7.0 (2.6)
-4.4 (2.9)
-8.3 (1.8)
-5.5 (3.3)
-7.0 (2.4)

Cond. 8
-7.6 (2.6)
-8.0 (3.3)
-7.7 (2.2)
-7.3 (1.7)
5.2 (4.5)
-5.3 (1.9)
-5.7 (1.7)
-6.7 (2.1)
-1.5 (3.1)
-6.0 (2.7)
-11.1 (2.7)
-8.6 (2.4)

Cond. 9
57.6 (4.5)
56.2 (5.1)
58.1 (4.0)
58.9 (5.4)
63.5 (2.2)
57.8 (4.1)
59.2 (3.9)
57.6 (4.6)
61.1 (2.5)
60.6 (3.9)
57.4 (4.3)
59.7 (4.4)

AVG
STD
STE

-21.6
2.0
1.0

-18.7
2.6
1.3

-20.5
2.1
1.1

-21.6
1.6
0.8

-1.0
3.5
1.7

-4.7
1.4
0.7

-6.3
2.0
1.0

-5.9
4.2
2.1

59.0
2.0
1.0

Discussion

The overall sound quality of the proposed and the two benchmarking algorithms were already
evaluated in a separate study using 20 speech signals corrupted by the “car” and “babble” noise with
0 and -5 dB SNR, with 10 other participants (3 females and 7 males). Results collected showed that
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participants preferred the signals processed with the proposed MBDNR algorithm in terms of overall quality in all noise conditions. While this preliminary result clearly indicates that the proposed
algorithm improves the quality of the noisy signals, little could be said of its effect on the speech
intelligibility. In the present study, 12 normal hearing subjects (2 females and 10 males) aged from 22
to 47 (mean 30.3 years) were tested for change in SRTs with and without the processing algorithm, so
that its effect on speech intelligibility could be assessed. From bottom line of Table 2, it can be seen
that in "car" noise the average speech reception threshold, on line "AVG" is similar for the proposed
MBDNR algorithm (case # 4) and without algorithm (case # 1), while the two other denoising algorithm appears to have a lightly detrimental effect on the SRT, with respective increases of 2.9 dB and
1.1 dB for the "MBSS02" (case # 2) and "Wfscarlat96" (case # 3) algorithm. In "babble" noise the
average speech reception threshold is marginally better, by 0.4 dB, for the proposed MBDNR algorithm (case # 7) than with the baseline test without algorithm (case # 8), while the two other denoising
algorithms appears to have a slightly detrimental effect on the SRT, with respective increases of 4.9
dB and 1.2 dB for the "MBSS02" (case # 5) and "Wfscarlat96" (case # 6) algorithm respectively. The
bottom lines of Table 2 present the group standard deviation (denoted "STD"), as well as the standard
error of the mean (denoted "STE") for further statistical testing. The SRTs obtained in case # 9, in
the absence of masking noise indicate that all subjects had a similar ability to understand speech, as
assumed from the selection tests outcomes. The standard deviations of the tracking process used in
the adaptative test procedure are indicated between parenthesis for each subject in each condition and
indicate the ability of one given subject to efficiently converge to the individual SRT reported.

3.

Conclusions

An algorithm for single channel enhancement of noisy speech has been implemented in a digital
hearing protection device. Subjective evaluation conducted previously have shown that speech quality
has been improved, as it uses a non-linear and automatically adjustable gain function for multi-band
dynamic range compression that compresses the frequency regions where speech is absent to block
ambient noise. The psycho-physical tests conducted in this work, on normal hearing subjects using
the Hearing-In-Noise-Test (HINT) approach and measuring the Speech Reception Threshold (SRT),
showed that the speech intelligibility is typically unaffected by the proposed algorithm or can even
be slightly enhanced in the presence of babble noise. As the proposed MBDNR algorithm has a very
limited computational requirements, it is now foreseeable that it could soon be implemented in digital
hearing protection devices to protect against the risk of noise induced hearing loss while enabling
speech to be perceived.
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