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Abstract—It is well known that communication in noisy
environments with reverberation present is a difficult
problem to solve, particularly for the hearing-impaired
listener . Two-microphone noise cancelling using an LMS
adaptive filter in real time was used to process speech
recorded in the presence of speech-spectrum noise at six
different signal-to-noise ratios, -8, -4, 0, 4, 8, and 12 dB.
Twelve normal-hearing and 11 sensorineural hearing-
impaired subjects were tested . Results indicated mean
improvement of 37 .34 percent for the 12 normal-hearing
subjects and 38 .3 percent for 5 of the sensorineural
hearing-impaired subjects . Individual data for the 5 re-
maining hearing-impaired subjects revealed severe speech
intelligibility deficits when noise and reverberation con-
taminated the speech signal . It is proposed that rehabil-
tative audiological assessments include evaluation of an
individual's ability to cope with reverberation and noise.

INTRODUCTION

It is a given that noise is a part of modern life
and that noise affects the quality of life . Commu-
nication is impaired and sometimes impossible in
noise. Stripping noise from the speech signals would
greatly improve communication . This would be
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particularly true for the hearing-impaired listener.
Attempts at removing noise from a speech signal
are not new, but only recently have adaptive filters
been employed for this purpose (2–8,11 ,13,15,16,20–
24) . Adaptive filters are self-adjusting based on given
performance criteria which can be programmed into
the device . The most common filter of this type,
first published by Widrow in 1966 (23), is the Least
Mean Square (LMS) adaptive filter.

Basically, the filter works by comparing the pri-
mary signal consisting of both speech and noise with
another signal consisting mostly of noise . This com-
parison is a statistical correlation of the similarity
between the two signals . Signals are correlated if
they are linearly related to each other . The adaptive
filter adjusts itself until it has minimized the average
of the square of the difference between the desired
input and the filter output . Mathematically this mean
square error is at a minimum when components of
the primary input that are correlated with compo-
nents of the reference input have been removed
from the output . For a more complete explanation
of the algorithm, see Christiansen (8).

Lim, in the 1982 Vanderbilt Hearing Aid Report
(14) summarized a number of approaches that have
been used to enhance speech in noise . Included was
Widrow's adaptive noise canceller technique (23),
used in this study . In summary, Lim stated "Various
speech enhancement systems discussed in the pre-
vious sections appear to improve speech quality,
but not speech intelligibility . " In 1982 Chabries et
al . (7) presented data showing that intelligibility was
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SPEECH

Figure 1.
The adaptive Noise Canceller.

improved for 12 indivit r ~ s^'s with normal hearing by
use of a two-micropho_ ._ canceller algorithm . Pre-
liminary data on three hearing-impaired subjects
indicated that like results might also be obtained

hearing-impaired subjects . Brey and Robinette
in 1982 (6) presented additional data indicating that
speech intelligibility could indeed be improved by
use of a noise canceller algorithm.

The adaptive filter configuration employed in
present study (see Figure 1), consisted of a

crophone adaptive canceller" implemented
e domain using an algorithm described by

Clra'ories et al . (7).
A two-microphone noise cancelling adaptive filter

could be used in any noisy condition where it would
be feasible to place a reference microphone near
the noise source and a second microphone close to
the primary signal or talker . Such a condition could
exist in a classroom for hearing-impaired students
who were using an auditory trainin system. The
teacher's microphone would pick the primary
signal and the students' microphone could serve
as references for the noise cancellation procedure.
This, however, would require a system that allowed
multiple reference inputs .

Such a system could also be used in highly noisy
industrial environments . Often it is necessary to
communicate with an employee stationed near noisy
equipment . In this instance, the signal from the
talker's microphone becomes the primary signal and
a second microphone or accelerometer near the
noise source serves as the reference input to the
adaptive filter.

In addition to dealing with noise, reverberation
must be accounted for and controlled . Reverberation
is a critical issue because it plays a direct role in
reducing the speech intelligibility in a given acoust-
ical environment (17,18) . Research has shown (9,12)
that hearing-impaired listeners suffer even more than
one would predict when reverberation or other
effects of room acoustics are added to a speech
signal.

The purpose of this study was to determine if
speech intelligibility could be improved using a noise
canceller algorithm . The study consisted of pre-
senting speech materials to both normal and hearing
impaired individuals at various signal-to-noise (Sl
N) ratios, both with and without adaptive noise
cancelling .
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METHOD

Production of Test Materials
The equipment employed to produce the tape

recordings used in the study is shown in Figure 2.
The room where the recordings were made measured
approximately 3 .5 x 4.6 x 3 .5 meters. Speech-
spectrum noise generated by a Grason Stadler noise
generator Model P-5539A was played through one
loudspeake r id CID W-22 phonetically balanced
word lists wei pkid, ed through the other . The speech
and noise were picked up by the "primary input"
microphone placed 150 cm equidistant from both
loudspeakers, and the loudspeakers were 193 ern
apart, thus forming a triangle . The "reference"
input to the adaptive filter was routed from the noise
generator through a lowpass filter with a 4 kHz
cutoff. The purpose of this lowpass filter was to
shape the speech-spectrum noise so that it looked

more like the acoustical noise being emitted by the
loudspeaker used in this study . This configuration
provided a realistic environment for noise cancel-
lation because the interference was composed of
multiple reflections off the walls and equipment in
the room.

Adaptive filter processing was performed in "real-
time" using a Modular Adaptive Signal Processor
(MASP) with a 12 bit A/D and D/A . The length of
the filter was set at 688 taps with a 20 kHz sample
rate. The large number of taps were required to
compensate for the impulse response of the room.
Reverberation measurements made in 1/3 octaves
in the test room ranged from .317 to .404 seconds
for 250 Hz through 4,000 Hz . A small time delay
(48 samples = 2 .4 ms) was inserted into the reference
channel of the MASP to account for some of the
propagation delay . As shown in Figure 2, pre and
post lowpass aliasing filters with a cutoff of 8 kHz
were used for the MASP .
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Figure 3.
Summary of data for 12 normal-hearing subjects . (a) Audiogram . (b) Histogram shows mean percent correct in quiet for direct
recording, sound-field unprocessed, and sound-field processed . (c) Mean percent correct for 6 S/N ratios for processed and
unprocessed tapes.

Thus, the signal recorded on channel A of the
stereo tape deck was processed (using the two-
microphone adaptive canceller algorithm) and the
signal recorded on channel B was unprocessed.

Subjects and Procedures
Twelve subjects, all young adults with a mean

age of 23 years, were classified as having normal
hearing by meeting the following criteria: a) pure
tone threshold equal to or below 15 dB HL in the
right ear from 250-4,000 Hz re . ANSI - 1969 Stand-
ards (23), and b) obtaining a score of 96 to 100
percent on word list IA (of CID W-22 word lists)
from a direct recording under earphones when pre-
sented at 60 dB HL . This test tape, used for
screening, was a direct dub from the record with no
contamination by room acoustics in the recording.
Thus, it was free of reverberation.

The 12 normal-hearing subjects were presented
with the test tapes at 60 dB HL to the right ear.
Speech intelligibility was measured in quiet and
under different S/N conditions varying from -8 to
+ 12 dB, in increments of 4 dB, both with and
without adaptive filtering . The order of presentation
of the processed and unprocessed sound-field tapes
was counterbalanced. Word lists were always pre-
sented from the poorest S/N condition (-8 dB) in
increasing 4 dB increments to the highest S/N

condition (+ 12 dB) to reduce learning effects from
listening to different randomizations of CID lists 3
and 4 . The more positive S/N ratios were, of course,
easier to understand. Data collection was carried
out in two test sessions requiring about 1 hour each,
with brief rest periods interspersed between pres-
entations . Responses of subjects to the 50 word lists
were written.

Data obtained on 11 hearing-impaired subjects
were collected in the same manner as for normal-
hearing subjects, with the exception that the test
tapes were played at a most comfortable listening
level (MCL) instead of at a fixed dB HL level . Also,
the right ear was tested only if the hearing was
symmetrical. If the hearing was asymmetrical, the
poorer ear was tested . All hearing-impaired subjects
were adults ranging in age from 19 to 84 who had
sensorineural hearing losses.

RESULTS

Normal Hearing Subjects
The Audiogram in Figure 3a shows the shaded

area used as the criterion for the 12 normal-hearing
subjects . The histogram in Figure 3b shows that the
12 normal-hearing subjects obtained a mean score
of 99 .5 percent on the initial screening list (the
recording uncontaminated by room acoustics, which
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will be referred to as the direct recording) . Their
monaural speech intelligibility scores using the tapes
recorded in the sound-field without noise present
were 82 .5 percent for the unprocessed and 82 percent
for the processed recordings . Standard deviations
were 3 .4 and 5 .7 respectively . Therefore, monaural
speech intelligibility dropped approximately 17 per-
cent when the tapes were used that had been
recorded in a sound-field . The reason for this large
difference in intelligibility for the direct vs . sound-
field conditions will be discussed later.

It is important to note that in Figure 3b the scores
were comparable, in the sound-field condition with-
out noise, whether the tapes used had been recorded
in the unprocessed condition or had been routed
through the adaptive filter in the processed mode.
This would indicate that the adaptive filter did not
degrade the signal and that the maximum possible
score the subjects could obtain in noise, using the
processed or unprocessed tapes each contaminated
by room acoustics, should be approximately 82
percent.

Of primary importance, however, are the other
data, shown in Figure 3c. The lower curve shows
the mean data for the various S/N ratios in the
unprocessed condition . Note that the mean intelli-
gibility scores at -8, -4, and 0 dB S/N conditions
were all less than 5 percent . The function then
begins to rise to 25, 42, and 46 percent intelligibility
for the three positive S/N conditions.

The upper curve represents the same set of S/N
conditions after the adaptive filtering process . The

mean improvement in speech intelligibility was 37 .5
percent across all 6 S/N conditions represented by
separate mean improvements of 31, 45, 45, 43, 31,
and 30 percent for the S/N conditions of -8, -4, 0
+4, +8, and + 12 dB, respectively . Note that an
accurate estimate of improved intelligibility could
not be obtained at the -8 and -4 S/N ratios since the
unprocessed scores were zero percent . The mean
data and standard deviations for the normal hearing
subjects are shown in Table 1.

The maximum mean score for the processed
condition of 75 .3 percent at a + 12 S/N ratio appears
somewhat low . However, it should be remembered
that the maximum mean score in the sound-field
condition without noise present was 82 percent.
Close inspection of the standard deviations shows
that the maximum score obtained with the noise-
cancelled tapes was approaching the range of the
scores obtained in quiet.

Direct Recording vs . Sound-field Recording
Discrepancy

As previously discussed in Figure 3b, the decrease
in mean speech intelligibility by normal hearing
subjects of 17 percent (99 .5 percent to 82.5 percent)
between the initial screening (direct recording) and
the sound-field recording without background noise,
was more than expected. Degradations of speech
intelligibility from 6 to 13 percent have been reported
for normal hearing subjects listening to monaural
recordings constructed in reverberation conditions

Table 1
Mean processed and unprocessed speech intelligibility scores across 6 S/N ratios for normal-hearing
subjects .

SIGNAL-TO-NOISE RATIO

8 -4 0 +4 +8 +12 Combined
Mean

0% 1% 5% 25% 42% 46% 19 .83%

0 1 .59 4 .22 10 .21 6 .09 6 .02

31% 46% 50% 68% 73% 75% 57 .17%

5 .75 4 .75 6 .55 4 .52 6 .18 6 .95

31% 45% 45% 43% 31% 30% 37 .34%

Unprocessed
Mean

Normal-hearing
subjects speech
intelligibility in
percent . N = 12

SD

Processed
Mean

SD

Processed
Improvement
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similar to the present study of .3 to .4 seconds
(9,10,12,17,18).

In order to determine if the 17 percent intelligibility
degradation was due to the acoustic characteristics
of the sound-f ild in which the test tape was recorded
or to equip — It variables, the following auxiliary
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Auxiliary study Comparison of the three test
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Sound-field tapes
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Mean
percent
correct St)

ice

Test tape 1 (Original) 10 82 .8% 3 .68

Test tape 2 Duplicate 10 92 .0% 3 .40
protocol of
original)

Test tape 3 Anechoic 10 97 .8% 2.57
chamber)

The difference between Tape #2 (92.0 percent)
and Tape # (82 .8 percent) is more perplexing . The
score on Tape #1 is similar to scores that had been
obtained by the 12 normal-hearing subjects in the
primary study (82 .5 percent), suggesting that subject
variability did not account for the seemingly high
sound-field degradation for r — )-ndents to Tape #1.

Since Tapes #1 and #2
same equipment, envirom
explanation relates to a po
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in reducing intelligibility of taped consonant sounds.
A more complete discussion of this auxiliary study
on test room acoustics may be found in the report
by Pappas (19).

Hearing Impaired Subjects
Results for the 11 hearing impaired subjects will

be divided into two groups . All hearing impaired
subjects used in the study have test results consistent
with sensorineural hearing losses. Only their pure
tone air conduction audiograms will be shown for
one ear, although bone conduction e nd immittance
testing were carried out on all subjects . Group I
consisted of 6 subjects whose intell ; to, ity scores
were 80 percent or above on the inHal screening
list and greater than 55 percent on the unprocessed
sound-field tape without noise present . Group II
hearing impaired consisted of 5 subjects whose
speech intelligibility was less than 80 percent on the
initial screening or less than 55 percent on the
unprocessed sound-field tape without noise present.

Group I Hearing Impaired Subjects . The compos-
ite audiogram for subjects 1-5 in Group I is shown
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Figure 4.
Summary of data for subjects 1-5 in Group I of the hearing-impaired . (a) Composite Audiogram . (b) Histogram shows mean

percent correct in quiet for direct recording, sound-field unprocessed, and sound-field processed . (c) Mean percent correct for 6

S/N ratios for processed and unprocessed tapes.
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Figure 5.
Summary of data for subject 6 in Group 1 of the hearing-impaired . (a) Audiogram . (b) Histogram shows mean percent correct in
quiet for direct recording, sound-field unprocessed, and sound-field processed . (c) Mean percent correct for 6 SlN ratios for
processed and unprocessed tapes.

in Figure 4a . The mean slope of the hearing losses
from 125 to 8 kHz was 10 dB/octave (SD-4 .1 dB).
These subjects were grouped together because of
their common high frequency sensorineural type
hearing losses . The audiogram for subject 6 in Group
I is shown in Figure 5a . Although he fit the criteria
for Group I in terms of speech intelligibility, his
sensorineural hearing loss was more low-frequency
in nature and thus his data were handled separately .

The histogram in Figure 4b for Group I shows
that the mean intelligibility score for the direct
recording in quiet was 92 .8 percent . The mean scores
for the sound-field recordings in quiet for both the
processed end unprocessed recordings were 76 .8
percen` . ire 4e shows the mean scores for the
processed (tpper curve) and unprocessed (lower
curve) conditions across the 6 S/N ratios . Note the
similarity of these data compared to the normal-
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hearing data presented in Figure 3c . Table 3 presents
the means and standard deviations in percent correct
for subjects 1-5 in Group I.

The mean improvement in speech intelligibility
seen in Table 3 across all SIN conditions was 38 .3
percent for the 5 hearing impaired subjects which
is similar to the 37.5 percent improvement previously
reported for the 12 normal-hearing subjects in Table
1 .

Figure 5a shows the audiogram for subject number
6 of the hearing-impaired Group I . This subject has
a low-frequency sensorineural type hearing loss
rather than the high-frequency sloping loss shown
by the other five subjects in the group . Figure 5c
shows that the processed versus unprocessed speech
intelligibility scores are similar to those of the
normal-hearing subjects, as well as the other 5
hearing-impaired subjects of Group I.

Group II Hearing Impaired Subjects . Figures 6
through 10 show the individual data for the 5 hearing-
impaired subjects in Group II whose sound-field
monaural speech intelligibility was below 80 percent
on the direct recording in quiet or below 55 percent
(mean 37 percent SD = 13 .3) listening to the sound-
field recordings without noise present.

Subject JB was a 59-year-old male whose data
are displayed in Figure 6 . His audiogram in Figure
6a exhibited a high-frequency sensorineural hearing
loss. His score of 44 percent correct listening to the
direct recording shown in Figure 6b was the lowest
score for all our subjects . This would indicate that,
even without reverberation and in quiet, he would

do poorly . With reverberation added he dropped
another 20 percent . His scores listening to the 6 S/
N conditions processed and unprocessed never ex-
ceeded 20 percent although he did slightly better
with the processed materials . Certainly this is an
individual with severe communication problems.

Subject RB, a 51-year-old male shown in Figure
7a, had a rather flat, moderate, sensorineural hearing
loss . Figure 7b showed that he did very well listening
to the direct recording, i .e ., 84 percent, but his
listening ability fell to below 30 percent when a
moderate amount of reverberation was added . Fig-
ure 7c shows that he never reached 20 percent
correct listening to any of the S/N conditions in
either the processed or unprocessed tapes, although
he did slightly better at the positive S/N ratios . This
subject would also be expected to have extreme
communication problems in a real world environ-
ment with noise, reverberation, or both present.

Subject EC, a 55-year-old female whose data are
shown in Figure 8a, had a low-frequency sensori-
neural hearing loss . She did extremely well listening
to the direct recording, as shown by her score of
96 percent in Figure 8b . However, she showed a
dramatic drop in intelligibility when reverberation
was added . Figure 8c indicates that she was able to
benefit from the signal-processing, as her score rose
by 36 percent from the unprocessed to processed
condition at a + 12 S/N condition.

Subject JG, a 56-year-old female, had a moder-
ately-severe flat sensorineural hearing loss as seen
in Figure 9a . She did fairly well listening to the

Table 3
Mean processed and unprocessed speech intelligibility scores across 6 S/N ratios for hearing-impaired
subjects .

SIGNAL-TO-NOISE RATIO

-8 -4 0 +4 +8 +12 Combined
Mean

0% 0% 3% 14% 37% 47% 16 .83%

0 3 .7 8 .7 8 .6 7 .1

36% 44% 49% 65% 68% 69% 57 .17%

6.6 4 .8 7 .7 7 .6 10 .3 8 .4

36% 44% 46% 51% 31% 22% 38 .30%

Unprocessed
Mean

Hearing-impaired
subjects speech
intelligibility in
percent. N = 5

SD

Processed
Mean

SD

Processed
Improvement



83

Section H . Noise Reduction : Brey et al.

0

20

40

60

80

100

a

Freq. in kHz

.25 .5

	

1

	

2

	

4

	

8
100

80

60
0
U

• 0

b

mo—as---

I----,
_wri' --

100

80

60
0

40

20 2

0
Dir. S .F. S,F
Rec. U.P. P.

Processed
Unprocessed

4 8 12

S/N RATIO

C

Figure 6.
Summary of data for subject JB in Group II of the hearing-impaired . (a) Composite Audiogram . (b) Histogram shows mean percent
correct in quiet for direct recording, sound-field unprocessed, and sound-field processed . (c) Mean percent correct for 6 SIN ratios
for processed and unprocessed tapes .

IIIIIINININNINM
IIIIM 111I 1111

IM MI MI MIM
Mall
MKMI

	

is
-/lFIM%

12

A Processed
Unprocessed

Figure 7.
Summary of data for subject RB in Group II of the hearing-impaired . (a) Composite Audiogram . (b) Histogram shows mean
percent correct in quiet for direct recording, sound-field unprocessed, and sound-field processed. (c) Mean percent correct for 6
SIN ratios for processed and unprocessed tapes .

100

80

8 60
40

o 20

0
Dir. S.F. S .F

Rec. U.P. P.

a

0

20

40

60

80

100

S/N RATIO

C

100

80

60
0

40

20

A'0

direct recording, scoring 82 percent as seen in Figure
91b . She too showed a dramatic drop in intelligibility
when reverberation was added, dropping to below
50 percent . Figure 9c shows that the noise cancelling
improved her scores by 30 to 40 percent for the
poor S/N conditions.

Subject LS, an 84-year-old male shown in Figure
10a, exhibited a high frequency sensorineural hear-
ing loss . Figure 101b shows that he did quite well
listening to the direct recording, scoring 86 percent .

However, when reverberation was added he dropped
to 50 percent . The data in Figure lOc indicate that
the noise cancelling improved his scores only at the
0 and +4 S/N conditions.

In summary, all subjects in the normal-hearing
group and in Group I hearing-impaired subjects
showed improved scores for processed tapes over
the unprocessed tapes across the 6 S/N conditions
tested. Group II's hearing-impaired subjects data
cannot be directly compared with the other subjects
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for processed and unprocessed tapes.

presented because of their poor sound-field speech
intelligibility prior to receiving the processed and
unprocessed materials . However, each of the 5
hearing-impaired subjects in Group II exhibited data
that should be handled on an individual basis.

It is interesting to note that, for each subject, the
best processed intelligibility score was: 1) an im-
provement over the unprocessed score, and 2) sim-
ilar to the maximum sound-field intelligibility results
prior to the inclusion of the six S/N conditions .

CONCLUSIONS

The results of this study indicate the advantages
of a noise cancellation system utilizing a reference
sample of the noise that is independent from the
primary speech signal mixed with the noise . Three
findings of this investigation are of particular inter-
est. First, normal-hearing individuals can certainly
benefit from noise cancelling using a two-micro-
phone algorithm. Second, the data for most hearing-
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Section H . Noise Reduction : Brey et al.
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Figure 10.
Summary of data for subject LS in Group II of the hearing-impaired . (a) Composite Audiogram . (b) Histogram shows mean
percent correct in quiet for direct recording, sound-field unprocessed, and sound-field processed . (c) Mean percent correct for 6
SIN ratios for processed and unprocessed tapes.
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impaired subjects (Group I) showed speech intelli-
gibility improvement similar in pattern and magni-
tude to that of the normal-hearing subjects . Gener-
ally, subjects with moderate hearing impairment
report severe difficulty in understanding speech in
poor S/1V ratios . With this noise cancellation pro-
cedure, one might expect the background noise
reduction to enhance speech intelligibility for the
hearing-impaired subjects to an extent that would
approach the maximum intelligibility they would
experience for an optimal speech signal in a quiet
background. Third, the individuals in Group II
exhibited severe communication problems even
without the presence of noise . In some cases,
however, the noise cancelling did at least help them
to do as well with the noise as they did in quiet . As
a side benefit to this study, the authors feel it is
important to point out some noteworthy data shown
by the 5 subjects in Group II . Although the mean
score for the subjects when listening to the direct
recording in quiet was 87 percent, their mean score
dropped to 46 percent when a moderate amount of
reverberation was added . Most extreme is subject
RB in Figure 7 who dropped from 82 to 28 percent,
a drop of 54 percent . Subject JB in Figure 6 was
even worse off as she scored only 46 percent listening
to the direct recording and 24 percent with rever-

beration. These individuals exhibit the difficult types
of problems with which the hearing health team
must begin to deal.

It would certainly make sense to include rever-
beration and different noise measurements as routine
clinical work, when trying to assess an individual's
ability to communicate in the real world and whether
or not he/she can benefit from amplification . All
who work closely with hearing-impaired persons
have often heard the comment that understanding
the spoken word is difficult . These data certainly
support that notion and further crystallize the fact
that reverberation and noise can be devastating to
those with hearing impairment.

A drawback to current communication systems
designed to aid hearing-impaired individuals in class-
rooms or industrial and military environments is the
need for a positive S/N ratio at the speakers micro-
phone . The results of this study showed maximum
or near maximum speech intelligibility improvement
when the S/N ratio at the primary microphone was
zero or negative.

Future work is under way to apply the two-
microphone adaptive canceller system in different
types of noise environments, including speech bab-
ble and real world industrial settings .
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