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Abstract—Wavelet-based multiband dynamic range compres-
sion is developed to compensate for a common hearing impair-
ment known as recruitment of loudness. The algorithm com-
bines standard compression with intensity-level dependent gain
calculation. Complexity and performance are similar to tradi-
tional techniques. Further, the methods established here can
be applied to the more adaptive wavelet packets and local co-
sine bases which model the speech signal more closely.

I. INTRODUCTION

N this work, we consider the efficacy of using a wave-

let representation of speech in a compensation algo-
rithm for the hearing-impaired. The particular hearing im-
pairment that we address is recruitment of loudness.
Although many previous approaches have been used to
compensate for recruitment of loudness, none are con-
sistently good for the full range of sounds found in a lan-
guage like English for all listening environments [1]. Pre-
liminary experiments with wavelet-based amplitude
compression produced results which are comparable to
previous compensation schemes. The wavelet-based
methods developed here can be adapted to wavelet packets
and local cosine bases which allow more flexible choice
of frequency bands and better matching of the speech
waveform. ' '

A. Recruitment of Loudness

Recruitment of loudness commonly occurs in conjunc-
tion with sensorineural hearing impairments which are
caused by prolonged or excessive exposure to noise,
Méniére’s syndrome, congenital or hereditary factors, and
aging [2]. Here, the word recruitment means a growth or
increase. By our nomenclature, loudness refers to the sub-
jective magnitude of sound; intensity refers to the mea-
sured power of the acoustic signal. If a listener suffers
from recruitment of loudness, perceived loudness grows
more rapidly with an increase in sound intensity than it
does in the normal ear. '
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For the purposes of building compensation systems, it
has been shown that recruitment of loudness can be mod-
eled as an expander followed by an attenuator [3]. The
expander causes speech to cover a greater portion of a
normal listener’s dynamic range of hearing. The atten-
uator simulates raising the threshold of hearing causing
low intensity speech to be below the threshold of hearing.

Equal loudness curves are functions mapping loudness
to intensity at each frequency such that any two tones
played at the associated intensities along a given curve
will sound equally loud. The thresholds of hearing and
pain bound the range of sounds that a person can hear.
This range is called the dynamic range of hearing. For
normal-listeners, equal increments in sound intensity pro-
duce equal increments in loudness perception uniformly
across all frequencies of importance to speech signals.
Since the threshold of hearing is usually raised with re-
cruitment of loudness while the threshold of pain may re-
main constant or even be lowered, the dynamic range of
hearing is reduced. Thus, the loudness curves are com-
pressed together, causing relatively small changes in in-
tensity to give larger corresponding changes in perceived
loudness.

It is possible to simulate the dominant effects of re-
cruitment of loudness in normal-hearing listeners by add-
ing background noise to the audio signal. Models of
masking effects often use noise to approximate the con-
tributions made by the inner ear malfunctions [4]. Thus,
compensation algorithms can be tested with normal-hear-
ing listeners by masking the compensated speech with ap-
propriately shaped background noise.

B. Traditional Compensation Techniques

A variety of techniques have been used to compensate
for recruitment. These fall under two general categories:
linear amplification with automatic gain control and am-
plitude compression with equalization [1]. In either cate-
gory, compensation algorithms can have one or many
bands.

1) Linear Amplification: Linear amplification with au-
tomatic gain control has shown the best performance un-
der the controlled conditions of laboratory tests [1]. The
base amplification level is set to raise as much of the
speech signal above the threshold of hearing as possible.
The automatic gain control keeps the signal below the
threshold of pain. In a study performed by Lippmann et
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Fig. 1. Typical hearing threshold and discomfort threshold for a subject
having a high frequency sloping sensorineural hearing loss with recrait-
ment of loudness. The range of conversational speech is shown before and
after compression processing.

al. [1], amplitude compression was shown to perform bet-
ter when the input speech had a low overall intensity and/
or had variations in intensity level that were closer to nor-
mal conversational speech than the prerecorded speech
that is often used in lab tests. Since this prerecorded
speech has a limited dynamic range, it can be considered
equivalent to precompressed speech. Amplitude compres-
sion was also shown to compensate better for subjects with
significant losses of dynamic range [5].

2) Amplitude Compression: Compression with equal-
ization was first proposed by Villchur who showed that
expansion followed by attenuation was a reasonable model
of recruitment of loudness [3]. Thus, this compensation
technique was designed specifically to invert the effects
of recruitment of loudness. Its effect is to map speech from
the normal conversational speech range into the reduced
range of an impaired listener so that the impaired listener
will hear a sound at a comparable loudness to that at which
the normal listener hears the uncompressed sound. Fig. 1
shows the normal range of conversational speech and the
compressed range superimposed on typical hearing pro-
files of normal-hearing and hearing-impaired subjects.
With most schemes for implementing compression, the
parameters are chosen based on normal conversational
speech and remain fixed over time. Low level input may
not receive enough boost, and high intensity sounds may
be severely clipped. Therefore, a compensation scheme
which adapts to calculate the amount of compression gain
based on input should perform better.

3) Parametric Compression: Compression of speech
parameters can also serve to compensate for recruitment
of loudness. An interesting example, and the one that is
the basis for the wavelet-based algorithm, is TVFD (time-
varying frequency-dependent) processing [6]. This pro-
cessing is based on a sinusoidal model of speech [7] in
which speech is represented as the sum of sinusoids with
various amplitudes, frequencies and phases. The compo-
nents are calculated from the short-time Fourier transform
using a 20 msec window. TVFD is a digital, multiband
compression system in which each sinusoidal component
corresponds to a separate frequency band. The sinusoidal
amplitude parameters are given compression gain based

WAVELET ANALYSIS IN RECRUITMENT OF LOUDNESS COMPENSATION

3307

on an intercomponent masking model of both normal-
hearing and hearing-impaired listeners. The masking
model incorporates the listener’s thresholds of hearing and
pain. Calculating the gain for each frequency component
based on preserving the relative distance above masked
threshold allows the algorithm to adjust to the time-vary-
ing qualities of the input speech.

II. WAVELET-BASED COMPRESSION

Wavelet-based compression uses the TVFD-style gain
calculation, i.e., gain is calculated separately for each
wavelet coefficient based on its intensity level, with the
wider bandwidths of traditional multiband amplitude
compression. The parameters of this parametric compres-
sion algorithm are wavelet coeflicients. As a compression
technique, the strategy of wavelet-based compression re-
mains to invert the expander/attenuator model of recruit-
ment of loudness. ‘

The wavelet analysis/synthesis in this algorithm is per-
formed via the multiresolution analysis wavelet decom-
position/reconstruction algorithm developed by Mallat
[8]. It is also called a fast wavelet transform (FWT) [9].
Multiresolution analysis decomposes a signal onto a hi-
erarchical system of subspaces of L?(R) consisting of a
multiresolution subspace and an orthogonal subspace at
each resolution level. At the m™ level, the multiresolution
space, V,,, is spanned by the basis functions {2™/% ¢(2™x
— n); neZ} and the space, W, orthogonal to V,, in V, 4,
is spanned by {2”'/ 2 y(2™ — n); neZ}, where ¢(x) is
called the scaling function and y/(x) is called the wavelet
function. Mallat’s algorithm allows wavelet coefficients,
Con = {F @, ¥ma), and scaling coefficients, d,,, = { f(?),
$m) at the m™ scale to be calculated recursively from the

- representation of the speech signal, f (¢), at the preceding,

finer scale, d,, .1 ., through the following filtering oper-
ation:

2 hQn = k) dyir i

d. =
™ ke ce

Con = 21 821 = B) i1k

where
h(n) = h(—n)
h(n) = (@_1,0, Po.n?
(D_1.00 Pok—22) = <’¢mn, bm+1,k) ¢y
and
&n) = g(—n)
g(n) = (¥ _y 0, Do,n>
Vot.00 Pok—200 = Vs Pt 1,00+

The synthesis algorithm recursively regenerates the
d +1,n coeflicients from the coefficients at the next coarser
level, d,,, and c,,,. Note, { f(2), ¢ ,» is the original sam-
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Fig. 2. (a) The impulse response, k(n), of the filter corresponding to the Scaling function, ¢(x). The sampling rate is 8 kHz.
(b) The transfer function of A(n). (c) The impulse response, g(n), of the filter corresponding to the wavelet function, ¥(x). The

sampling rate is 8 kHz. (d) The transfer function of g(n).

pled speech signal and m = 0, — 1, —2, - - - in this
paper. The nth coefficient at the m + 1% scale is

dpsin= 2 hin =26 dm + 2 g = 2K)cm,

where h(n) and g(n) are the impulse responses of quad-
rature mirror filters. The filters used for the testing of the
wavelet-based compression algorithm are those used in
Mallat’s algorithm [8]. Their impulse responses were
truncated to 49 samples. They are derived from the scal-
ing function, ¢(x), of a class of multiresolution approxi-
mations of L*(R) studied by Lemarie [10] and Battle [11].
#(x) is a continuously differentiable and exponentially de-
creasing function. For details about this scaling function,
refer to (8, Appendix A]. Fig. 2 shows the impulse re-
sponses and the corresponding transfer functions of the
filters used in this implementation. The final filter bank,
corresponding to two levels of multiresolution decompo-
sition, is shown in Fig. 3.

The results of FWT analysis/synthesis are shown in Fig.
4. Fig. 4(a) shows the original time waveform of the sen-
tence, Cats and dogs each hate the other. The same sen-
tence after analysis/synthesis is shown in Fig. 4(b).

To compensate for recruitment of loudness, compres-
sion is applied to each wavelet coefficient c,,, and then the
signal is reconstructed from a wavelet series with the
modified coefficients. Gain is applied in such a way as to
amplify the coefficient from a given equal loudness curve
in the normal-hearing person’s hearing profile to the cor-
responding equal loudness curve in the hearing-impaired

Magni tude
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o
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‘Fig. 3. Filters corresponding to two levels of wavelet analysis.

person’s profile. Since each wavelet coefficient corre-
sponds to a band of frequencies, the equal loudness curves
have been arranged within each band to also give one
value per band.

Gain is calculated for each wavelet coefficient in each
band such that the ratio of log intensity above hearing
threshold to dynamic range of hearing is the same for the
hearing-impaired listener as the.corresponding ratio is for
the normal-hearing listener. In other words, the compres-
sion gain is found so the desired relation specified in [2]-
and pictured in Fig. 5 holds. Mathematically,

&%  A*
— o — 2
5 A 2
where
e 6 =C,, — T,,, = the distance the unamplified wave-

let coefficient is above a normal hearing person’s thresh-
old of hearing (in dB).




DRAKE er al.: WAVELET ANALYSIS IN RECRUITMENT OF LOUDNESS COMPENSATION

Amplitude (x10000)

Time in seconds

(2)

Amplitude (x10000)

Time in seconds

(b)

Fig. 4. (a) Original time waveform of the sentence, Cats and dogs each
hate the other. (b) Time waveform of the same sentence processed using
wavelet analysis/synthesis with no compression.
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Fig. 5. Calculation of gains based on the distance the wavelet coefficient
is above the approximated threshold of hearing for the normal and impaired
listener.

¢ o* = the distance the compensated wavelet coeffi-
cient is above a hearing-impaired person’s threshold of
hearing (in dB).
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® A = Tp4p — Tpor, the nommal-hearing person’s dy-
namic range of hearing (in dB).

® A* = T,4n — Tin, the hearing-impaired person’s dy-
namic range of hearing (in dB).

e C,n = 20 log cpn.

e T,, = the hearing-impaired person’s threshold of
hearing (in dB).

¢ T, = the normal-hearing person’s threshold of
hearing (in dB). .

® T, = the threshold of pain for both (in dB).

With the above-defined relation, compression gain for
a coefficient can be derived as follows. Let C%,, = 20 log
c* be the compensated coefficient in dB. Then,

A*
C,’Sn=7}m+6*=7}m+5—A—- 3)
Substituting the definition of & into (3)
A*
C:m = Tim + (Cmn - Tnor) "K (4)

Define the thresholds ¢, and 1, such that T;,, = 20 log
tim and T,,, = 20 log t,,., and substitute into (4) to find
the compensated coefficient

A*
20 log ¢¥, = 20 log ¢, + 20 N log ¢,y

A*
= 20 == 10g Loy

Thus, the amplitude compression operator maps the coef-
ficient, c,,, to the compressed coefficient, c %, as follows:

CEy = b (5"’—">““. (5)

IMI‘

The transformation ¢,,, — c¢¥, defined by [5], could be
applied anytime the speech signal is represented as a su-
perposition of basis functions, all of which are reasonably
well localized in frequency. For example, this transfor-
mation is used in TVFD where speech is modeled as a
linear combination of sinusoids. With TVFD the thresh-
olds include the effects of intercomponent masking. The
transformation could be applied equally well to a wavelet
packet representation of the speech signal or a superpo-

* sition of local cosine functions.

Upon reconstruction of the compensated wavelet coef-
ficients similar resuits are achieved to amplitude compres-
sion. This is illustrated in Fig. 6 which shows the original
spectrum for the vowel /A/ in the word other along with
the vowel using the wavelet-based compensation tech-
nique and multiband amplitude compression for a flat-loss
subject. With both compensation techniques the general
formant structure is maintained.

III. CoMmPARISON WITH OTHER TECHNIQUES

As discussed in the previous section, this wavelet-based
processing technique bears a close resemblance to multi-
band amplitude compression. Therefore, as a preliminary
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Fig. 6. Spectra of the vowel /A/ based on an FFT magnitude with a 49
sample Hanning window. (a) Original vowel spectrum. (b) Wavelet-based
compensation vowel spectrum. (¢) Amplitude compression vowel spec-
trum. '

evaluation, this new technique was compared to compres-
sion from both a subject-based performance and an im-
plementanon perspectlve The compression algorithm
used 2:1 compression in each barid. The bands were the
same as those with the wavelet processing: 0-1000 Hz,
1000-2000 Hz and 2000-4000 Hz which aré shown in
Fig. 3. A summary of those results is presented here.

A. Subject-Based Testing

Listening tests were conducted using four normal-hear-
ing subjects between the ages of 30 and 50 years with
noise masking to simulate a flat-loss hearing impairment.
The stimuli were sentences from the 500 Harvard Sen-
tences listed in the IEEE Recommended Practice for
Speech Quality Measurements. Each sentence has five key
words to test for correctness. This provides analysis of
the speech reception abilities in conversational speech,
where contextual information can be used. 4

Training consisted of ten sentences (50 words) pre-
sented at the most comfortable listening level for each
processing technique. Subjects made little adjustment to
listening level between techniques. Testing consxsted of
20 sentences per system. Trammg and testing on one sys-
tem was completed before proceeding to the next system
for each subject. The listener was instructed to write down
each sentence after it was played twice.

The results, given in Table I, show that performance
on both multiband amphtude compression and the wave-
let-based processing was similar. The average score on
the compression processing was 80.6% words correct ver-
sus 78.1% words correct for the wavelet-based process-
ing. Subject JC showed the most vanauon between sys-
tems with a score ten percentage points higher on the
compression processing. TR showed almost no difference
between systems. LD and EC had a six-percentage-point
spread between systems, one favoring the wavelet pro-
cessing and the other favoring compression. One com-
ment made by TR was that he found the compression pro-
cessing to be a little clearer, whlle the wavelet processing
was more pleasant.

B. Implementation Differences

An obvious question in light of the above results is what
advantage does wavelet processing have over traditional
multiband filtering approaches. From a complexity per-
spective, both are fairly similar. In the processing stage
before applying the compression gain, both mainly in-
volve convolution. Four convolutions are needed to get
three levels within the wavelet processing, while only
three are needed to get the filter outputs. However, since
with the wavelet processing the number of data points is
halved at.each resolution scale, so are the lengths of the
convolutions. With a parallel bank of bandpass filters the
amount of information (and thus memory) is increased in
proportion to the number of bands used in the system,
whereas the wavelet processing will have the same num-
ber of coefficients as data points. The computation of the
gains is similar in complexity for the two techniques.
During reconstruction, the wavelet processing requires
additional convolutions; the multiband compression
mierely requires addition of the filtered time waveforms.
On a DSP microprocessor, the additional convolutions of
wavelet processing would not be as significant as the in-
creased memory required by multiband compression. In
relation to TVFD, processing complexity is lower. With
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TABLE 1
PERCENT CORRECT WORDS FROM SENTENCE TESTING

Subject JC |TR| EC | LD | Avg
Compression 72%1 88% | 74.5% | 88% | 80.6%
Wavelet 62.5% | 87% ‘} 81% | 82% | 78.1%

TVFD, a set of joint linear equations must be solved to
model the intercomponent masking relationship.

An advantage to using wavelet processing is that the
variable support of the wavelet in the time domain is de-
pendent upon its scale. Thus, calculation of gain will be
customized to the characteristics of the speech waveform
in each frequency region. The gain for consonants and
stops, which contain predominantly high frequencies, will
be calculated from a smaller window than vowels, which
contain more low frequencies. With multiband compres-
sion processing, gains are based on the energy envelopes
which follow variations in the waveform according to pre-
determined time constants. With other parameterization
techniques the window size is the same for each frequency
band.

The calculation of the gains is designed so that each
coeflicient will be within the impaired listener’s residual
dynamic range regardless of the intensity level of the in-
put speech. Multiband filter compression systems are
time-invariant. They are based on the average intensity
level of input speech and may have some reduction in per-
formance for very low level inputs [1].

IV. CoNCLUDING REMARKS

The wavelet-based multiband compression algorithmn
is a viable altermative to traditional multiband filtering
techniques. The structure lends itself quite well to this
application since the wavelet decomposition provides ac-
cess to both time-domain and frequency-domain infor-
mation. While performance and complexity are compa-
rable, the wavelet-based processing allows TVFD style
customization of the gain calculation at each point. Fur-
thermore, there are more sophisticated signal decompo-
sition systems, such as wavelet packets and local cosine
bases, which are more adaptive and could provide more
efficient and flexible signal representations. Wavelet
packets are especially well suited to this problem since it
1s possible to decompose the signal into frequency bands

that are as fine as desired. Rather than being confined to

the octave band format of the wavelet transform, com-
pensation gain can be calculated more carefully in regions
where the threshold of hearing changes rapidly. Also, ex-
periments have shown that, for the same amount of data
compression, wavelet packets result in less distortion.
This suggests that the wavelet packets have a better ability
to match the speech waveform. In this paper, a method of
operating on the wavelet coefficients to perform multi-
band compression has been established. This method

could be applied equally well to coefficients of the better
adapted wavelet packets or local cosine bases.
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