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Abstract- As a result of increased spectral masking, elderly
persons with sensorineural hearing impairment and persons using
mobile phones under adverse listening conditions have difficulty
in speech perception. Multi-band frequency compression can be
used for reducing the effect of spectral masking. The speech
spectrum is divided into a number of analysis bands and the
frequency components in each of these bands are compressed
towards its center, by a constant compression factor. We have
investigated three frequency mappings for this processing: (i)
sample-to-sample mapping, (ii) superimposition of spectral
samples, and (iii) spectral segment mapping. Evaluation of these
schemes through listening tests showed that spectral segment
mapping achieves desired compression by retaining the spectral
distribution of energy in the signal.

I. INTRODUCTION

Sensorineural hearing loss occurs when the functioning of
the cochlea is affected or when there is dysfunction of the
auditory nerve or higher centers in the auditory pathway. In
cases of sensorineural hearing loss, the auditory filter
bandwidth generally increases and frequency selectivity gets
reduced due to increased spectral masking [1] - [5]. The
perceptual consequences of loss of frequency selectivity due to
widened auditory filters are greater susceptibility to masking,
and difficulty in separating two or more simultaneously
presented sounds. Hence persons with sensorineural hearing
loss have difficulty in speech perception. Normal hearing
persons face similar difficulty under adverse listening
conditions, e.g. using a mobile phone in a noisy environment.

Earlier studies [6],[7] have shown that binaural dichotic
presentation, using critical bandwidth based spectral splitting
with perceptually balanced comb filters, helps in reducing the
effect of spectral masking for persons with moderate bilateral
sensorineural hearing impairment. However, the scheme is
useful only for binaural hearing. For monaural hearing, multi-
band frequency compression can be used for reducing the
effect of spectral masking. In this technique, the speech
spectrum is divided into a number of analysis bands, and
frequency components in each of these bands are compressed
towards its center by a constant compression factor. Thus, the
speech energy is presented to the impaired ear over relatively
narrow bands [8].

The signal processing technique employed by Reed et al
[9], was aimed at compressing the speech spectrum to fit into
the reduced hearing range of the impaired ear. The technique
involved four steps: segmentation, warping, dilation and time
aliasing, and resynthesis. The speech signal was segmented
into small intervals, equal to pitch period for voiced sounds and
of a fixed length for unvoiced sounds. Each segment was
subjected to time-variant warping operation, transforming the
frequency axis nonuniformally. The resulting segments were
dilated in time to lower the warped spectrum, and time aliased
to compensate for the prolongation associated with warping
and dilation. Since the segments had precisely the same
duration as the unprocessed segments, resynthesis was done by
simply adding successive processed segments.

The frequency compression technique, as reported in [8],
[10], is based on auditory critical bands. In this technique,
speech signal was compressed towards the center of each
critical band along the frequency axis. First the input speech
was divided into frames by a Hamming window. Next, FFT
was computed on each frame to obtain amplitude and phase
spectra. Amplitude spectrum was then compressed towards the
center of each critical band along the frequency axis.
Compression in the range of 10% to 90% was used. Amplitude
spectrum, after piece-wise frequency compression, was then
combined with original phase spectrum. Finally, resynthesized
signal is obtained using overlap-add method. Listening tests
were conducted on impaired subjects, with fifty VCV syllables
uttered by a male speaker were taken as test material. A modest
improvement in the recognition score (38.3% for the processed
set as against 35.4% for the unprocessed set) has been reported.

Multi-band frequency compression concentrates spectral
energy towards the band centers in order to partly compensate
for the increased frequency masking. The quality and intelligi-
bility of speech signal obtained after multi-band frequency
compression depends on the frequency mapping employed.
The objective of present investigation is to select the most
appropriate scheme of frequency mapping. Three different
frequency mapping schemes are investigated: sample-to-
sample mapping, spectral sample superimposition, and spectral
segment mapping.

437



Proc. 14th National Conference on Communications 2008 (NCC 2008), Bombay, India.

II. SIGNAL PROCESSING

Multi-band frequency compression involves three steps:
(1) segmentation and spectral analysis, (2) spectral
modification, and (3) resynthesis. A set of frequency compo-
nents (complex values) falling in each of the predefined
frequency bands, are compressed towards the center of the
band, by a compression factor. In our implementation, the input
speech signal, sampled at 10 k samples/s, is divided into
segments of length 200 samples (20 ms) with 50% overlap.
Each windowed speech segment is zero padded to the length of
N and then N-point FFT is computed on it. Frequency scale of
the spectrum is then divided into eighteen analysis bands based
on auditory critical bands [11] as shown in Table 1. The
frequency components falling in each of these bands are
compressed by a constant compression factor towards the
center of the corresponding critical band. The modified
complex spectrum is converted back to time domain by N-point
IFFT, and modified speech is resynthesized by overlap-add
method [12], [13]. Investigations involving different FFT sizes
showed that N = 1024 was adequate for various compression
factors and hence 1024-point FFT was used. Since the
frequency samples in each band are compressed towards the
center of the band by a constant factor, by using same
compression factor for all the bands, the processing preserves
the harmonic structure in case of voiced speech and
randomness in case of unvoiced speech.

TABLE 1

LIST OF CRITICAL BANDS ALONG WITH THEIR CENTER FREQUENCIES

Critical Center Frequency
band frequency range
in kHz in kHz
1 0.13 0.01-0.20
2 0.25 0.20-0.30
3 0.35 0.30 - 0.40
4 0.45 0.40-0.51
5 0.57 0.51-0.63
6 0.70 0.63-0.77
7 0.84 0.77-0.92
8 1.00 0.92-1.08
9 1.17 1.08 -1.27
10 1.37 1.27-148
11 1.60 148-1.72
12 1.86 1.72-2.00
13 2.16 2.00-2.32
14 2.51 2.32-2.70
15 292 2.70-3.15
16 3.42 3.15-3.70
17 4.05 3.70 —4.40
18 4.70 4.40 - 5.00

A. Sample-to-Sample Mapping
The relationship between compressed spectrum Y and the
original spectrum X for frequency samples k falling in the i"

analysis band is given as Y(k')=X (k) with
k' = kic+round (& (k — kic)) o)

where, o is the compression factor, and k;. is the center
frequency of the i" analysis band, and is given by

kic = 0.5 (kis + kie ) 2)

where k;; and k; are the starting and ending indices for the i
band. The frequency mapping is illustrated in Fig. 1 for two of
the analysis bands i.e. 0.2 kHz — 0.3 kHz and 0.3 kHz-0.4 kHz,
with the center frequency of 0.25 kHz and 0.35 kHz
respectively. For f; of 10 k samples/s, and for 1024-point FFT,
frequency samples from 21 to 31 with 26 as a center point will
fall in the first band and samples from 32 to 41 with 36 as a
center point will fall in the second band.

In this mapping, if two or more frequency components are
mapped on to the same point, then only the one with the largest
index amongst them will be retained. As a result, some of the
frequency components in the unprocessed spectrum may not
contribute to the compressed spectrum, resulting in irregular
variation in the spectrum and signal energy.
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Fig.1 Sample-to-sample mapping
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Fig. 3 Spectral segment mapping

B. Spectral Sample Superimposition
This mapping addresses the problem of missing components
in the earlier mapping, by adding the spectral samples which
map to the same index.
Figure 2 illustrates this frequency mapping. Reduction in
the energy of the processed signal, as observed earlier, got
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partly compensated. However, variation in the number of
spectral samples contributing to the mapping cause some
irregular variation in the spectrum of resynthesized speech.

C. Spectral Segment Mapping

The objective of this mapping is to achieve the frequency
compression without irregular variation in the spectrum. Let &’
be an FFT index on the compressed spectrumY( k'). We need

to find the total contribution at k’, on the compressed frequency
scale, from the unprocessed spectrum X (k) . As shown in Fig.

3, the spectral segment from a to b, in the unprocessed
spectrum, contributes for k’ on the compressed scale. The
values of a and b are given as

a=ki—[ (ke—(k'-0.5))/ | 3)
b=a+llo “)

where, ais the compression factor, and k;. is the center
frequency of the i critical band. Let m and n be the FFT
indices of the first and last spectral samples, respectively,
falling in the segment from a to b. Index m is lower integer
higher than a and n is highest integer lower than b. The
processed spectrum is then given by,
n—1
Y(k')=(m-a)X (m)+ Z X(j)+(b-n)X(n) (5)

Jj=m+l

Unlike in previous two mapping schemes, entire spectral
segment in the original spectrum contributes to the compressed
spectrum. As a result, this scheme achieves desired frequency
compression retaining the broad spectral distribution and
without introducing irregular variation.

III. TESTS AND RESULTS

Figure 4 shows the spectra of the vowel /a/, processed
using the three frequency mapping schemes, for compression
factor of 0.6. It can be observed from the figure that the
reduction in the energy over the speech spectrum is more in
case of sample-to-sample mapping as compared to other two
mappings. Output from segment mapping has least spectral
distortion without much reduction in the signal energy. Figure
5 shows the narrow band spectrograms of vowel sequence /a i
u/, processed using the three mappings. In all the three
mappings, harmonic structure is retained with a moderate shift
in the formants. Figure 6 shows the wide band spectrogram for
the syllable /aka/, processed using segment mapping. It can be
observed that formant transitions are retained, with moderate
shifts (less than 1/3 octave) in the formant location. Harmonic
structure is preserved in the form of vertical striations. Figure 7
shows the spectrogram for processed and unprocessed signal
for “we were away a year ago”.
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Fig. 5 Narrow band spectrograms (Af =45 Hz) of /a i u/:

unprocessed and frequency compressed with the three
frequency mapping schemes. Compression factor = 0.6

Frequency compression scheme was evaluated with the
three frequency mappings through listening tests. These tests
were conducted on six normal-hearing subjects, at various
compression factors, to assess the perceived distortion. Test
material included sustained vowels /a i u/, a sentence, and a
long passage, recorded at 10 k samples/s with 16-bit resolution.
The tests indicated that, perceived distortion was not signi-
ficant in all the three mappings. A reduction in the perceived
loudness was observed for sample-to-sample mapping while
this reduction was partly restored in mapping by super-
imposition of samples. There was no change in the perceived
loudness in segment mapping. Subjects rated the quality of the
processed speech using segment mapping better than other two
mappings.
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Fig. 6 Wide band spectrograms (Af =300 Hz) of syllable

/aka/: (a) unprocessed and (b) frequency compressed with
segment mapping scheme and compression factor = 0.6.

Tnter. dB

Tnten. dB

Amplitude

Time(normalized)

(b) Segment mapping

Fig. 7 Wide band spectrograms ( Af =300 Hz) of the sentence

“we were away a year ago”: (a) unprocessed and (b) frequency
compressed with segment mapping scheme and compression
factor = 0.6.

To asses the usefulness of the scheme in improving speech
perception under adverse listening conditions and under
simulated hearing loss, tests were conducted by adding
broadband noise (maintaining constant SNR on short-time, i.e.
10 ms, basis) to the processed speech signal. Noise was added
at SNR values of 6, 3, 0, -3, -6, -9, -12, and -15 dB.
Compression factors 0.8 and 0.6 were found to be beneficial
for SNR values of 6, 3, 0, and -3 dB. At lower SNR (-6, -9, -12
and —15 dB), the intelligibility of the processed speech
increased with decrease in the compression factor (0.4 and 0.2).
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Intelligibility of the processed speech using segment mapping
was found better than other two mappings for the same SNR.

IV. CONCLUSION

Multi-band frequency compression is a speech processing
technique for improving speech intelligibility under adverse
listening conditions. For use in this processing, three
frequency-mapping schemes, i.e. sample-to-sample mapping,
mapping by superimposition of spectral samples, and segment
mapping schemes were investigated. Segment-mapping scheme
achieved desired compression retaining the spectral distribution
of energy, and without introducing irregular variations. The
scheme needs to be further evaluated using different test
materials, larger number of subjects, and different listening
conditions.
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