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for Spectral Enhancement
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Abstract—This work presents a compressing-and-expanding,
i.e., companding, strategy for spectral enhancement inspired by the
operation of the auditory system. The companding strategy simu-
lates the two-tone suppression phenomena of the auditory system
and implements a soft local winner-take-all-like enhancement of
the input spectrum. It performs multichannel syllabic compression
without degrading spectral contrast. The companding strategy
works in an analog fashion without explicit decision making,
without the use of the fast Fourier transform, and without any
cross-coupling between spectral channels. The strategy is useful in
cochlear-implant processors, hearing aids, and speech recognition
for enhancing spectral contrast. It is well suited to low-power
analog circuit implementations.

Index Terms—Auditory filtering, auditory masking, auditory
model, cochlear implant, companding, hearing aids, spectral
enhancement, two-tone suppression.

I. INTRODUCTION

N SOME OF our prior work ([1] and [2]), we have shown

that a cochlear model with traveling-wave amplification
and distributed gain control can exhibit two-tone suppression,
achieve a desired input—output compression curve, and show
the level-dependent frequency-response curves seen in the
biological cochlea. We argued that such a model is useful for
advanced cochlear-implant processors that seek to improve
patient performance in noisy environments and is amenable to
low-power analog very large-scale integration (VLSI) imple-
mentations. However, such a model is complex to program and
test on patients because of the intimate dependence of all of
the feedback and feedforward parameters on one another in a
traveling-wave architecture. Thus, a better first step is to ask if
we can reproduce the two-tone suppression and compressibility
effects of the biological cochlea in a set of independent filters
with independent and easily programmable parameters. In
this paper, we describe an architecture that achieves this goal:
The gain control or compression in the architecture improves
audibility; nevertheless, the presence of two-tone suppression
prevents the stimulus spectral contrast from being degraded
while audibility is improved. Our architecture is not intended to
explicitly enhance spectral contrast. The contrast is enhanced as
an emergent property, and has the benefits of improving perfor-
mance in noise. It is possible that this is one of the reasons for
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why the human auditory system with a biological-cochlea front
end is known to have superb performance in noise even when
compared with state-of-the-art speech-recognition front ends.

A series of recent articles [3]-[5] show that a healthy cochlea
exhibits good phase-locking with the vowel formants and that
this behavior is not present in an unhealthy cochlea. In partic-
ular this work shows the strong benefits of using vowels with
well-contrasted formants in the auditory nerves of acoustically
traumatized cats. These results suggest that using a cochlear
model with compression and two-tone suppression to increase
formant contrast might be beneficial.

Spectral contrast is often formally defined as the decibel dif-
ference between adjacent peaks and valleys in the spectrum.
The problem of increasing the spectral contrast of a signal is
a well-known problem in the literature [6]-[10]. Recently, Yang
et al. [11] proposed new fast algorithms for improving spectral
contrast. Architectures that try to mimic masking are usually
used in perceptual coding [12]. Our work proposes a new ar-
chitecture for increasing spectral contrast without the explicit
goal of trying to do so. Spectral enhancement is a natural con-
sequence of our trying to mimic the operation of the biological
and silicon cochleas. Our architecture is explicitly designed to
be amenable to future low-power analog VLSI implementations,
extremely important for energy-efficient operation of cochlear-
implant processors, hearing aids, or low-power speech-recogni-
tion front ends [13].

There is strong evidence that our work is likely to be bene-
ficial to cochlear-implant patients: recently, Loizou et al. [14]
showed that cochlear-implant listeners required 4-6 dB of
spectral contrast to identify vowels with relatively high accu-
racy and that some of them obtained significantly higher scores
with vowels enhanced to 6 dB of contrast by a contrast-en-
hancing algorithm. Consonant intelligibility can be improved
by enhancing differences in the pattern of the signal-processor
channel outputs as well [15].

In hearing-aid patients, increasing spectral contrast and
simultaneously performing compression yield a modest but
significant improvement for speech perception in noise [9].
However, it is worth noting that the latter work was done with
broadband compression rather than with the frequency-de-
pendent compression of this work. Lyzenga et al. [16] have
suggested how further improvements may be possible if the
signal processing is done differently. Moore [17] have pointed
out that spectral enhancement has not been evaluated in
real-time wearable devices and that the benefits of prolonged
experience have yet to be tested. A low-power version of our
architecture should be of great benefit in such chronic tests.
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Our proposed strategy performs simultaneous multichannel
syllabic compression and spectral-contrast enhancement via
two-tone suppression. Multichannel compression by itself im-
proves audibility but degrades spectral contrast: A weak tone at
one frequency is strongly amplified so that it is concurrently au-
dible with a weakly amplified strong tone at another frequency;
the asymmetric amplification due to compression degrades the
spectral contrast that was present in the uncompressed stimulus.
When two-tone suppression strategies that enhance contrast
are also simultaneously present, the compression is prevented
from degrading spectral contrast in regions close to a strong
spectral peak while allowing the benefits of improved audibility
in regions distant from the peak.

Our strategy uses a noncoupled filter bank and compression-
expansion blocks, as shown in Fig. 1(b). One crucial and novel
element in our architecture that is essential for obtaining the
two-tone suppression is the presence of a second filter bank
between the compression and expansion blocks. Programma-
bility in the two-tone suppression and compression characteris-
tics may be attained through simple parametric changes in the
compression, expansion, or filter blocks.

The idea of using companding for improving the signal-to-
noise ratio in systems where the dominant noise occurs after the
compression block is well known [18] and is currently being
explored for use in novel analog filtering circuits [19], [20]. Al-
though the compression benefits for improving audibility are
similar in our architecture to other companding architectures,
the two-tone suppression benefits for enhancing spectral con-
trast are achieved because of the nonlinear nature of the interac-
tion between signals in the first filter bank, the compressor, and
the second filter bank.

The outline of this paper is as follows. In Section II, we de-
scribe the essential ideas behind the architecture and show how
various parametric changes affect its operation. In Section III,
we present MATLAB simulation data for a system with various
inputs that illustrate the workings and benefits of our architec-
ture. In Section IV, we discuss the use of our architecture in
cochlear-implant processors and speech-recognition front ends.
In Section V, we conclude by summarizing our contributions.

II. ESSENTIAL IDEAS BEHIND THE ARCHITECTURE

Fig. 1(a) shows a common multichannel syllabic compres-
sion architecture. Fig. 1(b) shows our companding architecture.
Every channel in the companding architecture has a pre-filter,
a compression block, a post-filter, and an expansion block. The
pre-filter and post-filter in every channel have the same resonant
frequency. The pre-filter and post-filter banks have logarithmi-
cally-spaced resonant frequencies that span the desired spectral
range.

Fig. 2 shows the details of a single channel of the architecture.
The pre-filter is labeled as F' and the post-filter is labeled as G.
The compression and expansion are implemented with an en-
velope detector (ED) block, a nonlinear block, and a multiplier
in a feed-forward fashion. The time constant of the envelope
detector governs the dynamics of the compression or expan-
sion and is typically scaled with the resonant frequency of each
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Fig. 1. (a) Block diagram of a common multichannel syllabic compression
strategy. (b) Block diagram of our companding strategy.

channel. In general, compression or expansion schemes can in-
volve sophisticated dynamics and energy extraction strategies
(peak versus root-mean-square (rms), etc).

In our scheme, n; represents the compression index of the
compression block, i.e., n; = 0.3 would yield third-root com-
pression on the input in the compression block. If no = 1, then
the expansion block simply undoes the effect of the compression
block and the channel is input—output linear on the time-scale
of the envelope-detector dynamics. If 0 < no < 1, then the ef-
fect of the channel is to implement syllabic compression with an
overall channel compression index of ny. The expansion block
implements a ny /n; power law and is thus really an expansion
block only if no > m1, which we shall assume, without loss of
generality, throughout this article. In all cases, setting n; = 1
will shut off the companding strategy and create a multichannel
syllabic compression system like that of Fig. 1(a) with a com-
pression index of 7.

To start with, let us suppose that no is 1 so that the overall
effect of a channel is input—output linear. If we input a sinusoid
at the resonant frequency of the channel, the compression stage
compresses the signal and the expansion stage undoes the com-
pression. Fig. 3 illustrates how this works by plotting the effects
of the compression and expansion on a decibel or logarithmic
scale: The compression line has a slope less than 1 on this plot
and the expansion line has a slope greater than 1 on this plot.
A sinusoid with amplitude A; is transformed to a sinusoid with
amplitude B; after the compression block. The sinusoid with
amplitude B; is transformed back to a sinusoid of amplitude
A, after expansion, i.e, we traverse the square with corners at
A; and B; as we compress and expand the signal and return to
the A; starting point. Note that we use the 1:1 line in Fig. 3 to
map the output of one stage of processing to the input of the next
stage of processing.

A. Intuition Behind the Two-Tone Suppression

We shall now intuitively explain why this architecture also
allows us to implement tone-to-tone suppression through the use
of the post-filter. To start with, let us assume that the pre-filter F’
is a broad almost perfectly flat filter and that post-filter G is very
narrowly tuned. If, in addition to A; at the resonant frequency
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Fig. 3. Intuitive view of the companding strategy.

of the channel, we also have a sinusoid of stronger amplitude
A, at a different frequency in the input, then, after filtering by
F, we obtain two sinusoids represented as A; (the weaker) and
A, (the stronger) in Fig. 3. Since the envelope detector sets the
gain of the compression block based primarily on the stronger
tone, A» is transformed to B> and A is transformed to C; after
compression. If the post-filter G is sharply tuned to suppress
the louder tone As, the expansion stage will only see a weak
tone of amplitude C'y at its input and expand that tone to a tone
of amplitude D; at its output. Since D1 is clearly less than A,
in Fig. 3, we observe that an out-of-band strong tone Ao has
effectively suppressed an in-band weak tone A; to an output
of amplitude D;. If A; were not simultaneously present, the
Aj tone would have had its amplitude unchanged by the overall
channel. The suppression arises because the decibel reduction
in gain caused by the compression is large because of the strong
out-of-band tone A, but the decibel increase in gain caused by
the expansion is small because of the weak in-band tone C7j.
The decibel suppression of the input A; by As is given by the
difference in decibels between the asymmetric compression and
expansion. Note that if A; were much stronger than A,, then
the G filter would simply attenuate A, and leave A; almost
unchanged. Thus, in all cases, the stronger tone has the effect
of suppressing the weaker tone.

From the above arguments, it is easy to imagine how relaxing
our various assumptions would affect the overall architecture: if
F is not perfectly flat, but has a finite bandwidth, then the sup-
pressive effect of A on A; will be reduced as the frequencies

of the tones get more distant from each other. If G is not per-
fectly narrow and relatively flat, then the compression and ex-
pansion gains in decibels will be determined by the strong Ao
and B> tones, respectively, be nearly equal, and result in little
suppression of A; by As; Ay will dominate the response of the
channel. Thus, if F' is broad, distant tones cause stronger sup-
pression of Ay, while if G is broad, tones for a broad range of
frequencies near A; are ineffective in causing suppression of
A;. Together, the shapes of F' and G determine the two-tone
suppression frequency profile. The smaller the value of 7, the
more flat is the compression curve and the more steep is the ex-
pansion curve. Thus, the difference in compression and expan-
sion gains in decibels is larger for smaller 71, and the suppres-
sive effects of the two-tone suppression are stronger for smaller
n1. The value of ny affects the overall compression characteris-
tics of the channel but does not change the two-tone suppression
properties as we have discussed.

B. Analysis of the Two-Tone Suppression

We may express this intuition more formally by computing
the value of the signal at various stages of processing in Fig. 2.
Suppose, that at the input, we have

xo = aj sin(wit) + az sin(wat + o). )

If the gain and phase of the filter F' at frequencies w; and ws
are given by

fi =F(jwi)l,
¢1 = ang(F(jwi)),

Ja = [F(jwz)]
@2 = ang(F(jws)) (2)

then
r1 = fraysin(wit + @1) + faazsin(wat + @0 + @2).  (3)

Suppose we have nearly ideal peak detection in the envelope
detector, and that the frequency ratio wj /ws is not a small ra-
tional number. Then the envelope of 21 may be approximated
by

T1e = fra1 + faaz. 4)
Thus, after compression
To = xlwgzl_l). Q)
If

g1 =|G(jw1)l, g2 = |G(jwa)]
Y =ang(G(jwy)), Y2 = ang(G(jws)) 6)
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then
z3 = |g1fra1sin(wit + @1 + Y1)

+92f2a2 sin(wat + o + @2 + ¥2) mﬁ“_l) (7)

and the envelope of x3 may be approximated by

3¢ = (91101 + gafoaz) PV )
where x3. is the output of the envelope detector

((n2—m1)/n1)

Tra 25173.11738
= |:glfla1 sin(wit + @1 + VY1)
(n1-1)

+ g2 faas sin(wat + @o + @2 + 192)} Ty,

_1\ ((n2—n1)/n1)
. ((g1f1a1 +92f26l2)93§:1 1)) S

= |:glfla1 sin(wit + @1 + Y1)

+ g2 faaz sin(wat + o + 2 + ?92)}
(g1 fra1 + ngzaQ)((nzfnl)/nl)x’;’s((”ﬂ —1/n1) 9)

If g1 = f1 = 1 (the pre and post filters have a resonance
frequency of w;) and go = 0 (G is sharply tuned and wy is
distant from w1 ), then

[G?Z/H’I(al + f2az)n2((n1_l)/nl)] sin(wit + @1 + Y1)

<a1 + f2a2>((n1_1)/n1) ’
= al _—

ay

Tryq =

sin (w1t + @1 +91) .
(10)

Thus, the presence of a second tone with amplitude a2 sup-
presses the tone with amplitude a;. If there is only one tone
(a2 = 0), then

x4 = sin (w1t + o1 + 1) af? (11)

such that, if no = 1, the output has amplitude a; .

C. Parametric Dependence of Companding in a Single
Channel

Figs. 4-6 show the amplitude of =4 in (10) versus the am-
plitude ratio of the two tones a» and a; expressed in decibels.
We use np = 1 in all figures. The amplitude of the suppressed
tone a; is fixed while the amplitude of the suppressor tone ao
varies. Fig. 4 shows that, with a small suppressor amplitude as,
the output is equal to the amplitude of the suppressed tone a;.
As ay becomes large, the output becomes very small due to sup-
pression. Fig. 5 shows that smaller values of n; result in greater
suppression. Fig. 6 shows that narrow filters that result in small
values of fs in (10) cause less suppression than broad filters with
larger values of fs.
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Fig. 4. Tone-to-tone suppression in one channel as suppressor tone’s
amplitude a, varies with respect to the fixed suppressed tone’s amplitude, @
equal to 0, —20, and —40 dB in the three plots, respectively. The amplitude
of as/a; is plotted in decibels on the X -axis while the output amplitude of
the suppressed tone is plotted on the Y -axis. The filter parameters in (10) are
f2 = 1 (F is broad), and n; = 0.3. With a small suppressor amplitude a.,
the output is equal to the amplitude of the suppressed tone @. As a> becomes
large, the output becomes very small due to suppression.
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Fig. 5. Tone-to-tone suppression in one channel plotted as in Fig. 4 but the
three plots are for different values of 7. The suppressed tone’s amplitude a;
is fixed at 0 dB while the amplitude a, varies. When n; = 1 the companding
strategy is off and there is no suppression. All plots have fo = 1 (F is broad).
We observe that smaller values of n; result in greater suppression.

Thus, we can achieve the two-tone suppression profile that
we want by varying the filter, compression, and expansion pa-
rameters: an asymmetric profile in £’ will result in asymmetric
two-tone suppression and a broader profile in F' will result in
broader band two-tone suppression. Small values of n; yield
stronger two-tone suppression while the value of no affects the
overall compression characteristics of the system. The sharp-
ness in tuning of the G filter determines the frequency region
around the suppressed tone where the two-tone suppression is
ineffective. The dynamics of the envelope detectors determine
the attack and release time constants of the compression and
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Fig. 6. Tone to tone suppression in one channel plotted as in Fig. 4 but with
different values of f, corresponding to different F’ filters. The plot with f> =
0 dB corresponds to a broad F filter and results in more suppression, while that
with fo = —40 dB is sharp and results in less suppression. The suppressed
tone’s amplitude @, is fixed at 0 dB while the amplitude a» varies; n; = 0.3.

thus the time course of overshoots and undershoots in transient
responses. Nonlinear gain control due to saturation in the enve-
lope detectors is important in determining the transient distor-
tion of the system.

In this paper, because of their simplicity and ease of construc-
tion in analog VLSI implementations, we use low-order band-
pass filters to implement F' and G [21]. In general, more so-
phisticated filters may be also be used. For certain experiments,
we use zero-phase versions of these filters to illustrate the ideal
case.

III. SIMULATION EXPERIMENTS AND RESULTS

We implemented the companding architecture shown in
Figs. 1(b) and 2 with 50 channels in MATLAB. The number
of channels was chosen to reflect numbers that could soon be
seen in advanced cochlear-implant processors. The architecture
does not necessarily need so many channels. We chose band-
pass filters for F' and G with transfer functions described by
F;(s) = F!*(s) and G;(s) = G'*(s), where F!(s) and G'(s)
are given by (12) and (13) below!

2
2 (—Ti ) S
q1

7282 +2 (;—;) s+1

2
2 (—Ti ) S
q2

7252 +2 (;—;) s+1

(12)

13)

IThese filters can be implemented in the digital domain with second-order

. . . . bo+by 2 by 2
sections in a straightforward fashion: H(z) = Tra e, =" The parame-
ters a; and b; can be computed with ordinary techniques for discretizing con-
tinuous-time systems, e.g., zero-order hold, Bilinear (Tustin) approximation or
the matched pole-zero method. At 44.1-kHz sampling rate, all methods yielded
very similar performance.

Effectively, to create F;(s) and G;(s) we apply F} (s) and G’(s)
twice, respectively. As we later explain, if we need zero-phase
versions of F;(s) and G;(s), then we apply F/(s) or G;(s)
once in the forward time direction and once in the reverse time
direction. Each channel has a resonance frequency given by
fr = 1/(277;). The filters have resonance frequencies that
are logarithmically spaced between 250 and 4000 Hz across
the 50 channels. For most experiments, we used g; = 2.8 and
g2 = 4.5.

The envelope detector in each channel was built with an ideal
rectifier and a first-order low-pass filter that is applied twice.
For our zero-phase experiments, the low-pass filter is applied
once in the forward time direction and once in the reverse time
direction. The poles of the low-pass filter were chosen to scale
with the resonant frequency of the channel, i.e., (Tgp, = w;).
We chose w = 40 for all experiments except for the cochlear-
implant simulations of Section IV, where we chose w = 10.

The properties of the entire architecture are similar to the
properties of a single channel except for the final summation at
the output. The sum of a bunch of filtered outputs can cause in-
terference effects due to phase differences across channels. The
interference effects can be severe if the filters are not sharply
tuned because the same sinusoidal component is present in
several channel outputs with different phases. The companding
architecture alleviates interference effects because its local
winner-take-all behavior suppresses the outputs of interfering
channels.

When companding is turned off in our architecture, i.e., 1 =
1, interference across channels due to phase differences results
in severe attenuation of the output. However, in some of our
experiments, we wanted to compare the effects of using com-
panding versus not using companding. To permit such compar-
isons, we used zero-phase versions of the F' and G filters to
avoid interference problems. This kind of simulation is only for
permit a comparison with a perfect-ideal structure. For com-
panding architectures where interference across channels is not
a big problem, the use of zero-phase filters appears to make little
difference. However, for architectures where the companding is
turned off, the use of zero-phase filters appears to be essential.
To create zero-phase versions of the F;(s) or G;(s) we time re-
verse the filtered outputs of F/(s) or G’(s), respectively, filter
with the same F(s) or G}(s) filter again, and time reverse the
final output. The zero-phase version of F;(s) then has the same
magnitude transfer function as F;(s) but an identically zero
phase transfer function. The zero-phase version of the low-pass
filter in the envelope detector is created in a similar fashion.

Fig. 7 shows the magnitude transfer function of the overall ar-
chitecture of Fig. 1(b) for different values of ny. Withn; =1,
there is no companding, and we observe a huge attenuation for
frequencies in the central portions of the spectrum due to in-
terference effects. At the borders of the spectrum, there is less
attenuation because of a reduction in the amount of interfer-
ence caused by edge effects. As the value of ny falls, the ef-
fects of companding grow stronger, the spectrum is sharpened
and there is less interaction and interference amongst channels.
Thus, the central portions of the spectrum suffer increasingly
smaller amounts of attenuation. The results of Fig. 7 were ob-
tained with ¢; = 2.8 and g5 = 4.5. Of course, the interference
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Fig. 7. Magnitude transfer function of the overall architecture of Fig. 1(b) for
different values of n;. The companding strategy is off for n; = 1. Higher
amounts of compression (smaller values of ;) flatten the transfer function’s
profile because they result in less interference amongst channels. Small ripples
in the transfer function, not visible in the figure, are caused by the resonances
of the 50 channel filters.

effects are less pronounced when higher-Q filters or fewer fil-
ters/octave are used (e.g., for obtain a similar profile obtained
with ny = 0.25, ¢ = 2.8 and ¢ = 4.5 in the companding-on
architecture we need a ¢ = ¢o = 9 with companding-off).
With zero-phase filters there is no interference and the magni-
tude transfer function of Fig. 7 with companding and without
companding is almost identical and flat for all values of ;. Our
use of the zero-phase filter is simply because we want an ideal
and simple noncompanding case to compare with.

A. Two Tone Suppression Experiments

Figs. 8-10 reveal tone-to-tone suppression data for different
values of ni, q1, and g2 respectively. All experiments were
performed by inputting a fixed 970 Hz sinusoid of amplitude
as = 0 dB (the suppressor tone) and varying the frequency
of a second sinusoid with fixed amplitude a; = —20 dB (the
suppressed tone). The output plots the two-tone output spec-
trum after companding, which was extracted by performing a
fast Fourier transform (FFT) on the final output of Fig. 1(b).
The suppressor tone is invariant in all output spectra and results
in a big spectral peak at 970 Hz in all plots. The suppressed
tone strength varies in the output depending on how close in
frequency it is to the suppressor and what the parameter settings
of the companding architecture are.

Fig. 8 shows that far from 970 Hz, the output amplitude of a;
is unchanged at —20 dB because the finite bandwidth of the F’
filter prevents suppression from happening at frequencies dis-
tant from 970 Hz. As the a1 tone frequency approaches 970 Hz,
it is suppressed by the strong as tone and its output amplitude
falls below —45 dB. When the a; tone frequency is very close
in frequency to the as tone, however, the G filter has similar
gains to both tones and there is again no suppression. As nj is

0
=¥ ni=1
B LTI IR TREPEY Ff P = ni1=0.5 |4
-©- n1=0.25 |
—-10 Y I R 'Q‘ n1=0.15 | |

3
10
Frequency of a1 (Hz)

Fig. 8. Tone-to-tone suppression in the entire system as the frequency of the
suppressed a; tone is varied for different values of n;. The suppressor tone is
fixed at 970 Hz with an amplitude a. = 0 dB. The suppressed tone has an
amplitude a; = —20 dB. The value of n, is 1 in all curves. The case n; =1
corresponds to turning off the companding. The filters are created with ¢, =
2.8; g2 = 4.5. The two-tone FFT of the companding architecture’s output is
plotted as the frequency of the suppressed tone varies.

®

L [ |
(63}

Frequency of a1 (Hz)

Fig. 9. Tone-to-tone suppression in the entire system as the frequency of the
suppressed @ tone is varied for different parameters of the F filter. The data
are plotted as in Fig. 8 with 2,0.25, no, = 1, ¢ = 4.5, a; = —20dB,
as = 0 dB, and the fixed a> tone = 970 Hz. As ¢ is decreased, broadening
the F filter, the spatial extent and magnitude of the suppression are increased.

reduced, the suppression increases, consistent with the theory
of Section II and Fig. 5. At n; = 1, there is no companding or
suppression.

Fig. 9 shows that if the @ of the F’ filter as parametrized by g1
is lowered, the extent of the suppression is more widespread in
frequency; the suppression is also larger at any given frequency
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Fig. 10. Tone-to-tone suppression in the entire system as the frequency of the
suppressed a; tone is varied for different parameters of the G filter. The data
are plotted as in Fig. 8 withn; = 0.25,n, = 1,¢; = 2.8, a; = —20dB,
a> = 0 dB, and the fixed a» tone at 970 Hz. As ¢ is decreased, broadening
the G filter, the spatial region where suppression is ineffective is broadened, and
the magnitude of the suppression decreases in these regions as well.

because the pre-filtered value of the suppressor tone (value after
filtering by F’) is larger and therefore more effective in causing
suppression.

Fig. 10 shows that if the ) of the G filter as parametrized by
g2 is lowered, then the frequency region where the suppression
is not effective is broadened; the suppression is also smaller at
any given frequency because the G filter is less effective at re-
moving the strong as tone, a necessary condition for having a
small expansion gain and large suppression.

The two-tone suppression curves are reminiscent of the con-
sequences of lateral inhibition used in speech enhancement [7].
It is interesting to note that the two-tone suppression is achieved
without any lateral coupling between channels and without the
use of inhibition.

B. Vowel Experiments

Figs. 11-14 illustrate data obtained from a companding archi-
tecture with a synthetic vowel /u/ input. The asterisked trace of
Fig. 11 shows that the pitch of the vowel input is at 100 Hz, the
first formant is at 300 Hz, the second formant is at 900 Hz, and
the third formant is at 2200 Hz. The spectral output of the com-
panding architecture was extracted by performing an FFT. For
clarity, the harmonics in the spectrum are joined with lines in
the figures.

Fig. 11 compares output spectra with the companding
strategy on (n; = 0.25) and with the companding strategy off
(n1 = 1) for a zero-phase filter bank. The filter banks span a
300-3500 Hz range and therefore attenuate some of the input
energy at very low frequencies. Apart from this low-frequency
filtering, however, we observe that the no-companding strategy
yields a faithful replica of the input and the companding
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Fig. 11. Spectrum of the output of the vowel /u/. The companding-off case
corresponds to n; = 1 and no = 1. The companding-on case corresponds to
n, = 0.25, and no = 1. Zero-phase filters were used in both cases.

Amplitude (dB)

-100

-+ Companding OFF
-©- Companding ON

-150 ———
5 10 15 20 25 30 35 40 45 50

Filter number

Fig. 12.  Maximum output of every channel versus filter number for the vowel
input /u /. The companding-off case corresponds to n; = 1 and no = 1. The
companding-on case corresponds to 12y = 0.25 and n, = 1.

strategy enhances the spectrum by suppressing harmonics near
the formants.

Fig. 12 plots the maximum output of every channel (we do not
perform summation) for the companding and no-companding
strategies with zero-phase filter banks. We see that the com-
panding strategy sharpens the spectrum and enhances the for-
mant structure. Using nonzero-phase filters made little differ-
ence to the output of Fig. 12.

Fig. 13 shows that if zero-phase filter banks are not used, the
companding-off strategy results in a strong attenuation of the
vowel spectrum due to interference amongst channels. There is
less attenuation at the borders of the spectrum due to reduced
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Fig. 13. Spectrum of the output of a vowel /u/. The companding-off case

corresponds to n; = 1 and n, = 1. The companding-on case corresponds to
ny; = 0.25 and n2 = 1. No zero-phase filters were used in either case.
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Fig. 14. Spectrum of the output of a vowel /u/. The companding-off case

corresponds to n; = 1 and n> = 0.3. The companding-on case corresponds to
n; = 0.08 and ny = 0.25. Zero-phase filters were used in both cases.

interference at the edges of the filter bank. In contrast, the com-
panding-on strategy yields an output spectrum that is almost
identical to that obtained with zero-phase filters (Fig. 11) be-
cause of its immunity to interference amongst channels.

Fig. 14 shows that the companding architecture performs
multichannel syllabic compression of the sound without flat-
tening the spectrum and reducing spectral contrast: In the
figure, we compare the results of compression without com-
panding (ny = 1, np = 0.3) with the results of companding
(n1 = 0.08, ny = 0.25). The numbers were chosen to have
formant peaks with the same amplitude in both cases. We
see that compression alone degrades spectral contrast but
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Fig. 15.  Output spectrum of a 970-Hz sinusoid amidst Gaussian white noise.

The suppression of the noise around the tone is evident. The original sound’s
spectrum is identical to the spectrum observed in the companding-off case.

Amplitude (dB)

_80 e FR L 4
-90 | | & Companding OFF |- - e 1
-©- Companding ON : : : : :
~100 : : : : ; ; ; ; ;

5 10 15 20 25 30 35 40 45 50
Filter number

Fig. 16. Maximum output of the various channels (in 250 ms) versus channel
number for the input of Fig. 15, i.e., a sine tone in noise.

companding is capable of compression while preserving good
contrast in the spectrum.

It is possible to architect filter shapes and choose parameters
to mimic auditory system or auditory nerve behavior [3]-[5].
We could customize the two-tone suppression extent for each
channel by having different F filters for each channel. It may
be advantageous to have more two-tone suppression of low-fre-
quency tones by high-frequency tones such that the low-fre-
quency formant does not create excessive suppression of higher
frequencies in the damage-impaired cochlea.

C. Tone-in-Noise Experiments

Figs. 15 and 16 illustrate the effects of noise suppression in
the companding architecture: the input to the architecture is a
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Fig. 17. Maximum output of each channel versus filter number for the vowel /«/ in Gaussian noise for different SNR values. The continuous line represents the
companding-on architecture and the dashed line represents the companding-off architecture.

970-Hz sinusoid amidst Gaussian white noise. The output and
input spectra extracted via FFT operations are shown in Fig. 15.
We see that the tone suppresses the noise in regions of the spec-
trum near it. Fig. 16 plots the maximum output of every channel
(in 250 ms) versus channel number. We see that companding
suppresses the effects of channels near the strongest channel.

D. Vowel-in-Noise Experiments

We performed experiments with the vowel /u/ in Gaussian
noise. The noise was filtered with a second-order low- and
high-pass filter. The cutoff frequencies were 100 Hz and 3 kHz,
respectively. Fig. 17 illustrates the maximum output of every
channel versus filter number with different signal-to-noise ratio
(SNR). The continuous line represents the companding-on
architecture and the dashed line represents the companding-off
architecture (parameters are set as in Fig. 11). The top three
plots illustrate the progressive loss of the third formant and the
bottom three plots illustrate the progressive loss of the second
formant. We see that the companding architecture improves
recognition of all formants.

IV. LOMPANDED SPECTRA: COMPANDING
WITHOUT SUMMATION

We can use our companding architecture to perform non-
linear spectral analysis if we omit the final summation oper-
ation at the end of Fig. 1(b). The local winner-take-all prop-
erties of the architecture then enhance the peaks in the spec-
trum just like tone-to-tone suppression and lateral inhibition in
the auditory system do. We shall now discuss potential uses of
such companded spectra for cochlear-implant processing and
speech-recognition front ends.
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Fig. 18. Spectrogram-like plots illustrating tone-to-tone suppression: The

suppressed input is a sinusoid fixed at 1000 Hz and the suppressor is a
logarithmic chirp with an amplitude five times that of the tone. In the top
figure, the companding strategy is active (n; = 0.3) and in the lower figure
the companding strategy is disabled (n; = 1).

A. Cochlear- Implant Processing

Strategies called N-of-M strategies in cochlear-implant pro-
cessing pick only those M channels with the largest spectral
energies amongst a set of N channels for electrode stimulation
[22]. Our companding architecture naturally enhances channels
with spectral energies significantly above their surround and
suppresses weak channels. Effectively we can create an analog
N-of-M-like strategy without making any explicit decisions
or completely shutting off weak channels. The companding
strategy could thus preserve more information and degrade
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and in the lower figure the companding strategy is disabled (n; = 1).

more gracefully in low signal-to-noise environments than the
N-of-M strategy.

Given that improving patient performance in noise is one of
the key unsolved problems in cochlear implants, companding
spectra could yield a useful spectral representation for implant
processing. The effects of compression and the two-tone sup-
pression can be modeled in an intertwined fashion as in the bi-
ological cochlea and customized to each patient. The parameter
ny will always be between 0 and 1 in this application because
we need to compress the wide dynamic range of input sounds
to the limited electrode dynamic range of the patient. The archi-
tecture requires filters of modest () and relatively low order and
is amenable to very low-power analog VLSI implementations
such as those described in [23] and [24].

Recently, Loizou [14] showed that cochlear-implant listeners
required 4—6 dB contrast to identify vowels with relatively high
accuracy and that some of them obtained significantly higher
scores with vowels enhanced to 6 dB with a spectral- contrast
enhancement algorithm. Previously, he showed [15] that conso-
nant intelligibility can be improved by enhancing differences in
the pattern of the signal-processor channel outputs. These re-
sults show that it is likely that our architecture will improve
cochlear-implant patient performance due to the presence of
spectral-contrast enhancement.

Figs. 18 and 19 show the evolution in time of the channel
outputs of Fig. 1(b) right before the final summation point for
two inputs. A dark black color encodes a large positive signal.
We used 22 channels logarithmically spaced between 300 and
3500 Hz with ¢ 1.5, g2 = 4.5, nq 0.3, no = 1, and
w = 10. Effectively, Figs. 18 and 19 are spectrogram-like plots
for companding spectra. In these plots, we used F;(s) = F/(s),
G;(s) = G'(s), and first-order low-pass filter in the envelope
detector.

In the experiment illustrated by Fig. 18, the input (not shown)
consists of a fixed tone at 1000 Hz with an amplitude that is 1/5
the amplitude of a logarithmically chirped tone. The top part of

Fig. 18 shows that the chirp suppresses the background weak
tone when its frequency is near that of the tone and companding
is on (n; = 0.3). The bottom part of Fig. 18 shows that the
background weak tone is confounded with the chirp when there
is no companding (n; = 1). As we have previously discussed in
Section III, we may vary the amount and extent of suppression
by altering compression or filter parameters. Note also that when
companding is on, the overall response is sharper due to fewer
channels being active.

In the experiment illustrated by Fig. 19, the input is an inten-
tionally low-quality rendition of the word “die” with two visible
formant transitions. The top part of Fig. 19 shows that the com-
panding architecture is able to follow the follow the formant
transitions with clarity and suppress the surrounding clutter. In
contrast, the bottom part of Fig. 19 shows that, in the absence
of companding, the formant transitions lie buried in an environ-
ment with lots of active channels and lack clarity.

B. Speech-Recognition Front-Ends

The use of Automatic Gain Control strategies for modeling
forward masking in filter-bank front ends for automatic speech
recognition (ASR) has been described in [25] and shown to be
important in noisy environments. Our companding architecture
adds simultaneous masking through nonlinear interactions to
achieve compression without degrading spectral contrast. Thus,
it offers promise for speech-recognition front ends in noisy envi-
ronments. The architecture is also very amenable to low-power
analog VLSI implementations, which are important for portable
speech recognizers of the future.

V. CONCLUSIONS

Our companding architecture performs multichannel syllabic
compression without degrading local spectral contrast due to the
presence of the two-tone suppression. The two-tone suppres-
sion arises from implicit nonlinear interactions in the architec-
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ture and is not explicitly due to any interactions between chan-
nels. The architecture is inspired by suggestions from recent
biophysical experiments that suggest that local winner-take-all
behavior and formant capture, which are seen in healthy audi-
tory nerves, are not present in impaired cochleae. The compres-
sion and the two-tone suppression properties of the architecture
may easily be altered by changing filter shapes and compres-
sion and expansion parameters. Due to its simplicity, its ease of
programmability, its modest requirements on filter ’s and filter
order, its ability to suppress interference effects when channels
are combined, and its ability to enhance noisy spectra, the archi-
tecture is useful for hearing aids, cochlear-implant processing,
and speech-recognition front ends. In effect, a nonlinear spec-
tral analysis may be performed generating a “companding spec-
trum”. The architecture is suited to low-power analog VLSI im-
plementations.
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