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ABSTRACT

There has been considerable interest in recent years on
the problem of enhancing degraded speech. This interest is
motivated by several factors including a broad set of impor-
tant applications and the apparent lack of robustness in
recent speech compression and recognition systems. One
objective of this paper i§ 1o provide an overview of various
techniques that have been proposed for enhancement of
speech. Another objective is 10 suggest some directions for
future research in the speech enhancement problem.

1. Introduction

The objective of speech enhancement may be 10
improve the overall quality. to increase the intelligibility. to
reduce the listener fatigue. etc., and there exists a wide
v_ariety of contexts in which speech enhancement is desirable.
For example, environments such as offices, streets, and motor
vehicles in which the interfering background noise has been
introduced are common, and the interfering noise generally
degrades the intelligibility and guality of speech. Other
gxamples in which the need for speech enhancement arises
include correcting for reverberation. correcting for the dis-
tortion of the speech of underwater divers breathing 2
helium-oxygen mixture, correcting for the distortion of
speech due 1o pathological difficulties of the speaker. and
improvement of normal undegraded speech for people with
impaired hearing.

Engineers and researchers in various disciplines have
shown considerable recent interest in speech enhancement.
Among these are engineers working on speech communication
p.roblems such as developing robust vocoders and audiolo-
gists helping people with impaired hearing. This recent
interest is due in part o rapid advances in hardware technol-
ogy that allow sophisticated signal processing algorithms to
b'e implemented in real time. This interest is likely to con-
tinue as speech enhancement systems find more practical
app_licalifms- One main objective of this paper is to provide a
review and survey of past and current research on speech
enhancement.

. The approach to speech enhancement taken varies con-
siderably depending on the context in which the problem
arises. For example. the type of processing indicated for
enhancing speech degraded by additive noise is different from
tha_l suggested for enhancing speech degraded by echoes.
This paper addresses speech enhancement in three different

* This paper was previously published as a pre-conference jecture paper for
ICASSP 86 held in Tokyo, Japan, in April 1986.

broad contexts which were selected for their commod
occurrence in practice and for the existence of some major
research results. Section 11 considers the problem of enhanc-
ing speech which has been degraded by additive noise. Even
though this problem has received considerable attention in
recent literature and is rich with sophisticated signal process-
ing. major unsolved problems offer considerable room for
further research. Section 1l considers the problem of
enhancing speech degraded by reverberation or echoes. Sys-
tems that are successful in reducing room reverberation or
telephone network echoes have been developed and discussed
in this section. Section IV considers the problem of slowing
down or speeding up the apparent rate of speech. Potential
applications exist in which even undegraded original speech
is enhanced by such processing. For example, people with
impaired hearing or who are learning a foreign language may
prefer the slowed-down speech to the original undegraded
speech. Section V concludes this paper with an attempt to
identify some of the potential future research topics on the
speech enhancement problem.

II. Enhancement of Speech Degraded by Additive Noise

The problem of enhancing speech degraded by additive
noise received considerable attention in the literature in the
past len years and a variety of systems have been proposed.
Such an interest in this problem was motivated partly by the
desire to improve the robustness of vocoders such as linear
prediction vocoders which degrade quickly in performance as
noise is added and partly by the impression that reduction of
additive noise in speech appeared 1o be a relatively simple
problem. In this section, we discuss some of the representa-
tive speech enhancement systems which attempt to reduce
the additive noise. We first discuss the case when the degra-
dation is due to additive random noise and then the case
when the degradation is speechlike noise.

Let s (n ).d (n), and y (n) denote speech. additive noise,
and degraded speech. respectively, so that

y(n)=5(n)+d(n) )

where d(n) is uncorrelated with s(n). One approach to
restore s (n) from y(n) is to exploit the long-term charac-
teristics of s (n) and d (n ). Specifically. the average speech
spectrum  decays with frequency at approximately 6
dB/octave and assuming that the power spectrum of the
background noise is known or can be estimated such as from
the silence intervals of the degraded speech, a time-invariant
Wiener filter may be used to estimate s (n ) from y(n ). The
Wiener filter is the best linear filter in the sense that no other
linear filter leads 1o a smaller mean square error between
s(n)and 5 (n). the estimate of s (n ). under the assumption
that s(n) and d(n) are samples of stationary random
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Figure 1. ngeralization of Power Spectrum Subtrac
tion Method for Speech Enhancement
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periodic.  Specit l”at wavefqrms of voiced sounds are

manifests iL};elf cally. the periodicity of a time waveform

the fundamem.almfthe frequency domain as harmonics with
the time wavefo requency corresponding to the period of
shown a segmentm} as shown in Figure 2. In Figure 2(a) is
200) is choom ik of a periodic time waveform, and in Figure
dent in Figure 2((:);lss<}>lc1ated magnitude spectrum. As is evi-
trated in cands of .rt e energy of a periodic signal is concen-
in general have requencies. Since the interfering signals
the extent that energy over the entire frequency bands, to
queney 5 availaabc]curate information of the fundamental fre-
Ty s av Wh.le. a comb filter as shown in Figure 2(c) can
which is based on Lhe somb £ the signal. An adaptive filter
tally accomnts f e comb filtering concept and which par-
approximate] or the fact that voiced speech is only
4. This a)ll P{“Odlc ha; been developed by Frazier, et al.
evaluated; " [g;)]rxthm with a small improvement was
when the d using nonsense sentences as test material
egradation is due 1o wide-band random noise.
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Fi
igure 2. (a) A Periodic Time Waveform

b .
(b) Spectral Magnitude of the Waveform in (a)

(c
) Frequency Response of an Ideal Comb Filter
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The pitch information used in the processing was obtained
from the noise-free speech. The results of the test show that
even with accurate pitch information, the adaptive filtering
technique tends to decrease the intelligibility at various S/N
ratios. Despite the decrease in intelligibility. speech pro-
cessed by an adaptive filter sounds "less noisy" due to the
capability of the system 10 increase the S/N ratio.

Another approach to speech enhancement attempts to’
exploit the underlying*model for speech production. In this
approach, speech is typically modelled by the response of a
linear system, representing the vocal tract, driven by an
excitation function which is a periodic pulse train for voiced
sounds and wide-band random noise for unvoiced sounds. as
is illustrated in Figure 3. Since the vocal tract changes its
shape as a function of time, the digital filter in Figure 3 that
represents the vocal iract is in general time-varying. How-
ever, over a short interval of time, the digital filter may be
approximated-as a linear time-invariant system. In a speech
enhancement technique that exploits the underlying model of
speech, the parameters of the speech model are first estimated
and then speech is generated by 2 synthesis system based on
the same underlying speech model or by designing a filter
with the estimated mode] parameters and then filtering the
noisy speech. Several different speech enhancement systems
have been developed by using this approach with the vocal
tract modelled by an all-pole or pole-zero system and with
the speech model parameters estimated by the maximum
likelihood method that accounts for the presence of noise.
The performance of these systems has not been evaluated by

a subjective test. Informal listening. however, indicates that
the quality of speech is improved while the improvement in
speech intelligibility is not clear.

The speech enhancement systems discussed above are
applicable to the case when there is one degraded input.
When more than one input is available for processing.
further enhancement may be possible. For example. each of
the individual inputs may be processed separately using the
speech enhancement systems discussed above and then
appropriately combined. In addition to processing different
inputs separately, signal processing algorithms have been
developed in which the correlation of noise in several inputs
is exploited and dramatic improvement is possible in some
limited applications. One such algorithm is the adaptive
noise cancelling algorithm discussed in [6]. Specifically, con-
sider an environment in which the primary input has the sig-
nal s(n) and noise d (n) uncorrelated with s(n) and the
reference input has noise 7 (n) uncorrelated with s (n) but
correlated in some unknown way With noise d{(n). The
adaptive noise canceller adaptively filters the reference input
r(n) 1o estimate d (n ) and this estimate is subtracted from
the primary input to form the signal estimate. The adaptive

noise-cancelling concept is illustrated in Figure 4. The adap--

tive noise-cancelling filter which is typically a tapped-delay
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Figure 3. A Speech Production Model
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* cancel the signal as well as the

line (or finite impulse response) filter adapts the filter -
coefficients by minimizing the power in 5(n). It can be
shown that minimizing the power of §(n) in fact minimizes
the mean square error between s(n) and 5(n) and algo-
rithms [6] have been developed to estimate the filter
coefficients. The adaptive noise-cancelling algorithm has been
applied to a simulated environment in which a person spoke
into a microphone in a room where strong acoustic interfer-
ence was present. The signal at this microphone formed the
primary input. A second microphone was placed in the room
away from the speaker and close to the source of the acoustic
interference and the signal in the second microphone formed
the reference input. The S/N ratio improvement achieved in
this experiment using the adaptive noise-cancelling technique
is quite dramatic. The noise canceller has been demonstrated
[6) to reduce the output power of the interference, which
otherwise makes the speech unintelligible, by more than 20
dB, rendering the interference in the primary input barely
perceptible. Despite such a dramatic improvement in perfor-
mance and the system’s capability to adapt itself to changing
noise statistics and movements of microphones, the adaptive
noise-cancelling technique is limited in practice since the
reference input typically contains the signal s (n) as well as
Lhe noise, in which case the noise canceller will attempt 1o
degrading noise. Various
altempts to improve the performance of adaptive noise-
cancelling technigues are currently in progress. Some
researchers attempt 10 develop new algorithms for adaptive
noise cancellation. Some researchers attempt 10 identify
environments where existing noise-cancelling techniques may -
be used with minor modification. The results of these
current research efforts are expected to be available in the
open literature in the near future.

In the above, we have discussed speech enhancement
systems applicable 1o the case when the degradation is due 10
additive random noise. The problem of enhancing speech
degraded by speechlike noise such as in the presence of com-
peting speakers is in general considerably more difficult than

ise degradation case for various reasons. The

the additive no1
speechlike noise has the long-time spectral characteristics

similar to those of the speech and consequently systems such
as the Wiener filter which exploit the differences in the
long-time spectral characteristics of speech and the back-
4 noise are not effective. In addition, the speechlike
noise varies rapidly in its characteristics as a function of
time and estimating the characteristics of the degrading noise
is quite difficult. Since speech enhancement systems which
attempt to estimate the short-time spectral magnitude of
speech of an underlying speech model generally require a
good estimate of the characteristics of the degrading noise,
they can not be used effectively to combat the speechlike
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IIl. Enhancement of Speech Degraded by Echoes

In this section, we discuss some of
; the i

zz':(t)zr:s 0\:/]2|ch attempt t.o enhance speech r(ejz;zi;:tgut\;e
Seoes r‘la]pp'roach Wwhich has been applied to rem .
N Oppenhegmz: ssishb?sed on the homomorphic system theg:‘/e
Zoh combi.n | afer, and Stockham [9]. In this approacl'?,
2 ignal com ; by a convolution of two component. is
s lhenrne 1_so that the. Lwo components become adsd'IS
it a linear filter is applied to separate of -

rom the other. Specifically, let s(n) ange}f‘zgs

denote a signal and a trai
rain of pulses. i
degraded by echoes, can be repr};sented ;E;eﬂ Y (). the signal

y(r)=s(n)h(n)

"
where "% represents the convolution o
when y (n) isa sum of 5 (n) and its
expressed as

(4)

peration. For example,
delay, then y (n ) can be

y(r)=s(n)+as(n—n,)=s (n )(8(n Ytad(n-n)) (5)
E/oh;re_S(n) iIs a unit sample sequence. By z- y
oth sides of equation (4), applying the 1y i
tion, and then inverse z- retio
expressed as

transforming
. thmic opera-
transforming, equation (4) can be

7(r)=5(r)+h(n) (6)

By linearly filtering y i

B g ¥ (n ), this approa

: . . ch attempt.

§ E: ;,Sirccl)]m which 5(n) is recovered. For a fy:ilc‘;lrec'over

sin)st Whaesn s;ple(e:}; gnd for a rather restricted class of S}ig(na;

: is a minimum phase si i i’

s signal

egg:af:e:)cfmg( be)tween the two consecutivge pu;:;;h e

estima 'ﬁs. n ) has been demonstrated. For exa s

speech artificially degraded by equation (5) with an:gl; o
=0.0 and
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n, corresponding to 50 msec igni
3 .» @ significant echo i
has been demonstrated. Even though this a;l;r;ﬁgeshsmn
ch s

theoretically interesting, i
. 1ts applicabili is limi
rather restricted class oigproblerﬁfllcablmy s limited 10 4

devel:pr;(()jl}l:e:igpr(])]acl} to suppress echoes in speech has beep
' 5 cally for the purpose of su ssi

::Oéznl'xg fdnstance telephone communicationsl.’przssli:agsecmes
o of speech degradation due to echoes in lon b
elephone communications is given [10] by = B distenc

y(r)=s,(n)sn(n)+s(n) m

where s(n) is the speech signal to be .

‘ recover
:;p;li?::;se the speech of another speaker, 2 (n ) ree;):e(l;nxtrls(t’;nz
thpulse © sgonse of the echo path, which may be varying in
pime. an 1r e e}::ho canceller has access to s, (n ) and y(gn)
P b;;paoalc . the echo pa'th impulse response is approxi-.
mated oY f:}zped delay line filter A'(n) and the filter
oS zrro r;e) are constantly updated by attempting to
e e o r between y(n ) and s, (n }sh(n ) during the
then oo appears to be absent. The enhanced speech is
then. o 1 teh‘ by subtracting s, (n Jth *(n ) from y(n). The

.devem‘ped g elf/{;lg()ﬂthm for the specific purpose it was
Ceeioped i eqced by the fact that a single chip VLS!
eller that implements the algorithm has been fabri-

cated [10]. The chi
35.000 devices. ip measures 313 by 356 mi]s_and contains

Whe ;

degraded Snpeiz(;led‘( ls) degrade.d by room reverberation, the
with & (n ) re yn ) can again be expressed by equation (4)
. tunately hom};resentutlg the room impulse response. Unfor-
applied ;_0 thi morphic processing discussed above cannot be
h(n) does n;St. Pkl;:]blem. since the room impulse response
homomorphic pr. Ong to the restricted class for which
different a mp;)cessmg. is applicable. Among various
approach “r:};:ic;c es considered to solve this problem, one
notion that the appears 10 be quite successful exlpoits the
characteristics W;oom lmpulse response h(n) has different
tions and vhen l,he signal is picked up at different loca-
requires signals from two microphones. More

specifically, let the si
Somoted by e signal at the second microphone be

z(n)=s(n)eg(n) (8)

By representi

h'y("' )P;‘;‘;“;rzi ;l g’;; ;m;d g(n) in terms of earlier arrivals
e ater arri

and z (n ) can be expressed asarnvals h/(n) and g (n), y(n)

y(n)=5(nYsh, (n )45 (n J2h, (n) &)
z(n)=s(n)eg, (n )45 (n g, (n) (10)

By exploiti ..
co);relft?;:nlfe:\l:/e empirical observation that there is a strong
correlation between s(n)eh,(n) and s (n)sg, (n), but little
it thet oo een s(n)sh (n) and s(n)xg (n). an algo-
bines s (n )k (:c)es :d(" Jhy(n) and s(n)sg,(n). but com-
has been devélo ;?1 1s (n)sg, (n) in an appropriate manner
has been evaluar::d b ). The performance of this algorithm
hearing and heari y.Bloo_m [12] for people with normal
classroom envim?;rmg Impairment in a very reverberant
cate that intellj 'br'l}?m'. Preliminary results of the test indi-
10 the proc gibility is not improved. Empirical listening
essed speech clearly demonstrates, however, that

the eChOeS du have been
. . e to classr i
iomi 4 oom reverberation A

IV, Ti i
Time Scale Modification of Speech

In the i i
that accounlprefvmus two .secllons. we discussed algorithms
or a specific type of speech degradation-

Se 1454

.

namely additive noise and reverberation. In the present sec-
Lion we discuss a specific class of signal processing algorithms

~that can potentially enhance speech in various conlexts by

changing the lime scale of speech, slowing down or speeding
up its apparent rate. Examples in which speech is enhanced
py changing ils Lime scale include slowing it down 10 learn a
foreign language or 10 communicate with a person who has a
hearing impairment. and speeding it up lo read writlen
material 1o the blind. Even though the original speech is not
degraded in these examples, speech is enhanced, in the sense
ihat the listener would prefer the processed speech, by
changing its lime scale.

Probably the simplest method of changing the time
scale of speech is to record speech at one speed and then play
it back at a different speed. Since this has the effect of scal-
ing all the frequencies, the method is useful in practice only
for a very small change in the time scale of speech. When
this method is used to produce only a 10% time-scale change,
the pitch change is easily perceived and speaker identification
can be impaired. A time-scale change greater than 35%
results in rapid deterioration of speech intelligibility.

Another simple approach is to cut speech tapes into seg-
ments, repeat or discard the segments periodically, and then
rejoin the segments later. It has been reported that such
methods preserve [13] both intelligibility of speech at a
time-scale change of 100% or more. Retention of such high
speech intelligibility is due primarily to the fact that speech
has a high degree of redundancy, and the retained speech seg-
menis preserve the short-time speech spectrum 1o a certain
extent. An ingeneous electromechanical method to periodi-
cally discard speech segments has been developed by Fair-
banks, et al [13), and has been used in practice for some time.
As a result, the method of periodically discarding speech seg-
ments for time compression is often referred to as the "Fair-
banks method”. Using the current digital technology. the

Fairbanks method can be implemenled in a very straight-

forward manner.

Even though the Fairbanks method preserves the intel-
ligibility of speech at high rates of time-scale modification,
the quality of speech suffers noticeably. Since speech seg-
ments are periodically discarded without any consideration
of the speech waveform, tbe resulting speech often has
discontinuities al the segment boundaries and speech is spec-
rally disieried. To reduce boundary discontinuity and
spectral distortion problems. Scott and Gerber {14] developed
a method in which speech segments are discarded or repeated
pitch-synchronously. In this method. pitch information is
first obtained from the speech waveform and an integer
number of pitch periods are repeated or discarded. The
pitch-synchronous method noticeably improves both the
quality and the intelligibility of the processed speech over
the Fairbanks method. Various commercial systems
currently available are variations of the pitch-synchronous
method.

A different approach to the time-scale modification
problem is to first filter speech by a bank of bandpass filters.
modify the time scale of the ouiput of each filter, and then
combine the resulting outputs. This approach has several
important advantages over those discussed above. For exam-
ple. any distortions caused by processing in one band of fre-
quencies has little effect on other frequency bands. and thus
the short-time spectral components important for the intelli-
gibility or quality of speech can be better controlled. In
addition, any periodic signal can be decomposed into a series
of complex exponentials. and the output of each channel can
be made 1o contain al most one exponential by properly
choosing the bandwidths and center frequencies of the bank
of filters. Since the time-scale modification is simpler for an
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exponential with one frequency than for a general speech
waveform. this can be exploited in the approach. Malah [15]
presents a method in which the speech is decomposed into
complex exponentials, and then only the frequency of each
exponential is modified by the same ratio in each channel
without affecting the amplitude and time duration of the
exponential. This is accomplished by a simple time-domain
algorithm. When the modified exponentials are combined.
the resulting speech has the same duration as the original
speech but all the frequency components have been linearly
scaled. The linear frequency scaling can be corrected by
changing the playback speed, which results in compression or
expansion of the speech time scale. This method is computa-
tionally simple and appears 10 have good performance.
Another approach to time scale modification of speech is
1o consider the problem in the short-time Fourier transform
(STFT) domain. The STFT is a time-frequency representa-
tion of a signal, and its magnitude is often referred to as
“digital Spectrogram". Spectrograms display many features
of speech such as fundamental frequency and formant fre-
quencies as 2 function of time, which are known 1o be very
important for speech perception. In one method [16]. the
STFT of speech is modified and speech is synthesized from
the modified transform. This method is related to the
method by Malah, since with proper interpretation, the STFT
is equivalent to the output of a bank of bandpass filters. In
1his method. both the magnitude and phase of the STFT are
modified. Yor the application 10 time-scale modification of
speech, the required modification for the STFT magnitude is
very straight-forward. The required modification for the
STIT phase is quite involved and careful atiention has to be
paid 1o the modification of the STFT phase to achieve good
performance. X
To avoid the difficulty associated with the modification
of the STFT phase, another meihod was developed. In this
method [17). only the STFT magnitude is modified and
speech is synthesized directly from the modified STFT mag-
nitude. The modification of the STFT magnitude changes the
time scale without affecting the local spectral characteristics
and will tend to preserve the quality and intelligibility of
speech. An example that illustrates this method is shown in
Figure 5. Figure 5(a) shows the spectrogram (STFT magni-
tude) of a speech signal. Figure 5(b) shows the modified
spectrogram obtained by compressing the time scale of the
spectrogram in Figure 5(a) by a factor of 2 without changing
the frequency scale. Figure 5(c) shows the spectrogram of
the speech signal estimated from the modified spectrogram in
Figure S5(b). This method. although considerably more
expensive computationally than others, appears to have the
best performance among existing algorithms. Simulation
results of this method demonstrate that high-quality rate-
changed speech which retains the natural quality and
speaker-dependent features. with few artifacts such as
glitches, burbles. and reverberation. can be generated for
compression ralios as high as 2.5:1 and expansion ratios as
high as 4:1. In addition. the method is robust 1o speech
degradation by additive noise in the sense that the noise in
processed speech is not perceived to increase in intensity and
the noise characteristics are not perceived as different. The
method has also been applied successfully to time-scale
modification of the singing voice and music signals.

In addition to potential applications 1o the speech
enhancement problem. time-scale modification of speech has
a number of other applications. For example, many speech
recognition systems require normalization of speech sound
duration without affecting the short-time spectral charac-
teristics of speech. Other examples include speech duration
change for broadcasting and movies. The algorithm dis-
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Figure 5. (a) Spectrogram (STFT Magnitude) of "Line up at
the screen door.”

(b) Modified Spectrogram for Time-Scale
compression by a factor of 2

(c) Spectrogram of speech estimated from
the Modified Spectrogram in (b)

cussed in this section are also applicable to these and other
examples.

V. Areas for Future Research

In the above three sections, we have discussed some
representative speech enhancement algorithms. Even though
these discussions are not exhaustive, they illustrate the gen-
eral approaches thal have been considered and indicate some
directions for future research. In this section, we discuss a
few topics for future research related 10 the speech
enhancement problem.

The objective of speech enhancement is generally an
improvement in some aspects of human perception such as
improvement in speech intelligibility or quality. Since the
human perceptual domain is not well understood. a careful
system evaluation requires a subjective test, which can be
tedious and time consuming. This is one of the reasons why
many speech enhancement systems have not been carefully
evaluated. Further understanding of the human perceptual

domain and development of simple procedures to evaluate
the performance of a speech processing system will be usefu]
not only for speech enhancement, but for speech processing
in general.

Various speech enhancement systems discussed in Sec-
tions 11 and Il appear to improve speech quality, but not
speech intelligibility. Intelligibility improvement when the
degradation is due to wide-band random noise or speech-like
noise, in my opinion, requires a fresh new approach to the
speech enhancement problem. One such approach is to
exploit more information about speech. Even though some
algorithms such as power spectrum subtraction method and
comb filtering attempt to exploit some characteristics of
speech, there is considerably more knowledge about speech
signals that may potentially be incorporated in speech
enhancement systems. Cooperation of researchers with sig-
nal processing background and researchers with speech back-
ground would be important for such an effort.

In the area of time scale modification of speech. the per-
formance of existing algorithms may be further improved by
exploiting the notion that when g human speaks at a slower
rate, not all segments of speech are articulated uniformly
more slowly. For example, unvoiced sounds. which are short
in duration in human articulation, appear to be affected less
than voiced sounds, which are relatively long. Even though
existing algorithms are capable of changing the time scale of
speech at different rates for different speech segments, the
question of what rates should be applied to each speech seg-
ment 1o achieve a certain overall rate of time scale
modification is not well understood.

In this paper, we have attempted to provide an over-
view of the variety of techniques that have been proposed
for speech enhancement. A more detailed and complete
treatment of signal processing algorithms for speech enhance-
ment can be found in 18, 19].
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