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Speech Enhancement for Crosstalk Interference

Levent M. Arslan,Member, IEEE,and John H. L. Hansergenior Member, IEEE

Abstract—Speech signals are often degraded by additive in-
terference over single-channel communication systems. For sta-
. - . . . . s(n)
tionary and well defined noise sources, effective solutions exist. | ‘ ‘ ' ‘ ‘ ‘ ‘ ' ‘
However, it is often difficult to formulate a model for nonstation- I | ! l
ary and speechlike noise sources such as crosstalk or multispeaker n
babble, which exist in real scenarios. In this paper, we propose a
solution to this problem under the assumption that we have access b +
to the clean speech signal prior to transmission. A novel method d(n)
for tracking transmission noise characteristics is described. Based
on this noise estimate, a new speech enhancement technique is el e LT
proposed. The enhancement method is evaluated for multispeaker n
babble noise, and shown to substantially improve both the quality
and intelligibility of the processed speech signal. -

y(n)
. INTRODUCTION 1. | N ‘ ‘ g1

N SINGLE-CHANNEL voice communication systems, it \ - / B

is often difficult to characterize background interfering ° o o
noise. The channel distortion normally possesses nonstationary Nolse estimate
statistics, and can contain correlated interference (e.g., anothigrl. Zero-padding procedure for accurate noise estimation, werg
speaker’s voice). However, most models developed for singlélhe transmitted zero-padded clean speech sigfal) is the interference

’ signaj that is added in the channel, apg:) is the output noisy signal at

channel speech enhancement systems assume that backgr@@ ceiver.
noise is stationary and/or uncorrelated [1], [2], [4], [7]- Al-

though the fundamental principles behind these enhancemg{nthe transmitter prior to transmission across the channel,

methods are well defined, in practice, the limitations set b L . o -
: . : . : nd estimating the noise characteristics from the original zero
their assumptions play a major role in their performance ;
amples that are now degraded when collected at the receiver.

across actual distortions. The reason for this is that they re; . . : )
nce most noise signals have correlation between successive

on a good estimate of the noise characteristics, which can . o .
) : ._-samples (especially speechlike interference), the noise samples
have serious consequences when the assumptions are wol%leg

S i . "are added to a signal sample will be very similar to
Another limitation of traditional methods is that they rely orEhose noise samples tha% are addgd {0 the closes){ zero sample
a short-time stationarity assumption, which is not valid f '

herefore, even if the degraded zero samples from neighboring
some speech classes such as stop consonants. As a result, these .
; ) . ) sighal samples are subtracted at the output, the resulting speech
enhancement algorithms can introduce artifacts which reduc . . : S
. L WIll possess both higher quality and intelligibility.
overall speech intelligibility.

Methods have been proposed that seek to preprocess clea-lr-lhe outline of this paper is as follows: In Section Il the

. F ) ztero-padding procedure for channel noise estimation is pre-
speech prior to transmission across a channel in an effort’10

. . nted. In tion 1ll, the evaluations including multi ker
increase intelligibility [8], [9]. Unfortunately, these method sented 'Se.c 0 » the evallations cgd gr speake
; . ?bble noise interference are presented. Finally, in Section IV,
generally compromise overall speech quality as a result ol .
: . . : . the conclusions are presented.
their processing. In this paper, we propose a time-division
multiplexing-based scheme to track the channel noise charac-
teristics without imposing any constraints on the noise type.
The proposed method is very simple; however, it requiresThe procedure for obtaining the noise estimate is shown
access to the clean speech signal prior to transmission as inifgJFig. 1, where the top plot shows the transmitted signal
and [9]. The method is based on padding the signal with zergls:), which is padded with zeros at every other sample. The
Manuscript received August 4, 1996. The associate editor coordinatiﬁgCond p|0t CorreSpondS, .tO the_mter,ferer?ce Slgﬁm}’ which
the review of this manuscript and approving it for publication was Dr. VIS assumed to be an additive noise distortion due to the channel.
Viswanathan. ' _ The resulting signal at the receivef(n) is shown at the
L. M. Arslan was with the Robust Speech Processing Laboratory, Dep ottom p|0t In this procedure the noise is estimated from
ment of Electrical Engineering, Duke University, Durham, NC 27708-029 .. ) . . .
USA. He is now with Entropic Research, Washington, DC, USA (e-maif1€ Original zero samples Wh'Ch are marked_W'th anhed_lmeS-
arslan@epiwri2.entropic.com). One approach for enhancing the output signal is to simply
J. L. Hansen is with the Robust Speech Processing Laboratory, Depart| i i i i
of Electrical Engineering, Duke University, Durham, NC 27708-0291 US. btra.Ct the noﬁe .est|:nate (km(;irk(.?g WIT.Z ?aShFT'd I;]nets)) from
(e-mail: jhih@ee.duke.edu). the noisy speech signa (marked with solid lines in the bottom
Publisher Item Identifier S 1070-9908(97)02521-2. plot). This method will be referred to aample subtractian

Il. ZERO-PADDING PROCEDURE

1070-9908/97$10.001 1997 IEEE



ARSLAN AND HANSEN: SPEECH ENHANCEMENT 93

—_

x 10
4

N
(=)
[o-)

o
=]

(=]
Frequency
o
s

Amplitude

(=]

1000 2000 3000 4000 5000 6000 7000 0 500 1000 1500 2000 2500 3000

Time
(@)
x 10"

4 T T 1
0.8

g 9
3 £ o6
— o VY

= 90 3
g S04

f
< -2 Lo
0

1000 2000 3000 4000 5000 6000 7000 0 500 1000 1500 2000 2500 3000
Time
(b)

x 10
4 - 1
038
® 2 >
T 2
2 o 06
50 3
o
E 9 0.4
-2
' L2
o n 1 L n " " 0 0y R SO0 SOOI
1000 2000 3000 4000 5000 6000 7000 0 500 1000 1500 2000 2500 3000
Time Time

©

Fig. 2. Time waveforms and spectrograms for the utterance “Often you'll” from the TIMIT sentence “Often you'll get back more than you put in.” (a)
Original utterance. (b) Degraded with10 dB multispeaker babble noise. (c) Enhanced using the zero-padding procedure.

To improve upon the enhancement procedure, interpolatitam voice communication application, and available channel
techniques can be applied in order to obtain a better estimatdahdwidth, an appropriate value can be estimated experimen-
the noise signal that interferes with nonzero samples. It shotitdly.
be noted that the resampling process at the receiver shouldnother issue is the nonideal filter characteristics of the
be synchronized to the transmitter sampling. Small errors limndlimited channel. Under ideal conditions, the channel can
the synchronization process may produce a mix of signal lre modeled as a filter with perfect passband/stopband charac-
addition to noise, and this may reduce the performance of ttegistics, and therefore each sampled pulse of speech spaced
proposed algorithm. Therefore, the synchronization proceksf; apart will produce a sinc functionsih (x)/z] type
should be precise. response, but will still maintain a null at the intermediate point
One disadvantage of the zero-padding sample subtractiontime between samples. Since these null sample locations
procedure is that it requires twice the data rate, or two timesrrespond to noise estimate samples in our formulation, the
the size of the original channel bandwidth for transmissioideal channel filter characteristics will not result in distortion
In order to reduce the bandwidth requirement, zero paddio§the noise estimate. However, in practice, the channel filter
can be based on the degree of correlation between successharacteristics may not be ideal. This will produce a smearing
noise samples, so that zeros may be padded every secohthe speech pulses that would result in leakage into the zero-
sample, third sample, etc. This will reduce the bandwidthalued samples reserved for the noise estimate. This problem
requirement from 2/1 to 3/2, 4/3 times, etc., respectivelgan be resolved to some extent by employing an adaptive filter
However, reducing the bandwidth will result in a less accurate remove the smeared component of the speech signal from
estimate of the noise characteristics. Based on the partitive noise signal. A number of techniques for echo cancellation
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Fig. 3. Time waveforms and spectrograms for the utterance “Often you'll” from the TIMIT sentence “Often you'll get back more than you put in.” (a)
Original utterance. (b) Degraded with32 dB sinusoidal interference. (c) Enhanced using the zero-padding procedure.

found in the literature [5], [6] could be employed to addresspeech enhancement. As mentioned above, for either case,

this issue. zero-padding-based noise estimation will improve the perfor-
It is important to note that the sample subtraction methadance substantially. However, in order to achieve the highest

will be more effective if the successive noise samples alevel of performance, a decision mechanism between the two

correlated. However, if the successive noise samples @@cessing methods can be embedded in the speech enhance-

uncorrelated, then speech enhancement could be performethgnt structure at the receiver. The criterion for switching

the frequency domain using one of the traditional approach®gtween the methods would depend on the degree of correla-

such as spectral subtraction or Wiener filtering, on a fram@on between successive noise samples. In order to formulate

by-frame basis. Since both of these methods require a gobdnathematical expression for the degree of correlation, we

noise estimate, the proposed noise estimation procedure Wgfine the sequences andY as

increase frequency domain speech enhancement performance

as well. One of the most important advantages of the proposed X =dndnirdnyr - dnyn

method is that it does not require any stationarity assumption, Y =dn-1dpdpy1 - dprn—1 ()

which is a major problem for existing speech enhancement

techniques. The reason for this is that the noise estimatenibere N is a predefined frame length. Next, the correlation

updated automatically for every other input sample. coefficient betweerX andY is obtained using the expression
The degree of correlation between successive noise samples

plays a major role in deciding between sample subtraction p= Kxy )

or traditional speech enhancement methods for receiver-end OX0y
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where K xvy is the covariance, which is defined as follows: IV. CONCLUSIONS

Kxy = E[(X = mx)(Y —my)] 3) In this letter, a new method for estimating degrading noise
characteristics was proposed, and integrated into a speech

wheremx andmy are the means ok’ andY’, respectively. enhancement scheme. Our proposed method assumed access
The correlation coefficient can be updated every other inputo the clean speech signal prior to transmission. The method is
sample in order to direct the enhancement decision mechanisased on simply padding the signal with zeros at every other
as needed. sample in order to characterize the background noise in the
communications system at the receiver. Using the proposed
I1l. EVALUATIONS method, it has been shown that the original speech can be
ﬁg,ily reconstructed in the presence of such noise sources

tences from the TIMIT speech database, downsampled to aﬁssmultispeaker babble noise or sinusoidal interference. The
kHz sample rate. For the first evaluation, the proposed speé‘&ﬁgioﬁzlgg d nrw]((a)tir;gd i 'Segluzzggdth?:rﬁoifg nor;str?g;)nqglrly
enhancement method is applied to the problem of enhanc o ypes, . typ ally
multispeaker babble noise interference [3]. Fig. 2(a) shoygguses traditional speech enhancement algorithms to fail. In

the time waveform and corresponding spectrogram for flosing, it should be mentioned that the method is flexible

utterance “Often you'll” which is part of the TIMIT sentenceenougm.to accommodate many typlcal_ noise sources, and quite
ppropriate for real-time implementation.

“Often you'll get back more than you put in” spoken by a mal€
speaker. Fig. 2(b) corresponds to the degraded waveform and
its spectrogram with-10 dB SNR of multiple speaker babble
noise. At this level of noise, the original speech signal is not
distinguishable. Competing speaker formant tracks are also REFERENCES
clearly V|S|ple in the adjoining speech spectrogram. Howeverl] L. M. Arslan, A. McCree, and V. Viswanathan, “New methods for
after applying the proposed method of enhancement, the adaptive noise suppression,”Rioc. IEEE Int. Conf. Acoustics, Speech,
original clean signal is recovered with virtually no perceived giggalgrﬁceésingDetrQit, M][, May 1t_995, vol. 1, pp. 815—8$5- el
. . . - - . F. Boll, “Suppression of acoustic noise in speech using spectra
!’eSIC?uaI noise. A portion of the recovered S|gnal is show subtraction,”|EEE Trans. Acoust., Speech, Signal Processimg, 27,
in Fig. 2(c). The mean square error between the degraded pp. 113-120, April 1979.
signal and the original signal improved from 2653 to 137 aftei3] J-b,H-t_L- Han??” and L. M-t#f\fﬂaﬂ; “RObUSthfeathe _?Stimaf_ion aﬂ(é "
. . opjective quality assessment 10r noisy speecn recognition using creai
applying the Sample Sl’,lbtrac,tlon ,enhancement procedu.re. card corpus,|EEE Trans. Speech Audio Processiugl. 3, pp. 169-184,
Next, a degrading sinusoidal interference was considered. may 1995.
As previously mentioned, the effectiveness of the algorithm i§1 J. :I L. Hantsen_t?nd Ml-_ At-. Cletments, “ﬁonstrain_etqd“ié%rgtif speech
. . . . ennancement wi application to speecn recognit rans.

more pronounged 'When the noise mterferenge Is more highly Signal Processingyol. 39, no. 4, pp. 795-805.
correlated, which is the case for the sinusoidal interferencgs] s. Haykin, Adaptive Filter Theory,2nd ed. Englewood Cliffs, NJ:
Fig. 3(a) shows the original utterance “Often you'll.” Fig. 3(b) Frgntli_qe-léall, 1?]9é- o Enalewood Clifts. NJ: Prentice.Hal
corresponds to the degraded waveform and its spectrografi Toga T peech EmhancementEngiewood Hs, T Frentice-rial
with —30 dB sinusoidal interference at 700 Hz. At this level[7] J. S. Lim and A. V. Oppenheim, “All-pole modeling of degraded
of noise, listener evaluation indicates that only the single tone ig‘?eﬁqg'Efgigra”S' Acoust., Speech, Signal Processirg, 26, pp.
is heard, and V'rtua”_y no speech S'Qnal can be perceive R. J. Nieaerjohﬁ and J. H. Grotelueschen, “The enhancement of speech
However, after applying the proposed enhancement method, intelligibility in high noise levels by high-pass filtering followed by
the Onglnal S|gna| is Completely recovered’ as can be seen in rapid amplitude Compression,fEEE Trans. Acoust., Speech, Slgnal
Fia. 3 H th d £ 47750 t Processingyvol. 24, pp. 277-282, Aug. 1976.

ig. 3(c). Here the mean square error drops from 0 18] 1. B. Thomas and R. J. Niederjohn, “The intelligibility of filtered-clipped

after applying the sample subtraction enhancement procedure. speech in noise,J. Audio Eng. Socyol. 18, pp. 299-303, June 1970.

In these evaluations, speech consisted of continuous &



