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Abstract

In this pavper, enhancement of speech corrupted by additive white or colored
nolse ig stuided. The unconstrained frequency-domzin block least-mean-square
(UFBLMS) adaptation algorithm and its frequency-weighted version are newly
applied to speech enhancement. For enhancement of speech degraded by white
noise, the performance of the UFBLMS algorithm is suverior to the spectral
subtraction method or Wiener filtering techmique by more than 3 dB in seg-
mented frequency-weighted signalwcu-noise:acio(FWSNRS, ) when SNR of speech
A £G

is in the vange of 0 to 10 dB.

As for enhancement of noisy speech corrupted by colored noise, the UFBLMS al-
gorithm is superior to that of the spectral subtraction method by about 3
to 5 dB in FHSNRszg. Also, it yields better performance by about 2 4B in
FWSNR and FWSNR, than that of the .time-domain least-mean-square (TLMS)

adaptive predicglan filter (APF).

In view of the compucational'complexity and performance improvement in speech
quality and intelligibility, the frequency-~weighted UFBLMS algorithm appears
to yield the best performance among various algorithms in enhancing noisy
speech corrupted by white or colored noise.

I. INTRODUCTION

The enhancement of noisy speech has been investigated by many researchers.
As a result, various enhancement methods have been suggested and developed.
Lim and Opvenneim surveved the previous studies on enhancement of speech de-
graded by additive noise [l}. Speech enhancemenc may be done by one of the
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following three approaches. The first approach is to exploit certain per-

ceptual aspects of speech. By high-pass filtering fricative sound and in-

serting short pauses before plosive sound, significant improvement in intel-~
ligibility has been abtained [2]. Also, the short time spectral wmagnitude

has been used to enhance noisy speech [3]. The second approach exploits the '
fact that voiced portion has quasi-periodicity. Since the energy of a perio-
dic signal is concencrated in the repetitive frequency bands and the inter-

fering signal has in general energy over the entire frequency bands, comp

filtering can reduce noise, while presarving the desired sigmal [4]. The

third approach to speech enhancement is to exploit a speech productionmodel.
The parameters of the speech model are escimated, and then enhanced speech

is generated by the synchesis system based on the same speech model or with

the estimated speech model paramecters (5]. In addition, to reduce narrow-

band noise, the use of a time-domain filter has been investigated. It may

be formed from the inverse transform of the inverse of the estimated noise

spectrum. This filter can be implemented using a time-domain noise suppre-

ssion filter that is adapted segmentally based on samples of background

noise [6].

In this paper, a new enhancement technique using tlie unconstrained frequency-~
domain block least-mean-square (UFBLMS) algorithm is proposed for speech cor-
rupted by white or colored nocise. The performance of the unewly provosed
method will be compared to those of existing enhancement algorithms. To test
the effectiveness of each enhancement algorithm, we use objective measures
such as frequency-weighted signal-to-noise ratio (FWSNR) and segmented FWSNR
(FWSNR,,..) that are closely correlated with perception (7). Following this
introduction, in Section II the new UFBLMS algorithm for enhancement of neisy
speach is introduced. In this section, we will also discuss how one can ap-~
ply this aligorithm to enhance noisy speech corrupted by  white or: colored
noise. In Section I, computer simulation is done to investigate the per-

formance of various algoritlms for enhancement of noisy speech. The per-
formance improvemencs resulting from the use of various enhancement techni-

ques are compared by objective quality measures. Finally, in Section IV,
conclusions are made. :

II. THE UFBLMS ALGORITHM WITH OR WITHOUT FREQUENCY WEIGHTING

Let us consider a transversal adaptive digital filter (ADF) operated on the
block-by-block basis. Prior to derivation of the frequency-weighted UFBLMS
algorithm, we briefly review the UFBLMS ADF. Let M, L, and N be the number
of filter weights, the block length, and the transform length of FFT, re-
spectively. The UFBLMS ADF shown im Fig. 1 can be obtained by minimizing
the frequency-domain block mean-squared error (BMSE). In. the UFBLMS ADF,

the frequency-domain error vector e  in the k . block is given by

e =d -P W) k th (1)

k k O,chk k : _
where and W, are the (Nxl1) desired response and filter weight vectors, re-
spectively, bth in the frequerncy domain, and iz an (NxN) diagonal matrix
whose diagonal elements are the transformed imput data. In (1), the (NxN)
macrix P realizes the sectioning procedures. needed for computing the fil-
ter output, and is deiined as
F 2)

® 0
I'o,Lﬁl'Lt:l L
where F is an (NxN) discrete Fourier transform matrix, IL denotes an (LxL)
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Fig. 1 Realization of UFBLMS and frequency weighted UFBLMS ADF's using FFT
and overlap-save sectioning procedure (N=L+M~1+N LQP-I+N s MAM-1+
¥z, and N,>0).

[Note: UFBLMS ADF is realized with the position "A" connected and
frequency-weighted UFBLMS ADF is realized with the position
"B" connected. N, is the number of zero data needed forraug-
menting the input data, thereby allowing to choose a suitable
transform of length N. S/P = serial~to-parallel coaversion
and P/S = parallel-to-serizl conversion.]

identity matrix, and 0 is a zero matrix.

As a performance criterion in adjusting the filter weights, we use the fre-
quency~weighted block MSE efW defined by (8]

eV 4 Efef He, ] (3)

where the asterisk and E{+] denote complex-conjugate transpose of a matrix

and statistical expectation, respectively. In (3), H is an (NxN) diagenal

matrix whose diagonal elements are of nonnegative values, and then wmagni~

tudes represent the relarive significance of each frequency component. Fol-
lowing the same approach for the UFBLMS ADF [9], we can obcain from (1) and

(3) a gradient of the frequency-weighted block MSE with respect to “k as

LANS "k -ZE[x:PO.LHgkI 4

Thus, using an instantaneously estimated gradient, we obtain from (4) a fre-
quency-weighted UFBLMS weight adjustment algorithm as the following:

*

Wirp = F T RERE L By (53
where u is a convergence factor that controls the convergence behavior of
the algorithm. In Fig. l, a block diagram of the frequency-weighted UFBLMS
ADF using the algorithm of (5) is showm together with that of the UFBLMS ADF.
It is noted that, when H is an identity matrix, the frequency-weighted UFBLMS
algorithm becomes idenmtical to the UFBLMS algorithm since Py ;1 ey =ey. Al-
so, it is noted thac, when L is sufficiently larger than M, PO can be ap-
proximated as an identity matrix. In that case, one can eliminate the FFT
and inverse FFT operation that are needed just after the frequency weighting
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operacion in the frequency-weighted UFBLMS ADF. In this work, we apply the
UFBLMS and frequency-waighted UFBLMS algorithms discussed above to the en-
hancement of spesch degraded by white or colored noise. Frequency weighting
is done by using different convergence factors for each frequency componenc.

For noisy speech corrupted by white noise, enhanced speech is obtained by

filtering the noisy speech through the UFBLMS or frequency-weighted UFBLMS

ADF. This is shown in Fig. 2-{a). Nocte that, unlike the convencional algo-~
rithms such as the spectral subtraction method and the Wiener filteringmerh-
od, the proposed enhancement algorithm requires no speesch/silence diserimi-

nation. Hence, the computational complexity of the UFBLMS algorithm is sim-
pier than those of the conventional enhancement aigorithms.
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Fig. 2 Systems for enhancement of noisy speech by the UFBLMS algorithm.

(a) For speech corrupted by white noise
{(b) For speech corrupted by colored noise

As for noisy speech corrupted by ceclored noise, we obtain enhanced speech by
using a noise suppression filter based on the UFBLMS algorithm as showa in

Fig. 2-(b). 1In this scheme, when noise in a silence interval is detected,

the adaptive algorithm adjuscs the weights of the noise suppression filter

such that the error signal is minimized. When speecnh is detected, the adap-

tation algorithm is turned off, and the values of filter weights are kept at

their current values. Adaptation resumes whenever speech activity no longer
QCCUrsS.

M. SIMULATION RESULTS AND DISCUSSION

In this section we first investigate the performaznce of the propcsed UFBLMS

algorithm by simulation when noise is white, and compare it to those of the

existing enhancement techniques, such as the spectral subtxaction wmethod [3]

and the Wiener filtering method {l], by various objective measures. As the

input to these systems, real speech bandlimited to 3.5 kHz-and sampled at

8 kHz was used. To obtain noisy speech, we generated white Gaussian noise

using a random number generacion program. We then processed it by a low-pass
filter whose 3 dB cutoff frequency was 3.4 kHz, and added the rTesulting

noise to the clean speech.

Table I shows the results of spesch enhancement by various enhancement algo-
rithms. We can see from this table that the improvement resulting from the
use of the UFBLMS algorithm is similar to that of the frequency-weighted
UFBLMS algorithm. Also, it is noted thac the performance could be improved
significantly for noisy speech with the UFBLMS algorithm. Perhaps, the rea-
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son may be due to the fact that the UFBLMS algorithm is based on forward and
backward prediction, and enhancemenc is done in the frequency-~domain. Also,
we can note from Table I that the improvement by various ennancement algo-

rithms decreases as the SNR of input noisy speecnh becomes higher. The rea-

sons are thought to be due to the nonstationary characteristics of speech

and also because noise spectrum is estimated approximately. When frequency-
weighted opjective measures are used as performance criteria, we can see

from Table I that the UFBLMS aigorithm is superior to the spectral subtrac-—

tion method or Wiemer -filtering technique by more than 3 dB in FWSNRsvc'

Table I. Improvement resulting from enhancement algorithms for noisy speech
corrupted by white noise.

1 1
| 9a3 | 5 a8 ! 0as |
slgocacra i l | |
TS - TWIUR i 11.28 i 14.25 i 4,40 ;
SR, | 7.03 i 1.52 I 13,45 |
] 4
Trequency-vargoted FWSHR t 11.79 I 14,20 | 1%.30 |
e SRy l 5.37 I . | 13033
Soectzai suocTaccoon | VSR , 9.37 i 12.78 1 16.23 }
‘ncs dammag andov SR i 3.5 l 6.43 ‘ 19.11 {
“lener filteciag WSER | 10.3% l 13.32 i 16.58 |
3
SR aen t 4.33 v | io.sz
TSRS | | 1

Note: Noisy speeches of 0, 5and 10 dB in SNR corraspond to those
of 5.0, 8.35 and 12.69 4B in FWSNR, and -1.53, 1.81 and
6.15 dB in FWSNRgpg, respectively.

Fig. 3 shows LPC spectra of clean, noisy and enhanced speech by various en-

hancement algorithms. It can be seen that the LPC spectra of the enhanced

speech by the UFBLMS algoritlm approximates the LPC spectral envelope of

clean speech most closely among the three enhancement techniques, especially
in the frequency range of 1 to 3 kHz. Also, it is .worthwhile to mention

that, with the UFBLMS algorithm, high-pass filtering may be combined with

the emhancement algorithm to improve speech quality and intelligibility.

That is, high~pass filtering can be done simultaneocusly with enhancement in

the frequency domain. In this case, different convergence factors wmay be

used for each frequency component.

Next, we investigate the performance of the UFBLMS enhancing algorithm when
the noise is colored, and compare it to those of the existing enhancement
techniques, such as the spectral subtraction method [3} and cthe adaptive
prediction filtering (APF) method {6}, by objective quality wmeasures.

To obtain noisy speech corrupted by colored noise, we generated white Gaussian
noise, Then, we processed it by a band-pass f£ilter, and added the resulting
noise to clean speech. TFig. & shows the average noise spectrum of which nar-
row-band ridges correspond to the fundamental (1550 Hz) and first harmonic
(3100 Hz) narrow-band noise of the helicopter engine [3]. For speech/silence
discrimination which 1s required as a part of the enhancement algorithm for
the colored noise case, we used a speech/silence detection method based on
spectral magnitude, power and autocorrelation of segmented speech [10].
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Fig. 3 Spectral envelopes of clean, noisy and enhanced speech.

(a) Original c¢lean speech (b) S dB neoisy speech
(¢) Ennhanced speech by the spectral subtraction method with Hamming
window

(d) Enhanced speech by the Wiener filtering
(e) Enhanced speecn by the UFBLMS algoritim
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Fig. 4 Spectrum of colored noise.

Table I. Improvement resulting f£rom enhancement algorithms for noisy speech
corrupted by colored noise.

Eam Iooue SHR | ‘
aancamen Q ¢8 5 a8 10 6B |
Algormcim Massure | 1
1
UFBLMS | TSR | 14.27 16.42 | 3.7 |
1
TR | 3.3 | 10.53 i 13.07 [
Sowersi subcracerda l SVSHR | 6.59 9.71 | 12.33 |
i
ne8 Semmang agow ‘ SR .. | 1.3 | & 54 | 8.50 |
1= i

Adaceive grediczien | TWSHR 11.32 L6.14 16.4t

| i

fileerzag ; ARz | 5.8 1 9.06 i 294, |
- '

Note: WNoisy speeches of 0, 5 and 10 dB in SNR correspoﬁd to those
of 3.74, 7.00 and 11.29dB in FWSNR, and -2.04, 1.22 and 5.351
dB in FWSNRSEG, respectively.
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Table I shows the improvement that results from the use of various enhance-
ment algorithms. When the FWSNR and FWSNRSEG measures are used as perform-
ance criteria, the improvement by the UFBLMS algorithm is more than 7 dB.
Also, we have found that the performance of the UFBLMS algoritim is almost
the same as that of the frequency-weighred UFBLMS algorithm. However, ac-
cording to our intelligibility test, the frequency~weighted UFBLMS algorithm
appears to be more eifective for improvement of speech intelligibility. It
is noted that the performance of the UFBLMS algorithm is superior to that of
the spectral subtraction method by about 3 to 5 dB in FWSNR and FWSNR
Also, the performance of the UFBLMS algorithm is better by about 2 dB in
FWSNR and FWSNRgp~ than that of the APF algorithm. In addition, Fig. 5
shows LPC spectra of clean speech, noisy speech and enhanced speech by vari-
ous enhancement algorithms. It is seen from this figure that the spectral
envelope by the UFBIMS algorithm is closer to the spectral envelope of clean

speech than other enhancemeat techmiques.
80
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Fig. 5 Spectral envelopes of clean, noisy and enhanced speech.
(a) Original clean speech
(b) S dB noisy speech corrupted by colored noise
(¢} Enhanced speech by the spectral subtraction method with Hamming
window
(d) Enhanced speech by the TLMS adaptive prediction filter
{(e) Enhanced speech by the UFBLMS algorithm (B8=0.9)

V. CONCLUSIONS

In this paper, a new techmnique using the UFBLMS algorithm has been proposed
to enhance noisy speech degraded by white or colored noise, and evaluated
by various objective measures. According to the simulation results for
speech corrupted by white noise, the UFBLMS algorithm is superior to the
spectral subtraction method or Wiener filtering technique by more than 3 dB
in FWSNRgpc when the SNR of speech is in the range of 0 to 10 dB. In gen-
eral, the improvement decreases as the SNR of input speech becomes higher.
With the UFBLMS algorithm, high-pass filtering may be combined with the en-
hancement algoritim to improve the speech quality and intelligibility fur-
ther. For degraded speech by colored noise, the performance of the UFBLMS
algorithm is superior to that of the spectral subtraction method by about 3
to 5 dB in FWSNR and FWSNR . Also, the performance of the UFBLMS algo-
rithm is better by about 2 Eg in FWSNR and FWSNRgpg than that of the TLMS
APF algorithm. In view of the computational complexity and improvement in
speech quality and intelligibility, it can be concluded that the frequency-
weighted UFBLMS algorithm yields the best results among various algorithms
so far proposed in enrhancing noisy speech corrupted by white or colored noise.
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