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Speech Enhancement Based on Perceptually Comfortable Residual
Noise

Jong Won SHIN†, Nonmember, Joon-Hyuk CHANG††a), Member, and Nam Soo KIM†, Nonmember

SUMMARY In this letter, we propose a novel approach to speech en-
hancement, which incorporates a new criterion based on residual noise
shaping. In the proposed approach, our goal is to make the residual noise
perceptually comfortable instead of making it less audible. A predeter-
mined ‘comfort noise’ is provided as a target for the spectral shaping.
Based on some assumptions, the resulting spectral gain function turns out to
be a slight modification of the Wiener filter while requiring very low com-
putational complexity. Subjective listening test shows that the proposed
algorithm outperforms the conventional spectral enhancement technique
based on soft decision and the noise suppression implemented in IS-893
Selectable Mode Vocoder.
key words: speech enhancement, residual noise, perceptually comfortable
noise

1. Introduction

The quality of a spoken language processed by speech
coders may significantly deteriorate under the presence of
additive noise. Speech enhancement techniques, which es-
timate the clean speech robustly when only the noisy signal
is available, have become an indispensable part of practical
speech processing systems.

One of the predominant approaches to speech enhance-
ment is the spectral subtraction algorithm. A variety of crite-
ria are used for the spectral subtraction task such as the mini-
mum mean square error (MMSE) (which leads to the Wiener
filter) [1], MMSE spectral amplitude [2], and MMSE log
spectral amplitude criteria [3]. The performance of these
speech enhancement algorithms has been further improved
with the incorporation of soft decision scheme [4].

More recently, there has appeared a new class of speech
enhancement based on the signal subspace technique [5],
[6]. Signal subspace techniques have shown a fairly good
performance by making a compromise between the signal
distortion and residual noise. Although these algorithms
have been shown to be effective in enhancing speech qual-
ity, they require a heavy computational burden. Further-
more, several variations of signal subspace approach have
been developed in order to keep the residual noise inaudi-
ble by constraining its level below the masking threshold of
hearing [7], [8]. Some of these techniques can be viewed as
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specific realizations of the algorithm proposed in [6], which
determine the thresholds so as to make the residual noise
perceptually inaudible.

It is known that there exist some noises that are felt
more comfortable and pleasant than others in terms of hu-
man auditory perception even if their power is relatively
high. Table 1 shows the mean-opinion-score (MOS) eval-
uated on various noisy speech data, and we can see that
some noises are remarkably preferred by the human listen-
ers to others. For that reason, it would be beneficial not only
to make the residual noise less audible but also to make it
perceptually more comfortable for a successful speech en-
hancement.

In this letter, we propose a novel criterion for speech
enhancement which shapes the residual noise such that it
can be heard more comfortable. The proposed approach
regulates the spectral distance between the enhanced speech
and the properly scaled target comfortable noise. A simpli-
fied implementation of the algorithm turns out to be a modi-
fied Wiener filtering technique which can be carried out with
very little computation. From a number of experiments on
speech enhancement, we can see that the proposed approach
shows better performance compared with the algorithm pro-
posed in [4] and the one implemented in IS-893 Selectable
Mode Vocoder (SMV) [9].

2. Residual Noise Shaping for Speech Enhancement

Let x and n be K-dimensional time domain sample vectors
of the clean speech and noise, respectively. If the noise is
assumed to be additive, the observed noisy speech vector y
can be described as

y = x + n. (1)

Let x̂ = Hy be a linear estimator of x with H being an ar-
bitrary K × K matrix. Then, the estimation error vector e is
given by

e = x̂ − x = (H − I)x +Hn
∆
= εx + εn (2)

where εx
∆
= (H − I)x represents the signal distortion and

εn
∆
= Hn is the residual noise [5]. Let a denote the ensemble

average of a random variable a. Then, a typical criterion
for time-domain-constrained estimator adopted in the signal
subspace-based speech enhancement algorithms is given as
follows:
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Hopt = arg min
H
ε2x

subject to :
1
K
ε2n ≤ ασ2 (3)

where 0 ≤ α ≤ 1 and σ2 is the variance of the added noise or
some empirically determined constant [5], [6]. According to
this criterion, the enhancement algorithm tries to minimize
the signal distortion while maintaining the residual noise
level below a certain threshold. If the inequality constraint
of (3) is specified for each spectral component, the spectral-
domain-constrained estimator is given by [6]

Hopt = arg min
H
ε2x

subject to : E[|vH
i Hn|2] ≤ αi (4)

where E[·] means the expectation of the enclosed random
variable, superscript H represents the Hermitian conjugate,
{vi, i = 1, · · · ,M}, M ≤ K, is a set of K-dimensional or-
thonormal basis vectors and αi’s are appropriately chosen
thresholds. In (4), {vi} can be a set of eigenvectors of the
clean speech covariance matrix, basis for discrete Fourier
transform (DFT), or any other kind of orthonormal basis
vectors.

In the speech enhancement technique based on (4), an
important issue is how to specify {αi} and {vi}. Several ap-
proaches have been developed to specify {αi} and {vi} based
on the masking property of human auditory perception [7],
[8]. In [7] and [8], speech enhancement techniques incor-
porating the masking property are implemented under the
framework of the Lev-Ari and Ephraim’s method [6]. The
primary goal of these techniques is to keep the residual noise
perceptually inaudible.

In contrast to the masking-oriented techniques, our ap-
proach tries to make the residual noise perceptually more
comfortable rather than making it inaudible. Given a K-
dimensional desired comfortable noise vector s, the pro-
posed criterion modifies (4) such that

Hopt = arg min
H
ε2x

subject to : ε2n ≤ α
and E[||Hn − ks||2] ≤ β. (5)

The first constraint is the same as in (3), which accounts for
the overall bound of the residual noise power. On the other
hand, the second constraint attempts to make the shape of
the power spectral distribution of the residual noise match
that of the desired target, s, more closely. In (5), the gain k
is chosen to minimize the distance between Hn and ks, i.e.,

k = arg min
c
||Hn − cs||2 = (sT Hn)

sT s
(6)

with T denoting matrix transposition. Note that k should be
determined in each frame to adjust the level of the desired
target vector to be matched to that of the residual noise, Hn.
As a result, ks can be considered as the projection of Hn on
s. In (5), the second constraint is described as the Euclidean

distance between the residual noise and the scaled desired
target vectors, which can be easily converted to the equiv-
alent spectral distance according to the Parseval’s theorem.
It is noted that this newly added constraint does not restrict
each individual spectral component but constrains the over-
all spectral distance between the target comfortable signal
and the residual noise.

The problem stated in (5) can be solved in a similar way
to that proposed in [6], utilizing the method of Lagrange
multipliers in conjunction with eigen-decomposition. A ma-
jor drawback of this approach is, however, that it requires a
heavy computational burden. For that reason, we introduce
some assumptions and modify the criterion to reduce the
computational complexity. First, since it is not easy to com-
pute the Lagrange multipliers from the thresholds α and β,
the objective function is modified such that it can be given
as a linear combination of three subcosts as follows:

J = ε2x + µ1ε
2
n + µ2E[||Hn − ks||2]. (7)

In other words, instead of solving the constrained minimiza-
tion problem stated in (5), we handle an unconstrained opti-
mization problem with a proper choice of the two weights,
µ1 and µ2. In (7), µ1 and µ2 play the role of controlling the
trade-off among the signal distortion, residual noise power,
and the spectral shape of the residual noise.

Next, for a simpler and computationally less expensive
implementation, we impose a special structure on H, which
leads to a kind of spectral subtraction technique. In our ap-
proach, H is confined to have the form H = FHGF in which
F denotes the DFT matrix and G = diag[g1, g2, · · · , gK]. The
modified objective function in (7) is rewritten as

J = tr (H − I)Rx(H − I)T + µ1(tr HRnHT )

+ µ2

(
tr HRnHT − sT HRnHT s

sT s

)
(8)

in which Rx and Rn are the autocorrelation matrices of x and
n, respectively, and tr denotes the trace of a square matrix.
Let RX and RN be defined as follows:

RX = E[FxxHFH] = FRxFH

RN = E[FnnHFH] = FRnFH (9)

and let S denote the DFT vector of s, i.e., S = Fs. Substitut-
ing H = FHGF, it becomes

J = tr(G − I)2RX + (µ1 + µ2)trG2RN

− µ2
SHGRNGS

SHS
. (10)

By differentiating J with respect to gi’s for 1 ≤ i ≤ K and
setting them to zero, we can obtain a set of equations that
G must satisfy. After some mathematical manipulations, we
have

{RXii + (µ1 + µ2)RNii}gi − RXii

−µ2

∑
j
RNi j

Re [S∗jSi]∑
k |Sk |2 g j = 0, 1 ≤ i ≤ K (11)
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where Ai j represents the (i, j) th element of a matrix A and
ai is the i th element of a column vector a. Note that the
last term differentiates the solution from the conventional
Wiener filter.

Finally, we assume that the frequency components of
the noise are statistically uncorrelated with each other, i.e.,
RNi j = 0 for i � j. Then, (11) further reduces to

[
RXii +

{
µ1 + µ2

(
1 − |Si|2∑

j |S j|2
)}

RNii

]
gi = RXii,

1 ≤ i ≤ K. (12)

If we let the signal-to-noise ratio (SNR) for the ith frequency
bin be denoted by ξi = RXii/RNii, the optimal gi can be writ-
ten in a closed form as follows:

gi =
ξi

ξi + µ1 + µ2

(
1 − |Si |2∑

j |S j |2
) . (13)

It is not difficult to see that the spectral gain increases as
the relative power of the corresponding spectral component
of the comfortable noise gets larger and vice versa. Note
that with these assumptions the computational complexity
reduces to O(n log n) which is required to perform the fast
Fourier transform, while the computational cost to solve (7)
directly is O(n3) which is needed for eigen-decomposition.

The assumption of statistical independence among the
noise spectral components is quite common even though
it may deviate from the real measurement [2]–[4]. It is
generally accepted that the correlation among different fre-
quency components is weaker in the background noise than
in voiced speech signals, which have a harmonic structure.
Furthermore, although the assumption is not quite accurate,
the resulted gain function in (13) has some intuitive mean-
ings. It has a functional form similar to that of the Wiener
filter except for the fact that there are two parameters: µ1

adjusts the trade off between the signal distortion and the
residual noise power, and µ2 controls the perceptual comfort
of the residual noise. In this respect, the proposed algorithm
can be considered as an extended version of the conventional
Wiener filter, which explicitly incorporates the capability of
residual noise shaping.

3. Experimental Results

The proposed spectral gain function shown in (13) was ap-
plied to the speech enhancement task. Processing of the in-
put data and SNR estimation for each frequency bin were
carried out in exactly the same way as those used in [4]. The
distributions for DFT coefficients of noise and noisy speech
signal were modelled in terms of the complex Gaussian dis-
tributions and the global speech absence probability was
computed based on these parametric models. Estimates for
the relevant parameters such as variances of the clean speech
and background noise components were updated based on a
soft decision scheme. In this experiment, what is differen-
tiated from [4] is that we applied (13) for gain computation

instead of the Ephraim-Malah’s rule. Except for the gain
computation step, all the other parts of speech enhancement
were maintained the same as those employed in [4].

To select a target comfort noise, a MOS test was per-
formed to investigate how comfortable each noise is felt.
The test material consisted of eight 7.5 seconds long speech
files spoken by 4 male and 4 female speakers. Each file
contained two sentences and was sampled at 8 kHz. These
speech data were corrupted by eight different kinds of ad-
ditive noises at various SNR’s. For each test file, ten lis-
teners gave their opinion of the perceptual quality with a
score among 5 (excellent), 4 (good), 3 (fair), 2 (poor) and 1
(bad). All the scores from the listeners were then averaged
to yield the MOS. Table 1 shows the MOS test result for var-
ious noisy speech signals without any processing. From the
result, we can see that the car interior noise can be consid-
ered a most suitable candidate for the target comfort noise.
It can be possibly because the car interior noise has a spec-
tral shape similar to that of the speech signal, has most of
the energy at low frequency where the threshold of hearing
is high, and is temporally smooth and stationary [10], [11].
All the following experiments in this letter were performed
employing the car interior noise vector from the NOISEX-
92 database as the target comfort noise.

Performance of the proposed speech enhancement al-
gorithm was also evaluated through a MOS test. The test
speech material was the same as that used in the above ex-
periment. This time, the speech waveforms were corrupted
by the babble, F-16 cockpit and factory floor noises col-
lected in the NOISEX-92 database. The frame size was
10 ms and 128-point fast Fourier transform was applied to
extract the spectra. The parameters that control the contri-
bution of each distortion in (7) were set to µ1 = 0.1 and
µ2 = 0.9.

Table 2 summarizes the results of the MOS test. The
perceptual quality of the enhanced signal using the proposed
algorithm (denoted as SEPCRN, which is an abbreviation
of Speech Enhancement based on Perceptually Comfortable
Residual Noise) was compared with the results obtained by
the spectral enhancement method based on the global soft
decision presented in [4] (denoted as SEGSD) and the en-
hancement algorithm employed in SMV. The MOS achieved
by the proposed algorithm was higher by 0.12 than that ob-
tained from the SEGSD algorithm which showed a slightly
better performance compared to the algorithm implemented
in SMV. Even though the performance gain may not be con-
sidered quite large, the proposed algorithm demonstrated a
consistently better performance than other algorithms at ev-
ery SNR with any background noise type tested in the ex-
periment. The experimental results show that the proposed
approach incorporating the comfortable residual noise shap-
ing improved the performance of the conventional speech
enhancement systems although the assumption of spectral
independence on noise signal is not quite accurate especially
when the speech babble noise is present.
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Table 1 The mean opinion scores (MOS) for the unprocessed noisy signal under various
environmental conditions.

SNR (dB) car interior street military vehicle white office babble F-16 cockpit pink

15 4.69 4.06 3.70 3.60 3.60 3.26 3.26 2.73
10 4.60 3.43 3.16 2.83 3.10 3.06 3.01 2.24
5 4.05 2.98 2.39 2.45 2.39 2.46 2.44 1.65
0 3.65 2.44 1.89 1.93 1.64 1.78 1.64 1.18

average 4.25 3.23 2.78 2.70 2.68 2.64 2.59 1.95

Table 2 MOS for the unprocessed noisy signal, the signal enhanced by the proposed algorithm
(SEPCRN), by the algorithm presented in [4] (SEGSD) and by the algorithm in SMV under various
environmental conditions.

noise babble F-16 cockpit factory floor Average

SNR(dB) 0 5 10 0 5 10 0 5 10
unprocessed 1.78 2.46 3.06 1.64 2.44 3.01 1.54 2.38 2.95 2.36

SMV 1.84 2.76 3.61 1.66 2.66 3.59 1.55 2.39 3.36 2.60
SEGSD 1.84 2.80 3.61 1.78 2.66 3.60 1.64 2.48 3.39 2.64

SEPCRN 1.85 2.94 3.84 1.90 2.75 3.71 1.64 2.66 3.60 2.77

4. Conclusions

We have proposed a novel criterion for speech enhancement,
which shapes the residual noise so that it can be heard more
comfortable. The goal of the proposed approach is to make
the residual noise perceptually comfortable as well as in-
audible. The simplified implementation turns out to be a
slight modification of the Wiener filter and requires very
little computation. The performance of the proposed algo-
rithm was shown to be superior to that of the conventional
spectral subtraction algorithm based on global soft decision
[4] and the algorithm employed in IS-893 SMV.

Acknowledgements

This work was partly supported by ETRI SoC Industry
Promotion Center and the Korea Science and Engineering
Foundation (KOSEF) grant funded by the Korea govern-
ment (MOST) (No. R0A-2007-000-10818-0).

References

[1] S.M. Kay, Fundamentals of Statistical Signal Processing: Estimation
Theory, Prentice Hall, New Jersey, 1993.

[2] Y. Ephraim and D. Malah, “Speech enhancement using a mini-
mum mean-square error short-time spectral amplitude estimator,”
IEEE Trans. Acoust. Speech Signal Process., vol.ASSP-32, no.6,

pp.1109–1121, Dec. 1984.
[3] Y. Ephraim and D. Malah, “Speech enhancement using a minimum

mean-square error log-spectral amplitude estimator,” IEEE Trans.
Acoust. Speech Signal Process., vol.ASSP-33, no.2, pp.443–445,
April 1985.

[4] N.S. Kim and J.-H. Chang, “Spectral enhancement based on global
soft decision,” IEEE Signal Process. Lett., vol.7, no.5, pp.108–110,
May 2000.

[5] Y. Ephraim and H.L. Van Trees, “A signal subspace approach for
speech enhancement,” IEEE Trans. Speech Audio Process., vol.3,
no.4, pp.251–266, July 1995.

[6] H. Lev-Ari and Y. Ephraim, “Extension of the signal subspace
speech enhancement approach to colored noise,” IEEE Signal Pro-
cess. Lett., vol.10, no.4, pp.104–106, April 2003.

[7] F. Jabloun and B. Champagne, “Incorporating the human hearing
properties in the signal subspace approach for speech enhancement,”
IEEE Trans. Speech Audio Process., vol.11, no.6, pp.700–708, Nov.
2003.

[8] Y. Hu and P.C. Loizou, “Incorporating a psychoacoustical model in
frequency domain speech enhancement,” IEEE Signal Process. Lett.,
vol.11, no.2, pp.270–273, Feb. 2004.

[9] 3GPP2 Document C.S0030-0 v3.0, Selectable Mode Vocoder
(SMV) Service Option for Wideband Spread Spectrum Communi-
cation Systems, Jan. 2004.

[10] S. Yamaguchi, T. Saeki, and K Oimatsu, “A method for predicting
psychological response to meaningless random noise when listening
to audio signals based on a bi-variate membership function,” Elec-
tron. Commun. Jpn. 3, Fundam. Electron. Sci., vol.85, no.8, pp.62–
68, 2002.

[11] E. Zwicker and H. Fastl, Psychoacoustics-Facts and Models,
Springer, Berlin, 1990.



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /SyntheticBoldness 1.00
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveEPSInfo true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputCondition ()
  /PDFXRegistryName (http://www.color.org)
  /PDFXTrapped /Unknown

  /Description <<
    /ENU (Use these settings to create PDF documents with higher image resolution for high quality pre-press printing. The PDF documents can be opened with Acrobat and Reader 5.0 and later. These settings require font embedding.)
    /JPN <FEFF3053306e8a2d5b9a306f30019ad889e350cf5ea6753b50cf3092542b308030d730ea30d730ec30b9537052377528306e00200050004400460020658766f830924f5c62103059308b3068304d306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103057305f00200050004400460020658766f8306f0020004100630072006f0062006100740020304a30883073002000520065006100640065007200200035002e003000204ee5964d30678868793a3067304d307e305930023053306e8a2d5b9a306b306f30d530a930f330c8306e57cb30818fbc307f304c5fc59808306730593002>
    /FRA <>
    /DEU <>
    /PTB <>
    /DAN <>
    /NLD <>
    /ESP <>
    /SUO <>
    /ITA <>
    /NOR <>
    /SVE <>
    /KOR <>
    /CHS <FEFF4f7f75288fd94e9b8bbe7f6e521b5efa76840020005000440046002065876863ff0c5c065305542b66f49ad8768456fe50cf52068fa87387ff0c4ee575284e8e9ad88d2891cf76845370524d6253537030028be5002000500044004600206587686353ef4ee54f7f752800200020004100630072006f00620061007400204e0e002000520065006100640065007200200035002e00300020548c66f49ad87248672c62535f0030028fd94e9b8bbe7f6e89816c425d4c51655b574f533002>
    /CHT <FEFF4f7f752890194e9b8a2d5b9a5efa7acb76840020005000440046002065874ef65305542b8f039ad876845f7150cf89e367905ea6ff0c9069752865bc9ad854c18cea76845370524d521753703002005000440046002065874ef653ef4ee54f7f75280020004100630072006f0062006100740020548c002000520065006100640065007200200035002e0030002053ca66f465b07248672c4f86958b555f300290194e9b8a2d5b9a89816c425d4c51655b57578b3002>
  >>
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


