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ABSTRACT ogy for the listening test and for the objective measures are
In this paper, we investigate different types of Spectra'r-ltroduced. F|na”y, we discuss the results and some cenclu
smoothing of the transfer function of single-channel noiseSions are drawn.
reduction algorithms in terms of achieved audio quality. In
order to determine the audio quality extensive listenirsgste 2. SPECTRAL SMOOTHING
have been conducted. Furthermore, we computed several o ) )
existing objective quality measures based on technicat me®Pectral smoothing in general is the process of reducing the
sures or psychoacoustics. We examine whether the diffe¥ariance of neighboring values of the spectra of signalser t
ent forms of spectral smoothing of the weighting rule of thetransfer functions of systems. It may be realized in a variet
noise reduction algorithm are represented by the objectivaf ways, e.g. by computing a running average over spectral
measures. We show that most of the known measures a¥@lues or based on the cepstrum representation of a signal [2
insensitive to changes in the short-time spectra that dre suAnother way is based on (linear predictive) models describ-
tle in a technical way, but immediately noticeable by humarind the signals [11]. Inthis article, we concentrate oneasl
listeners. The results of the listening test also indidageoip-  INg spectral smoothing that is based on computing a running

timal smoothing method for speech and audio enhancemerfiVerage over the frequency values. This process can be car-
ried out directly in the frequency domain by convolving the

1. INTRODUCTION spectrum with an appropriate (normalized) window function
(see figure 1): A number of spectral values is weighted with a

The design of pleasant-sounding single-channel algosthmyindow function and summed up to yield one spectral value
for suppressing unwanted noise in noisy audio signals &, anof the smoothed spectrum. The bandwidth of the smoothing
always has been, a demanding task. On the one hand thigndow may be fixed or can be varying over frequency [6]. A
is due to the challenge posed by minimizing distortions olcommon method to define frequency-dependent bandwidths
the desired signal, and on the other hand it is hard to avoi to usefractional-octavebandwidths.
unwanted side effects — so called artefacts —, such as un-
natural sounding residual noise. Most well-sounding solu ; ;
tions are based on Short-Time Spectral Attenuation (STSA%'1 Constant bandwidth smoothing
[12]. A very common combination is the noise reductionKeeping the number of spectral values that are incorporated
rule by Ephraim and Malah [4] with noise estimation tech-into the averaging process constant over the whole frequenc
niques based on minima tracking [14, 3]. However, thgange corresponds to smoothing with a constant bandwidth.
final audio signal obtained by standard algorithms can bén this case, the latter is usually specified[Bl4, | = Hz.
improved by smoothing the time-varying Transfer FunctionThis method can be implemented very efficiently by multi-
(TF). This smoothing is necessary to avoid unwanted moduplication with a window function in the time-domain.
lation of the residual noise, which is known as musical tones
for poorly adjusted algorithms, but even for well-tunedoalg 2.2 Fractional-octave smoothing
rithms some remaining artefacts are usually audible. Oftelq h i int of view it mak ¢
recursive smoothing of adjacent blocks is used to overcom?rom a psychoacoustic point of VIEw It makes sense 1o spec-
fluctuation in time. The influence of this smoothing parame-I y the bandmdth as aatio Qf two frequencies. In .th.'s con-
ter on the resulting audio quality has been examined by R ext, the unit of one octave is commonly used, defining a dou-

hdenburg in terms of subjective listening tests and ohjecti iind of frequency. The edge frequencies 0Bl = 1/x-
measures [16]. octave interval with center frequenéyare given by [6]
A second solution is the smoothing of the TF in the fre- N
guency direction (see section 2). Several approaches are fi(f) = 0.5(2 Bloct) . f
known, e.g. constant bandwidth or constant-Q averaging [6] (4 Blogy)
This paper concentrates on showing the effectivity of dif- fu(f) = 2i2%ec- 1.
ferent types of spectral smoothing by evaluating the output N , o
signal quality in (subjective) listening tests and by exami The bar_1dW|dth in Hz is frequency-dependentin this case and
ing several objective quality measures. In the following-se results in
tion the different methods for spectral smoothing will be ex B(f)|y, = fu(f)—fi(f).
plained briefly. In sections 3 and 4 the subjective methodol-
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quality by computing some kind of distance measure to a
reference signal. Non-intrusive algorithms in contragtér
. SN predict the (absolute) quality of an audio signal without an
iy *Jm ! further information.
‘ ‘ \ \ 1 The measures investigated in this article and their respec-
2 ‘ ‘ ‘\ ‘ tive abbreviations are: the overall SNR (SNR), the segmen-
T ‘ M m ” 'w ‘“‘ J}\' ‘ 4 tal SNR (SNRseg), the log-likelihood ratio (LLR), the log-
"i A |
J ‘l l‘ ‘”

m I N h

L wr/
H “‘ } area ratio (LAR), the Itakura-Saito distance (IS), the t&ps
ol I 1 distance (CEP), the weighted spectral slope measure (WSS)
[12, 5], the ITU-T's PESQ method [10, 15] (PESQ), two
composite measures presented in [8] (MARSMARS),

Z and two measures provided by the PEMO-Q algorithm [9]
g N (PSM, PSMt).
T N
M 4.1 Description of the Measures
% Freaﬁency ‘ /2 While the SNR and SNRseg measures directly incorporate

the time domain signals, the others rely on transformations
Figure 1:Spectral smoothing by convolution in the frequencyof the signal. LLR, LAR and CEP are distance measures
domain.A certain, optionally frequency-dependent, numbetbased on the difference of the coefficients of autoregressiv
of samples of the original spectruhtyig is weighted with  (AR) models of the input signals. The IS tries to predict the
a window function and then summed up to yield one samperceived difference of two spectra, and the WSS mainly ex-
ple of the smoothed spectruRymeoth In this example, the presses the difference in spectral peak locations [12].
smoothing window gets broader for higher frequencies. The Considering the definition of the overall SNR — incorpo-
first half of the spectrum is shown. rating the whole signal at once —, a small correlation to the
perceived quality is to be expected as human beings contin-
uously observe the audio signal to make their decisions con-
3. TEST SIGNALSAND SUBJECTIVE QUALITY cerning quality. The segmental SNR takes this fact into ac-
EVALUATION count by averaging the SNRs sifiort blockf audio. How-

To conduct the listening tests, signals from the NOIZEU{ er, the spectral distribution of the energy is disregdide

database [7] have been used, containing short sentences |?|th cases.

AR model based measures are capable of effectively in-
English, spoken by female and male speakers. After resa
pling with 16kHz and adding white noise to obtain an Overr?hcatmg differences of speech spectra. These models+epro

all SNR of 10dB, the noisy signals have been fed througﬁjuce the spectral shaping of the vocal tract. Depending on
a denoising algorithm which is based on short-time spec the model order, the spectral properties are capturedrrathe
tral attenuation (STSA) by Wiener filtering. The noise- ﬂoorroughly which makes those LPC based measures insensitive

. ) VY - minor changes in the signals.
was estimated using the minimum statistics method [14], anH)
to reduce the musical noise effect, the decision-diregped a The PESQ, PSM and PSMt measures aim at simulating

o h the processing performed inside the human auditory system.
proach [17] was used and, additionally, the maximum spe
tral attenuation was limited to 15dB. The algorithm benefltirer}gfgn?:tsr:gggllgsne dss?gT'IZIkLnnd dg: ?eustzltgrrg;r;gsafsl;g (c))ff Z?Jt:I-
from spectrally smoothing the transfer function of the Véien ity — or better similarity — is then computed in the “auditor
filter to reduce the fluctuation of the residual noise which is omain”. The PESQ measure has been developed to assess
usually perceived as very annoying. To study the effects o Othe quality of speech transmission systems. (Although an
spectral smoothing, output signals of a denoising algorith xtension to the original ITU-T Recommendation describes
have been generated with different types of spectral smootlf[?h licati fthe PES thod f deband audi i
ing employed: constant bandwidth (in Hz) and frequency- € appiication orthe Q method for wideband audio sig
nals, in this article the basic implementation, assuming lo

dependent bandwidth (in octaves).
bandwidth speech signals, is used.) Coarsly, the PESQ algo-
For the subsequent listening tests the pairwise: éthm consists of

comparison method was chosen: The ten probanJ ] )
were presented pairs of two randomly selected SIgnaﬂsl filtering both reference and test signal with a telephone
that had been processed with different spectral smoothin% handsetfilter o

bandwidths. After listening to both signals, they were dske 2. piecewise time alignment and equalisation

to choose the one containing the “most naturally sounding3. auditory transform

speech recording”. Four signals for each smoothing band4. extraction of distortion parameters between the trans-
width had to be rated this way. The ranking order of the forms of both signals

probands’ ratings was determined afterwards by applyings. mapping to a prediction of a mean opinion score (MOS)

the Bradley-Terry-Luce (BTL) model [1, 13]. rating
By incorporating Bark spectra, sone-loudness mapping and
4. OBJECTIVE QUALITY MEASURES (simultaneous) masking effects, a subset of the mechanisms

Objective measures aim at predicting the audio quality per the human auditory system is effectively reproduced.
ceived by a human being. The different algorithms are cate- | he PEMO-Q algorithm consists of

gorized into so-calledhtrusive and non-intrusivemethods. 1. time delay and level matching

Intrusive techniques are solely able to predict the retativ 2. shortening silent intervals to 200ms
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3. auditory transform (employing basilar-membrane filter- 5. RESULTS
ing, envelope extraction, adaptation and filtering by a Subjective Ratings

modulation filterbank)
: . In a first run, two listening tests were carried out to deter-

The auditory transform of the PEMO-Q method is able Oine the preferred bandwidth of constant-bandwidth spectr
S|mulate effects of th_e absolute hearing threshold, teerlporsmoothing and fractional-octave smoothing independently
masking and adgptatlon. ) The results of these listening tests are given in table 1. Ad-

The composite measures presented in [8], M&R&d  ditionally, the BTL model distances have been plotted v@rsu
MARS,,| combine the IS and PESQ measure to attain a highne relative frequencies of the probands’ ratings in figue 3
correlation to subjective ratings, concerning quality loé t {5 visualize the correlation between both values: A fair cor

desired signal and overall signal, respectively. relation can be observed, justifying the use of the BTL model
— however, because the latter disregards test resultsovith |
4.2 Rangeof Values consistency values, the highest relative frequency doés no

necessarily lead to the best ranking (s¢&dtt vs. J6oct).
To gain a grasp of which values are possible for the differ-  For constant-bandwidth smoothing, the preferred band-
ent objective measures, we mixed speech signals from thgidth is B|,, = 200Hz, for fractional-octave smoothing, the
NOIZEUS database with white Gaussian noise to obtain difpreferred bandwidth 8|, = 1/6oct, closely followed by
ferent SNRs. Afterwards, all objective measures have beeB| ., = 1/3oct with a very small BTL model distance, which
computed using noise-free signals for reference. Thetesulmeans both methods are rated more or less the same. The
are depicted as a reference for the final results in figure Zonsistency is not as high as we wished, showing that the test
Some objective measures show a limit for low SNR valuegersons were not able to judge the different methods without
which is caused by the underlying models that are unsuitableontradiction in their rating. The level of significance tbe

for highly noisy signals. accordance test is 99%, indicating a high agreement between
the different test persons.
[ ——TsY 1% The results indicate that spectral smoothing with medium
,,,,, 1 PSMt bandwidths has a positive influence on the perceived quality

Furthermore, too much smoothing will jeopardize the qual-
ity. This indicates that the very broad filters introduce som
unwanted artefacts to the desired signal and we believe that

] the broader smoothing introduces unnatural sound when the
—— 1 MARS,y . L . s ;
,,,,, 1 MARSq filter opens, S|m_|Iar to breathing or S|bll§mce sounds aléig
o phy frequencies which causes the poor rating.
Fixed Frequency-Dependent

Ranking Bandwidth Bandwidth

1 200Hz(0.00) 1/60ct(0.00)

2 500Hz(0.24) 1/30ct(0.03)

3 100Hz(0.35) loct(0.78)

4 50Hz(0.91) 1/120ct(1.14)

5 2000Hz(0.96) 1/240ct(2.08)

Consistency 0.72 062

Level of

significance ®9 099

Table 1:Results of listening tests to determine the preferred
spectral smoothing bandwidthS he listeners’ task was to
choose the signal with the higher naturalness of the speech
sound. The number of participants was ten.

In a subsequent listening test, the first two preferred
bandwidths of each type of smoothing had to be rated by
the listeners to determine the overall preferred type ofspe
tral smoothing. The results are shown in table 2 and fig-

SNR in dB ure 3b). The overall preferred type of spectral smoothing is

fractional-octave smoothing witB|,, = 1/3oct. The con-

Figure 2: Objective measures for varying input SNRiis ~ SISIENCY is even lower compared to the preceding testsfwhic
: : ds reasonable since the test signals were much more similar

concerning sound quality. The low consistency shows that
for a broad range of the smoothing parameter the perceived
quality is close. However, it can be seen that appropriate
smoothing is a necessary step for high sound quality by the
distance to the hardly-smoothed and heavy-smoothedsesult

input SNRs. All diagrams in this article that contain two y-
axes use triangles to assign curves. Triangles pointinigeto t
left (<) correspond to the left axis and legend, triangles point
ing to the right i) correspond to the right axis and legend.
Generally, up or down pointing arrow$,(|) inside legend
boxes indicate the direction of smaller distance to therrefe A
ence signal — which is equivalent to higher audio quality of5'2 Objective Measures
the wanted signal in the context of this article. The curves of all objective measures in dependence on the
smoothing bandwidth are presented in figure 4 for constant-
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Ranking Bandwidth sults in an overall trend is MARg. This measure predicted

1 1/30ct(0.00) the best quality at B8 octave, which is the best result given
2 500Hz(1.03) in the listening test.
3 1/60ct(1.20) For comparison purposes, the bandwidths corresponding
4 200Hz(1.22) to the best sound quality are summarized in table 3: results
Consistencys 0.60 of the listening tests are juxtaposed with the bandwidths th
Level of significance ®9 the objective measures indicate to be optimum.
Table 2: Results of listening tests to determine the ov 1001
preferred spectral smoothing bandwidtfihe listeners’ tas 095"
was to choose the signal with the higher naturalness « PN
speech sound. The number of participants was ten. sl A
0.80*;"_-"
ajoo 500Hz \ZSOHZO | X1/3oqb) 0.0 1/30ct0 0.75—'::"_ s o NMARS 16
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Figure 3:Computed BTL model distances plotted versu vof| - TPESQL_. o o | TS\R T,
relative frequencies of the probands’ ratingehe results c WSS - g - G- - - G- 4 T SNRseq
the first two runs to determine the preferred constant t T0 500 1000 1500 ZWND ZEID END D 4WD 4END WD
width and fractional-octave bandwidth smoothing indiv 15 oa

ally are shown in diagram a), the results of the seconi
to determine the overall preferred bandwidth are shov
diagram b).

bandwidth smoothing and figure 5 for fractional-oc
smoothing. The values of the objective measures are tt
erage results for 30 test signals (15 male, 15 female sp&
per smoothing bandwidth.

Most of the measures indicate a gain in quality of the Bandwidth in Hz
denoised signal compared to the unprocessed one. For ex-
ample the LAR is on average at a value of eight for all linearrigure 4: Objective measures for constant-bandwidth
smoothing methods. This low value corresponds to an Unsmoothing.
processed quality at an SNR of 40dB (see figure 2), which
means a quality gain equivalent of 30 dB SNR enhancement
was achieved (input SNR was 10dB). The values for other 6. CONCLUSIONS

measures (e.g. PESQ) are much smaller but mostly abov : —_ : )
corresponding SNR of 20dB, which still means an enhancgl-'{il this paper we have shown by analyzing listening test re

ment of 10dB compared to the unprocessed sianal sults that spectral smoothing is a necessary step for high-
P unp €d signal. uality noise reduction systems. The results clearly iaigic
The range of all computed measures is very small (not

. | at the smoothing should not be too broad because of un-
the different scaling of the y-axes) compared to the Overak/vanted side effects like “noise breathing” and not too narro

range given in figure 2. However, the differences betWeegince the desired reduction of noise modulation is not suc-

smoothing with narrow and broad bandwidth and the COMezessful in this case. The choice of the optimal solution ts no

sponding perceived signal quality rated by human subjscts that obvious, it seems as if it is a matter of taste and sound

mucI:fh héggg?n are the obiective results with the results Ofmaterial. However, smoothing is a vital component for noise
W pare | Jectiv ultsS wi WIS Olrequction. Furthermore, the results of the objective messsu
VEhow a relatively small dependency on the employed smooth-

measures has a clear maximum like the results in the ligp, ;' othod. even though the subjective impact of smoothing
tening tests. Most show a monotonic relationship betwee% large for the noise and the desired signal quality.
quality measure and bandwidth of the smoothing. Measures '

with slight maxima I!ke IS (figure 5) anq LLR pred|cyed_ the 7 ACKNOWLEDGEMENT
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subjective SNR SNRseg LLR LAR CEP IS WSS PESQ PSM PSMt MARS MARSy
constant 200Hz 20Hz 20Hz bkHz 5kHz  5kHz 20Hz 45kHz 5kHz  5kH®kHz 1.1kHz b5kHz
fract.-oct. 1/6 oct 1/36oct  1/360ct 4oct 4oct 4oct 1/36oct oct4 4oct 4oct 4oct loct 4oct

Table 3:Values resulting in best sound quality for constant-bamnitiwsmoothing and fractional-octave smoothifige results
of the listening tests and the bandwidths indicated by thjeatibe measures are listed.

o 15 [5] J. H. L. Hansen and B. L. Pellom. An Effective Qual-
ity Evaluation Protocol for Speech Enhancement Al-
gorithms. InProceedings of the International Confer-
ence on Speech and Language Procesgiages 2819—

p 2822, 1998.

o8li/ iR [6] P. D. Hatziantoniou and J. N. Mourjopoulos. Gen-
— 1 PSM — T MARSy eralized Fractional-Octave Smoothing of Audio and

L ‘ ‘ ‘ o TMARSs ] Acoustic Responsedhe Journal of the Acoustical So-

) 05 10 15 20 25 30 35 4 ciety of America48(4):259-280, 2000.

ar 120 [7]1 Y. Hu and P. C. Loizou. Subjective Comparison

and Evaluation of Speech Enhancement Algorithms.
Speech Communicatip#9:588-601, 2006.

[8] Y.Huand P. C. Loizou. Evaluation of Objective Quality
Measures for Speech Enhancem#BEE Transactions
on Audio, Speech, and Language Processii§229—

..... 1 pEsQ.:'@'::;';'::;':4}—':=-~~~>--—-—»—<D — 1 TSNR | 238, 2008.
WSS | ‘ ‘ ‘ Lo TSNRseg) [9] R. Huber and B. Kollmeier. PEMO-Q — A New Method
0 0s Lo e 20 25 80 3s 4 for Objective Audio Quality Assessment Using a Model
201 04 of Auditory Perception. IEEE Transactions on Au-
dio, Speech, and Language Processii;1902-1911,

2006.

[10] ITU-T. Recommendation P.862 — Perceptual evalua-
tion of speech quality (PESQ): An objective method for
end-to-end speech quality assessment of narrow-band
telephone networks and speech cod2691.

00 [11] J. Makhoul. Linear Prediction: A Tutorial Revie®ro-
ceedings of the IEEEB3(4), 1975.
Bandwidth in octaves [12] P. C. Loizou.Speech Enhancement: Theory and Prac-
tice. CRC Press LLC, ¥ edition, June 2007.
Figure 5: Objective measures for fractional-octave smooth{13] R. D. Luce.Individual Choice Behaviour: A Theoreti-
Ing. cal Analysis Wiley, 1959.
[14] R. Martin. Noise Power Spectral Density Estimation

Based on Optimal Smoothing and Minimum Statistics.
IEEE Transactions on Speech and Audio Processing
9(5):504-512, 2001.
[15] A. W. Rix, J. G. Beerends, M. P. Hollier, and A. P. Hek-

0.2

We would like to thank the reviewers for their helpful com-
ments, not all of which could be considered, unfortunately,
due to the limitation of space.

stra. Perceptual Evaluation of Speech Quality (PESQ
REFERENCES — A New M%thod for Speech QEaIity Assesgngent of)
[1] R. A. Bradley and M. E. Terry. Rank Analysis of In- Telephone Networks and Codecs. Pnoceedings of
complete Block Designs — I. The Method of Paired the 2001 IEEE International Conference on Acoustics,
ComparisonsBiometrikg 39(3—4):324—-345, 1952. Speech, and Signal Processing (ICASSRJume 2,

[2] D. C. Childers, D. P. Skinner, and R. C. Kemerait. The pages 749-752, 2001. o
Cepstrum: A Guide to Processingroceedings of the [16] T. RohdenburgDevelopment and Objective Perceptual

IEEE, 65(10), 1977. Quality Assessment of Monaural and Binaural Noise
[3] I. Cohen. Noise Spectrum Estimation in Adverse Envi- Reduction Schemes for Hearing Aid®hD thesis, Uni-
ronments: Improved Minima Controlled Recursive Av- versity of Oldenburg, Oldenburg, Germany, 2008.
eraging.|IEEE Transactions on Speech and Audio Pro-[17] P. Scalart, J. V. Filho, and J. G. Chiquito. On Speech
cessing11(5):466—-475, 2003. Enhancement Algorithms Based on MMSE Estimation.

[4] Y. Ephraim and D. Malah. Speech Enhancement Us- 8" European Signal Processing Conferent@96.
ing a Minimum Mean-Square Error Log-Spectral Am-
plitude Estimator. IEEE Transactions on Acoustics,
Speech, and Signal ProcessifgSSP-33(2):443-445,
1985.

203



