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ABSTRACT

This paper aims to produce a reference systenctrasimu-
late and calibrate degradations of conversationaldecs
which are currently used on telecommunications aeksy
for subjective assessment tests of voice qualityirgs, 20
wideband codecs are evaluated through subjectigts tie
order to produce the multidimensional perceptuacgpun-
derlying the perception of current degradationseitha ver-
balization task helps to identify attribute for badimension:
clear/muffle, background noise, noise on speech lissl.
These dimensions are characterized with correlateh as
spectral centroid, energy in the silent part in thigh fre-
guency sub-bandatio of brightness between deterministic
part and residual part of the signal and correlaticoeffi-
cient. This 4-dimension perceptual space is stédnlenale
and female talkers. A new reference system isogeaph The
phase of validation leads to a perceptual spacé f¥ise di-
mensions including the four previous ones.

1. INTRODUCTION

Together with the evolution of telecommunicatiogstems,
the source compression algorithms are more and cmone
plex to cope with limited resources. Foreseen apfitins
for new codecs are not only speech but also mixedeat
or even music. Mixed content represents advertisgmag
back tones, music on hold and even film trailensorder to
ensure good inter-working between different equiptsie
source codecs have to be standardized and a phe efan-
dardization exercise is the quality evaluation. Ti@re ac-
curate way to evaluate quality on new algorithmgoisise
subjective methodology. Those subjective methodefog
currently use reference signals to allow comparisbtest
results across different experiments. For the timeéng,
Modulated Noise Reference Unit (MNRU)[1] is theeref
ence system used together with the Absolute Categat-
ing (ACR) methodology and the Degradation CatedRay-
ing (DCR) [2]. This reference model is directlyateld to the
degradation given by the codecs using pulse coddulao
tion (PCM) like G.711.
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Nowadays, the codecs are built on different methikds
Code-Excited Linear Prediction (CELP), transformesen
hybrid between CELP and transform. Those codeawybri
default on the reconstructed signals different fritve ones
produced by PCM making the MNRU system obsolete.

The paper is organized as follows: section 2 iscdéed
to the selection of speech and audio codecs asardarity
tests. Section 3 shortly presents the multidimeradiecaling
and the subjective space obtained with the co®&sagion 4
assesses objectively the characteristics of thpcile spa-
ce. Section 5 presents the validation steps antibSes con-
tains the conclusions of the paper.

2. SELECTION OF SPEECH AND AUDIO
CODECSAND DISSIMILARITY TESTS

In the last decade, most of the activities haventpdocus-
sed on Wideband (50-7000 Hz) and preliminary astion
have been taken on Superwideband codecs (50-14@p0 H
and Fullband codecs (20-22000 Hz). Consequentlydeve
cided to first focus on the wideband codecs butrarer to
cover a maximum of existing techniques of compoessi
algorithms, some superwideband or fullband codeonge h
also been retained.

2.1  Speech and audio codecs

The goal is to include the different coding teclueis| as
much as possible to obtain different types of diafian.

G.722 is considered at three bitrates: 48 kbit/s,
56kbit/s and 64 kbit/s. This algorithm may be used
for 7kHz-bandwidth audio signals. The coding sys-
tem uses sub-band adaptive differential pulse code
modulation. The frequency band is split into twb-su
bands (low and high) and the signals in each sub-
band are encoded using Adaptive Differential PCM.
G.722.1 is considered at two bitrates: 24 kbitk 22
kbit/s. This algorithm may be used for 7kHz-
bandwidth audio signals. The coding system uses a
Modulated Lapped Transform (MLT) and Huffman
Coding. An extension of this algorithm permits 14
kHz audio bandwidth using a 32 kHz audio sample



2.2

rate, and is called G.722.1 annex C. This oneis co
sidered at the birate of 24 kbit/s. Description Description
G.722.2 is considered at 8.85, 12.65, 15.85 ar8b23 | | | . N °11 .
kbit/s. This algorthm may be used for 7kHz—— G7221C 24kbps x2 | > G722_56kbps_x2

bandwidth audio signals. The frequency band ig spli G722.1C_24kbps_x3 G722_56kbps_x3

into two sub-bands (low: 50-.6400 Hz and hig.f 3| G722.1_24kbps_x2 “13 1 G729.1_14kbps_x3
6400—7000 Hz) where Algebraic _CELP (ACE_LP) 5+ 4 G722.1_24kbps_x3 *14 G729.1_20kbps_x3
used in the lower band and the higher band is recon 3 - - Py -
G.729.1 is considered at bitrates of 14, 20, 243td| ¥ | G722.2_12.65kbps x3 | 10 | G729.1 32kbps x3

kbit/s. _This a_lgor_ithm may be us_ed for _7kHz- x 7 G722.2_15.85kbps_x2 ol7 HEAAC_24kbps_x2
bandwidth audio signals. The underlying algoritism |5
based on a three-stage coding structure: embedgded

G722.2_8.85kbps_x2 | 918 | HEAAC_32kbps_x2

CELP coding of the lower band (50-4000 Hz), para- ° | G722_48kbps_x2 019 | MP3_32kbps_x1
metric coding of the higher band (4000-7000 Hz) by'10 | G722 48kbps_x3 020 | MP3_32kbps_x2
Time-Domain BandWidth Extension (TDBWE), and Table 1. Selected codecs/tandems

enhancement of the full band (50-7000 Hz) by a pre- (the extensions x1, x2, x3 indicate the numbeanéems)
dictive transform coding technique referred to as

Time-Domain Aliasing Cancellation (TDAC). The subjects are asked to score the quality ofothe
HE-AAC is considered at bitrates of 16, 24 and 32owing 5-point category scale:

kbit/s. This algorithm may be used for 20kHz- 5 - Excellent

bandwidth audio signals. The algorithm consists of 4 - Good

MPEG-4 AAC, MPEG-4 SBR. The AAC is a general 3 - Fair

waveform audio codec using MDCT, SBR is a band- 2 - Poor

width extension technique. 1-Bad

MP3 is considered at bitrates of 32 and 64 kbit/s. The scores are then averaged by condition to give a
This algorithm may be used for 20kHz-bandwidthMean Opinion Score (MOS).
audio signals. The algorithm uses,a hybrid filtetba

(polyphase + MDCT) and a psychoacoustic model. The MOS values cover a range between 1.33 (for HE-
AAC at 16 kbit/s with 3 tandems) and 4.34 (for thieect
Selection of the codecs signal). The selection rule of the codecs/tandems to re-

The goal of the selection is to retain about twetttdecs tain the ones of medium quality in the range d8;[3.5] and
with about the same subjective quality. In ordeeritarge the to keep all kinds of coding techniques. The twenby
panel of considered codecs, the different codessried  decs/tandems selected for the dissimilarity testrafable 1.
above are considered in one, two or three tandems.tan-

dem is the fact of encoding the input signal antbdg the 2.3 Dissimilarity tests

bitstream, so that two tandems operation meanghbanput The speech quality is commonly considered as ai-mult
audio signal is first encoded, the bitstream isoded and dimensional phenomenon. In order to take into actcthe
gives a reconstructed audio signal; this recongduaudio  multidimensional nature of speech quality withauttaduc-
signal is then encoded and the bitstream is decgoétg  ing semantic descriptor, we choose the MultiDimemai
another reconstructed audio signal. Taking the ripgsed  Scaling (MDS) technique [3], [4], [5], [6] that csists in
codecs (including the different bitrates) and addincondi-  studying the perceptual structures which undeHe judg-
tion representing the input signal, we obtain fétght condi- ments of similarities given for pairs of stimuli.

tions. The dissimilarity test is run once for a male talkad

Four samples are used, two from male talkers amd twonce for a female talker. The stimuli presentethédissimi-

from female talkers, extracted from France Teleddata- larity test are constituted of pairs of samplese Gample
base. Each sample consists of two sentences imliFtan-  constituted of two sentences separated by a silisnpeoc-
guage separated by a silence and lasts eight secAild essed through the twenty selected codecs/tanddmssub-
samples are at 48 kHz sampling rate. They are mexbdo  ject is asked to give a score of dissimilarity ifdikar; 100-
the codec at 48, 32 or 16 kHz sampling rate depgnoi the  dissimilar) to each pair of samples; the subjecy fisten to
codec itself. After the processing, all signals @en sam- the pair as many times as necessary. Some nul @arin-
pled to 16 kHz and filtered by the P.341 filtercanform to  cluded in the test to help a post-screening ofstiigects in
the 50-7000 Hz bandwidth. For MP3 and HE-AAC, theorder to reject non reliable subjects.

bandwidth reduction is applied after the codingoider to After running the dissimilarity test, the subjesfinvited
ensure that the considered bandwidth is the samalfoon-  to describe with his own words the impairment harbe
ditions. when listening to each of the twenty samples.

Those signals are presented to thirty two naive sub Twenty nine subjects participated in the test vifth
jects in a test following the ACR methodology. male voice and twenty eight subjects in the tesh wie fe-
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male voice. After the post screening, twenty fiubjscts are

found reliable for each test.

20 objects Male talker space Female talker spafe
25 subjects
Stress RSQ Stress RS

2-Dimensional] 0.30461 0.51144 0.31862 0.50713
3-Dimensional] 0.24347 0.565410.25507 0.55139
4-Dimensional| 0.21289 | 0.60833 | 0.22433 | 0.56089
5-Dimensional] 0.18297 0.610470.18779 0.56382
6-Dimensional] 0.16595 0.606(10.15889 0.56118

Table 2. Stress and RSQ
for male and female perceptual spaces
For each reliable subject, the dissimilarity scoaes
translated in distance matrices, the matricestame tised to
extract the multidimensional space underlying teecgptual
space.

3. MULTIDIMENSIONAL SCALINGAND THE
SUBJECTIVE SPACE

3.1 Choiceof thealgorithm

The order induced by the judgments of dissimikesiin sub-
jective listening experiments is more reliable thl@& num-
bers given by listeners. In addition, the internadlal vari-

ability between subjects has also to be takenantmunt. In
our study, we chose a non-metric INDividual diffeze

SCALing (INDSCAL MDS from ALSCAL of SPSS-X)
which takes into account the characteristics ofcqeual
evaluations of audio quality.

3.2 Perceptual space

In the analysis, for each dimension in the rangd2¢8],

stress and squared correlation (RSQ) are estinaateetll as
the weight of each dimension (see Table 2 for stasd
RSQ). Stress values are enhanced as the numbémen-d
sions increases but the RSQ suggests that a 4-sionah
space is the best compromise for the perceptuaéspais is
true for the perceptual space issued from the naditer as
well as the one coming from the female talker. Tinale

talker perceptual space is shown in Figures 1,d23arThe
verbalization task, the projection of the objeatdte dimen-
sions, and the informal listening test of objeotsated at the
extremities of each dimension suggest the followdhgrac-
terization of the dimensions: clear/muffle for dimsen 1,

background noise for dimension 2, noise on speeclhif

mension 3 and hiss for dimension 4.

4, OBJECTIVE CHARACTERISTICSOF THE
SUBJECTIVE SPACE AND REFERENCE
SIGNALS

4.1 Objective characteristics

4.1.1 "Clear/muffle" attribute

The projection of the objects on dimension 1 shdkes
CELP codecs/tandems at one end and the othere attiar
end.
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Figure 1 - Perceptual space for male talker (di.2)
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Figure 3 - Perceptual space for male talker (dit.43

Correlation values| DIM1| DIM2| DIM3| DIM4
SC (male talker) -0.93*| 0.01 -0.07 0.06
SC (female talker)] -0.91* 0.17 0.23 -0.35

Table 3. Correlations of SC (spectral centroid)
for all dimensions
(the asterisk means that the correlation valugyisfcant)

CELP codecs have difficulty to reproduce the higHes
guencies of the spectrum and this problem is enbareced
with the G.722.2 family where the coding schemekaan
sub-bands and the higher sub-band is reproducespeizral
duplication. During the verbalization task, sulget#nd to
characterize G.722.2 codec with the attribute raufipectral
Centroid (SC) is an indicator of brightness [7]; emmpute
SC and the correlation coefficient for all dimemsio The
results are given in Table 3. It appears thaPesgrson corre-
lation is significant only for dimension 1 for bathses, male
perceptual space and female perceptual space.
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Correlation values DIM1 DIM2 DIM3 DIM4 Desctiption Description
Av. energy -0.47 0.85* -0.05 -0.15 +1 | G722.1C_24kbps_x3 oll MP3_32kbps_x1
: +2 | G722.1_24kbps_x3 A2 refDIM1_£c3500
high band (male) . <3 | G722 _15.85kbps x2 | A3 | refDIML fc4500
f]gV- hegerng(f o -0.50 | 0.84* | -0.02 | -0.14 | |4 7 G7200 8.85kbps x2 | A4 | refDIM2_Gaind0
igh band (female °5 [ G722_48kbps_x2 A5 refDIM2_Gain45
Table 4. Correlations of energy (high band) °6 | G722 56kbps_x3 i [ refDIM3_Mnru30
for a” dimensions *7 (71‘72().17141(131)S7X3 M7 refDIM3_Mnru35
(the asterisk means that the correlation valuggisificant) *8 | G729.1 20kbps x3 | *18 | refDIM3 Mnrud0
*9 G729.1_32kbps_x3 ~9 refDIM4_decorHF_x1
i 010 | HEAAC_24kbps_x2 | 720 | refDIM4_decorHF_x2
Correlation values | DIM1 | DIM2 | DIM3 | DIM4 Table 7. Selected objects for validation phase
RSC (male) 011 | -054| -0.61f -0.27) (the extensions x1, x2, x3 indicate the numbeandiems)
Table 5. Correlations of RSC for all dimensions 17 subjects
(the asterisk means that the correlation valuggisficant) Stress RSQ
2-Dimensional 0.3517§ 0.4101%8
Correlation values DIM1 DIM2 DIM3 DIM4 3-Dimensional 0.26628 0.449Q1
Rmax (male -0.19 0.01 0.08 -0.90* -Di i q
Rmax éemal)e) 016 041 -000 -0.5¢* & Bimendion [ oissor | o460n1 |
Table 6. Correlations of Rmax for all dimensions 6-Dimensional 0.16763 0.49807

(the asterisk means that the correlation valggisificant)

4.1.2 "Background noise" attribute

The projection on the second dimension shows tR@2G.
family as representative of this dimension and ghbjects
characterize its impairment as background noismeasure
of the averaged energy in the silent part in thgh lsind low
frequency sub-bands may be a good objective measute
to characterize dimension 2.

Pearson correlation of the averaged energy initbet s
part on the high frequency sub-band for the fooretisions
is shown in Table 4. The correlation with dimenskis very
high for both perceptual spaces (male and femiders).

4.1.3 "Noise on speech" attribute

The third dimension is characterized by the subjastnoise
on speech. We propose to use the ratio of bright(RSC)
between deterministic part and residual part ofsiigeal as
an objective measurement to characterize dimei3sidPear-
son correlation of this measure for the four dinems is
shown in Table 5. The correlation with dimensiois Righer
than for the other dimensions for the perceptuaksp of
both male and female talkers.

4.1.4 "Hiss" attribute

Pearson correlation of the averaged energy initbet part
on the low frequency sub-band and dimension 4.8&7-€or
both male and female perceptual spaces.

When analyzing the perceptual space it appears
G.729.1 family breaks away from the others alomgestision
4 and this correlation may be related to the s#etieaning
introduced in the G.729.1. Another impairment biduby
G.729.1 is a sort of hiss. Hiss and reverberatieriaked to
variation in spectrum, so that we compute the maxoh
correlation (Rmax) between the original signal aadecon-
structed version (see Table 6).

It appears that the Pearson correlation is sigmifionly
for dimension 4 for both cases (male perceptuatesand
female perceptual space).

Table 8. Stress and RSQ for validation

4.2 Referencesignals

These statistical analyses allow us to produce smfes-

ence signals. For dimension 1, which is charaadrlzy the

muffle/clear attribute, a reference system may toelyced

by filtering the input signal using a low-passéilt Dimen-

sion 2 being characterized by background noisepnepose
a reference signal by adding white noise to thgimeal sig-

nal with different signal-to-noise ratios. Sincendnsion 3 is
characterized by noise on speech, we propose tthasad

reference system MNRU. For dimension 4, we intredac
phase discontinuity between the low and high suidbaTo

this end, we first filter the signal to separatghhand low
sub-bands and the high sub-band is filtered bycardela-

tion filter before the reconstruction of the sigriadcorrela-

tion is achieved by filtering the high sub-bandhsigwith an

all-pass filter having random phase response asaitd by

Kendall in [8].

5. VALIDATION PHASE

The validation phase uses the same process asieietitat
created the perceptual space. First, an ACR testristo
select twenty objects to be used in the dissinyldest. The
dissimilarity test provides matrices used in the $&naly-
sis to create the final perceptual space.

In the ACR test, thirty one of the conditions oé threvi-

that's ACR test are kept and reference signals amedinted.

Seven band limited signals are introduced as nederdor
dimension 1, nine created signals for dimensiom@ eight
signals for both dimension 3 and dimension 4. Twédour
naive subjects participated in this ACR test.

As previously the selection is done in the mediuwralq
ity range and with the limitation to keep codecsdtams
from each family of coding technique and referefaceeach
dimension. The selected objects are shown in Table

A dissimilarity test is run with seventeen subjeatsl
the dissimilarity scores are translated in distanrices,
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the matrices are then used to feed an INDSCAL MO
results of the MDS in terms of stress and RSQ arengn
Table 8. The RSQ suggests a 5-dimensional space djot
pears more difficult to characterize the five disiens of
this perceptual space. The male talker space isrshoFig-

content” for the instrumental assessment of speeetiity, Inter-

speech, paper 1219-Wed1A30.6, 2006.

[8] G. S. Kendall, The decorrelation of audio silgnand its impact
on spatial imagery, Computer Music Journal, 19§8)71-87, 1995.

ures4,5,6and7. 2_____T______;_T‘?Sﬂm:lﬂus_spaii:a____:_ _____
Dimension 1 may be characterized by the "hisslbaiti . ' : : '

but no reference signal is characterizing this disian. Tp---- e Fooses HEER

Dimension 2 is related with "muffle/clear" attrieuand the = Ole--- L L o L o

reference signals 12 and 13 are at one end oditisnsion. = : ] E

Dimension 3 is characterized by noise on speech and I ol o e = e

reference signals 16 and 17 are on one end oflitnisnsion. 5 o L e C

Dimension 4 is characterized by background noiseesi - : i - :

reference signals 14 and 15 as well as the regsgsen = 3 0 ] 5

signals of G.722 family are on one end of this disien. It DIM 1

seems more difficult to characterize Dimension 5.

6. CONCLUSION

The paper presents the multidimensional percempate
underlying the perception of current degradatiorsviged
by the different coding techniques. This percepgyce is
stable across gender. A set of reference signgisofosed.
The stress and RSQ of the validation step leada &
dimensional perceptual space. Nevertheless, thegion of
the objects in the 5-dimension space does not al@mem-
plete explanation of the dimensions. In fact, fofirthem
may be characterized using the attributes of trevipus
phase, but the fifth dimension remains hard toadtarize.
The reference signals have an influence on thetiregu
perceptual space and defining better suited refersignals
may lead to a different perceptual space easiéntéopret.

For example, a reference system for the dimension

characterized by the "hiss" attribute might bardef using
different decorrelation filters and might lead tcstable 4-
dimension perceptual space.

After this first step of validation, the referensgstem
should be validated for different types of inpugreil, for

example noisy speech and music. Then, the casehef o

bandwidths should be addressed.
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