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Abstract

This paper presents a design method for an idealized sys-
tem to be applied for the study of the speech-quality dimen-
sion ”directness/frequency content”. Using this idealized sys-
tem, we can generate degraded speech samples processed by
systems with defined values of the parameters describing the
above dimension. These parameters are the equivalent rectan-
gular bandwidthERB, the center frequencyθG (center of grav-
ity of the frequency content), the slopeβ, the ripple depthγD,
and the ripple rateγR. The performance of this idealized system
is evaluated by both an objective measure and a listening-only
test.

1. Introduction
Today, a variety of transmission techniques are available and
already co-existing in the speech transmission systems. Speech
transmission quality, as one of the most important factors, has
great influence on the acceptance of a system by the users and
as a result is specially interesting to the network providers in the
choice of the techniques. The only valid tool for the assessment
of speech transmission quality is the auditory test, because of
the nature of speech quality. But due to the high efforts involved
in the auditory test, instrumental methods are invented to sim-
ulate the human judgement about speech transmission quality,
normally described in terms of the mean-opinion score (MOS),
by signal-based approaches, like, e.g., PESQ [1], TOSQA [2].
These methods can predict MOS values with a high correlation
with the MOS values that are obtained from the auditory tests,
but they cannot provide more diagnostic information about spe-
cific aspects of the transmission systems’ speech quality.

In the project presented in [3], we want to develop an
attribute-based speech-quality measurement which provides es-
timates of different attributes of speech samples and maps these
attribute measures to one integral-quality estimate. With the
help of two independent auditory experiments followed by mul-
tidimensional analysis (MDA), three dominant and mutually or-
thogonal perceptual attributes (or dimensions) have been iden-
tified from narrow-band speech samples processed by trans-
mission systems simulated in real-time: ”directness/frequency
content”, ”continuity”, and ”noisiness” [4]. The model for an
integral-quality estimation is built by external preference map-
ping of these attributes. The subject of our present research
is to find algorithms to measure each of these attributes. This
paper concentrates on the analysis of the dimension ”direct-
ness/frequency content”.

It is widely accepted that the perceived speech quality can
be influenced by the frequency response of the transmission sys-
tems. Moore [5] has carried out extensive experiments to find
out the effects of various forms of the linear filtering on the

naturalness of speech and music and found out bandpass range
(described by the low- and high- cutoff frequency), slope, and
ripples (described by ripple depth and ripple rate) to have signif-
icant effects on the perceived quality. Raake [6] has determined
a so-called impairment parameter to describe the influence of
a system with an ideal rectangular frequency response on the
original speech signal and has found a strong dependency of
this parameter on the bandwidth and the center frequency of
the ideal rectangular filter. He has also suggested that for the
other filter shapes, we can use the ERB (Equivalent Rectangular
Bandwidth) as the bandwidth and gravity center of frequency as
the center frequency.

The dimension ”directness/frequency content” is assumed
to be determined by the frequency content and the directness
which are related with the shape of the spectrum. So in our
work presented in [7], [8], five parameters are extracted from
the gain functionG′(ejΩ), which are the equivalent rectangular
bandwidthERB, the center frequencyθG (center of gravity of
the frequency content), the slopeβ, the ripple depthγD, and
the ripple rateγR. With two of these five parameters, namely,
ERB andθG, we can predict the target dimension with a cor-
relation coefficientρ > 0.93 for the database from which the
three dominant attributes have been identified [4], [8]. But a
more thorough study of modelling the target dimension that
probably involves all five parameters has still to be done.

This paper provides the design, implementation and verifi-
cation of an idealized system that can be applied for the study
of the target dimension. Section 2 firstly introduces the system
model of the idealized system and then describes its implemen-
tation. In order to verify this system, the results of an objective
measure and a subjective test are analyzed and discussed in Sec-
tion 3. Section 4 gives a conclusion of this paper and as well as
an outlook to our further work.

2. Idealized System and Implementation
2.1. System Model

In order to model the target dimension, we integrate the five pa-
rametersERB, θG, β, γD, γR into the idealized system. It has
a gain function in the form of a rippled trapeze. It is a simpli-
fied model for the complex real-world systems that represents
the frequency content and directness.

The above named parameters can be extracted from a real
system’s gain function using the extraction process described in
[7]. Due to the close relationship between the idealized system
and the parameter-extraction process, we first present a short
review of this process, which analyzes the signals on the Bark
scale. In this paper, we useH(θ) (or H ′(ejΩ)) to denote the
frequency response andG(θ) (or G′(ejΩ)) to denote the gain
function, i.e.,G(θ) = 20 · lgH(θ) for example; we also use
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Ω andθ to differentiate the variants on the Hz scale and on the
Bark scale.

1. In a preprocessing step, the given gain function is firstly
shifted up byST . After that the cutoff frequencies as
well as the bandwidthBW are determinined.ST [dB],
by which the system response of the real system is
shifted up, is called stopband attenuation [6], and it is
used to exclude the filter energy that is irrelevant to the
parameter-extraction process.

2. The up-shifted, band-restricted gain function is split into
two parts: a smoothed gain functioñG(θ) and ripples
ĜR(θ).

3. ERB[Bark], θG[Bark], β[dB/Bark] are extracted from
the smoothed gain functioñG(θ):

(a) ERB is calculated as the area of̃G(θ) divided by
its maximum;

(b) θG is calculated as the gravity center ofG̃(θ);

(c) β is calculated as the slope of an equivalent trapeze
model ofG̃(θ).

4. γD[dB], γR[ripple/Bark] are extracted from the ripples
ĜR(θ):

(a) γD is calculated as the area between the two con-
tours, which connect the maxima and minima of
the ripples respectively, divided by BW;

(b) γR is calculated as the number of zero-crossings
in the band range divided by two times BW.

Fig. 1 gives an example of a system gain function
(a) and its equivalent idealized system model (b). This
equivalent idealized system has the same values of the pa-
rameter set (ERB[Bark], θG[Bark], β[dB/Bark], γD[dB],
γR[ripple/Bark]) as the real system.

Our idealized system reverses this parameter extraction pro-
cess so that it starts with the pre-defined parameters to design
an idealized filter. Using this idealized system, we can gener-
ate speech samples processed by systems with pre-defined pa-
rameter values and test the perceptual effect of each parameter
or their combinations on the dimension ”directness/frequency
content” by auditory tests systematically.

2.2. Implementation

The following steps have been taken to implement the
model system as a filter of lengthN for a given pa-
rameter set (ERB[Bark], θG[Bark], β[dB/Bark], γD[dB],
γR[ripple/Bark]):

1. The smoothed gain functioñGd(θn) is designed with a
logarithmic amplitude on the Bark scale. It has the de-
sired values ofST [6], ERB, θG andβ:

G̃d(θn) =

¡ {ST + (θn − θl) · β} ·W (θn) β < 0,
{ST + (θn − θh) · β} ·W (θn) else.

(1)
HereW (θn) is a rectangular window function that pre-
serves the band range of [θl, θh]; n = 0, 1, 2, · · · , N/2
andθn = 17.2589·2

N
·n, where the design range of the fil-

ter is [0Bark, 17.2589Bark] corresponding to the range
on the Hz scale [0Hz, 4000Hz].
The cutoff frequenciesθl andθh are calculated such that
the smoothed gain function has the desired valuesST ,
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Figure 1:Illustration of the rippled trapeze model for the spec-
tral modelling: (a) an example of the system gain function; (b)
the equivalent idealized system for this system gain function.

ERB, θG andβ. The problem of calculation of these
cutoff frequencies is actually an analytic geometry prob-
lem by which G̃(θ) should meet the following condi-
tions:

ERB =
area(G̃d(θ))

max(G̃d(θ))
, (2)

θG =

R θh

θl
G̃d(θ) · θ · dθ

R θh

θl
G̃d(θ) · dθ

. (3)

whereG̃d(θ) is the continuous form of̃Gd(θn).

If we try to solve this geometry problem directly we will
meet a complex 2-variable, second-order equation set.
A simpler solution can be carried out in three steps as
follows:

(a) Determination of the bandwidthBW :
Fig. 2 shows a normal trapeze with the height of
ST , width of BW , and slope of|β| (here we at
first do not care about the sign of the slope).

Its area is given by1
2
·BW · (2 ·ST − |β| ·BW ),

which should be equal toERB · ST following
Eq.(2). Solving for the bandwidthBW gives:

BW =
2·ERB

1 +

r
1− 2 · ERB · |β|

ST

(4)
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Figure 2:A normal trapeze with notations.

where the design parameters should hold the fol-
lowing inequation:

2 · ERB · |β|
ST

6 1. (5)

(b) Determination of the gravity center of the trapeze
XG:

XG =
3 · ST − 2 · |β| ·BW

6 · ST − 3 · |β| ·BW
·BW (6)

(c) Determination of the cutoff frequenciesθl andθh:
In this step, the trapeze will be put into
the amplitude-frequency coordinate system, and
shifted on the frequency axis so that its gravity
center is at the givenθG. Additionally, if β has
a positive sign, the trapeze presented in Fig. 2
should be flipped horizontally with regard toθ =
θG. Finally θl andθh are given as

θl =

¡
θG −XG if β > 0
θG + XG −BW else

(7)

θh =

¡
θG −XG + BW if β > 0
θG + XG else

(8)

2. The smoothed gain function and the accompanying pa-
rametersθl andθh are transformed from the Bark scale
onto the frequency scale (in Hz) as̃G′(ejΩk ), Ωl and
Ωh by utilizing the relationship between the Bark and
Hz scales given as [9]

θ

Bark
= 13arctan(0.76

f

kHz
) + 3.5arctan[(

f

7.5kHz
)2].

(9)
In order to differentiate the equally distributed critical-
band rate values on the Bark scale and the frequency
values on the Hz scale, we usek as the frequency index,
with k = 0, 1, 2, · · · , N/2 andΩk = 2π

N
· k.

3. Equidistant ripples around 0 dB are generated on the Hz
scale:

G′d,γ(ejΩk ) = [γD·sin(2·π·γR,Hz·(Ωk−Ωl))]·W ′(ejΩk ),
(10)

with the desired ripple depthγD in dB and a ripple rate
in ripple/Hz as

γR,Hz[ripple/Hz] =
γR[ripple/Bark] ·BW [Bark]

BWHz[Hz]
,

(11)
whereBW [Bark] = θh− θl andBWHz[Hz] = Ωh−
Ωl. This choice of parameters preserves the depth and
the total number of ripples within the band range of the
filter. Also, W ′(ejΩk ) is a rectangular window function
that preserves the band range of [Ωl, Ωh].

4. The smoothed gain function and the ripples are added
together to get the rippled trapeze. Then the whole gain
function is shifted down by a valueST , which is a re-
verse process of the preprocessing in our parameter ex-
traction [7]:

G′d(ejΩk ) = G̃′d(ejΩk ) + G′d,γ(ejΩk )− ST. (12)

5. Finally, an FIR filter of lengthN is built in the time do-
main with real coefficients based onG′(ejΩk ).
The gain function is firstly converted to the frequency
response function:

H ′(ejΩk ) = 10G′d(ejΩk )/20. (13)

After that the filter frequency response will be
mirrored to extend the range from [0, π] to [0,
2π) on the normalized frequency scale; soH’ =
(H ′(ejΩ0), H ′(ejΩ1), H ′(ejΩ2), · · · , H ′(ejΩN/2−1),
H ′(ejΩN/2), H ′(ejΩN/2−1), · · · , H ′(ejΩ1)). Then
it will be transformed back to the time domain by
IDFT (or IFFT). Finally, the time-domain filter will
be rearranged to ensure that the energy of the filter
concentrates in the middle of the impulse response; the
final filter coefficients vector ish = (h(N/2), h(N/2−
1), · · · , h(1), h(0), h(1), · · · , h(N/2− 1)).

2.3. ASL Adjustment

The ASL (Active Speech Level [11]) of the output degraded-
speech samples should be adjusted to -26mdB. This process
normally shifts the whole spectral amplitude level and such
changes theERB we measure after this adjustment. As a result
more adjustment steps are needed. In practice, we have used an
iterative process to achieve both ASL andST adjustment.

3. System Verifications
3.1. “Objective“ Verification

An “objective“ verification of the ideal system is done: We use
the sets of desired parameters as input to the ideal system and
transmit an original speech signal through the resulting filter.
Measured parameters are obtained by the parameter-extraction
process and are compared to the desired ones with respect to the
root mean-square error (RMSE):

∆pj =

s PNt
i=1 | p̂j,i − pj,i |2

Nt
; (14)

with i = 1, 2, · · · , Nt and j = 1, 2, 3, 4, 5. Here,Nt is the
total number of our tests (we haveNt = 4550). ∆pj is the
RMSE value for thej-th parameter in the parameter set,p̂j,i is
the measured value of thej-th parameter in the parameter set in
the i-th test, andpj,i is the desired value of thej-th parameter
in the parameter set in thei-th test.

Tab. 1 summarizes the performance of the idealized sys-
tem. We can see from the results that, generally, the model sys-
tem can generate a filter that approximately fulfills the design
requirements. Especially, the results forERB, θG, β, andγR

show excellent preciseness.

3.2. “Subjective“ Verification

A subjective verification of the idealized system using an infor-
mal listening-only test was also carried out.
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Parameter Range ∆pj

ERB[Bark] 8 ∼ 14 0.1739
θG[Bark] 8 ∼ 10 0.0793

β[dB/Bark] −2 ∼ 2 0.1036
γD[dB] 0 ∼ 6 0.4597

γR[ripple/Bark] 0 ∼ 2 0.0635

Table 1:RMSE values of the idealized system parameters.

Through this test, we want to first check whether the ide-
alized system can influence the target dimension and, if so, we
wish to initially find out how the idealized system can influence
the target dimension.

3.2.1. Test Conditions

Using the idealized system, 21 degraded speech samples were
generated as the training stimuli that span the parameter space
for modelling. Another 5 samples which lying this parameter
space were generated as the test stimuli to check the prediction
capability of the resulting model. Tab. 2 shows the design sets
of the parameters used in the test. All the pairs from five param-
eters are orthogonal besides the pair ofγR andγD.

In the implementation, the generated stimuli had parame-
ters that slightly deviate from the desired values (see Tab. 1),
so we actually used the measured values of the parameter in the
later result analysis instead of the parameter setting displayed
in Tab. 2.

# ERB θG γD γR β
[Bark] [Bark] [dB] [ripple/Bark] [dB/Bark]

1 8.0 8.0 0.0 0.0 0.0
2 8.0 9.0 0.0 0.0 0.0
3 8.0 10.0 0.0 0.0 0.0
4 11.0 8.0 0.0 0.0 0.0
5 11.0 9.0 0.0 0.0 0.0
6 11.0 10.0 0.0 0.0 0.0
7 14.0 8.0 0.0 0.0 0.0
8 14.0 9.0 0.0 0.0 0.0
9 14.0 10.0 0.0 0.0 0.0
10 9.5 9.0 0.0 0.0 -1.5
11 9.5 9.0 0.0 0.0 1.5
12 12.5 9.0 0.0 0.0 -1.5
13 12.5 9.0 0.0 0.0 1.5
14 11.0 8.5 0.0 0.0 -1.8
15 11.0 8.5 0.0 0.0 1.8
16 11.0 9.5 0.0 0.0 -1.8
17 11.0 9.5 0.0 0.0 1.8
18 11.0 9.0 4.0 1.0 0.0
19 11.0 9.0 8.0 1.0 0.0
20 11.0 9.0 4.0 2.0 0.0
21 11.0 9.0 8.0 2.0 0.0

22 9.5 8.0 0.0 0.0 0.0
23 12.0 9.0 0.0 0.0 0.0
24 12.5 10.0 0.0 0.0 1.0
25 11.0 8.0 6.0 1.5 1.0
26 12.5 10.0 3.0 1.5 -1.0

Table 2: Parameter setting for the listening test: from No.1 to
No.21 are training stimuli, from No.22 to No.26 are the test
stimuli.

3.2.2. Test Procedure

Six judgements were made for all stimuli by the subjects. The
first judgement was about the integral speech quality rating

(IQ). We presumed that the IQ was only influenced by the ideal
system and thus it represented the rating on the target dimen-
sion. The five other judgements were on scales described by
five attribute pairs:indirect - direct, distant - near, thin - full,
muffled - not muffledanddark- bright. These five scales had
been found highly probably related to the target dimension in
the former test [4].

We have made a random listening list for the judgement
of each attribute pair and each person to avoid any ”order-of-
presentation effect” [10]. And we conducted the IQ rating first
when the subjects were still untrained and unaware of the at-
tribute pairs that they were to rate later. Then the attribute-pair
ratings were done one after the other to avoid the situation that
the subjects would establish the relationship between attributes
by themselves.

The continuous rating scales used in this listening test are
shown in Fig. 3, which are similar to those used in [12]. By
evaluating the overall speech quality, the numbers 1,3,5,7,9 are
labeled with the category descriptions of ”bad, poor, fair, good
and excellent” while the numbers 0 and 10 are labeled to the
two extreme ends of the scale. Similar numbers are applied for
labeling the attribute-pair scales.

TAXX 0X.wav:

Extremely Bad
(Extrem Schlecht)

Bad
(Schlecht)

Poor
(Dürftig)

Fair
(Ordentlich)

Good
(Gut)

Excellent
(Ausgezeichnet)

Ideal
(Ideal)

TBXX 0X.wav:

Indirect(Indirekt) Direct(Direkt)

TCXX 0X.wav:

Distant (Fern) Close (Nah)

TDXX 0X.wav:

Thin (Dünn) Full (Voll)

TEXX 0X.wav:

Muffled (Gedämpft) Not Muffled (Ungedämpft)

TFXX 0X.wav:

Dark (Dunkel) Bright (Hell)

Figure 3: The continuous rating scales used in this listening
test.

Repetitions of 4 training stimuli were used to check the con-
sistency of the subjects, and another 4 stimuli were placed at the
beginning of the test for the subjects to get familiar with the rat-
ing scale. So altogether6×26+4+4 = 164 judgements were
made by each test person.

3.2.3. Subjects

15 subjects were invited to the listening test. They were all
engineering students of age 20 to 30. Some of them had already
participated in a similar listening-only test. With the help of
the 4 repeated samples, 2 of the subjects were found to have
low consistency, with correlation coefficients< 0.6; thus their
judgements were not used in the result analysis. All the subjects
were paid for their participation.
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3.2.4. Results and Analysis

Firstly, we want to check our assumption that the integral speech
quality represents the rating on the target dimension. In order to
check this assumption, we calculate the correlation coefficients
between the IQ value and the other five attribute pairs, which
are highly probably related to the target dimension in the former
tests. Tab. 3 shows the results. Except the attribute pairdark-
bright, all the other attribute pairs are highly correlated to IQ.
We can see from these results a close relationship of IQ and the
target dimension ”directness/frequency response”.

Attributes indirect distant thin muffled dark
-direct -near -full -not muffled -bright

Corr. 0.9290 0.8418 0.9335 0.7626 0.2830

Table 3:Correlation of IQ and the five attribute pairs

Secondly, a linear-regression model is built using the IQ
values from the training stimuli. After a variable selection, only
four of the five parameters are found to be significant in the
model which is given as

cIQ = 0.6598 ·ERB−0.3102 · θG +0.3890 ·β−0.2010 ·γD

(15)
While the four variables in this simple linear model are orthog-
onal to each other, we can use the sign before them to analyze
their influences on the IQ or, here, the target dimension. The
positive sign beforeERB implies thatERB has a positive
influence on the target dimension and, correspondingly, ripple
depthγD has a negative influence on the target dimension. In-
terestingly, the negative sign beforeθG and positive sign before
β imply that people prefer the stimuli which have a little more
high-frequency content.

Using this model, we can predict the IQ values of the 21
training stimuli as well as the test stimuli. The results are plotted
in Fig. 4. We can see that both the training stimuli and the test
stimuli can be well predicted using this simple linear model,
considering that we have just an informal listening test. The
statistical results are shown in Tab. 4.
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Training Correlation ρ=0.92067

Training RMSE=0.31232

Test Correlation ρ=0.85458

Test RMSE=0.49433

Figure 4: The predictedcIQ plotted versus the IQ values ob-
tained from the listening test. The circles are the predicted re-
sults of the training stimuli and the squares marked with num-
bers 22 to 26 are the predicted results of the test stimuli.

Training Test
Correlation 0.9207 0.8546

RMSE 0.3123 0.4943

Table 4:Correlation andRMSE of the prediction using the
resulting model.

In a similar way, we have built linear models to find out
the effects of the system parameters on the attribute pairs. The
results are shown in Tab. 5.

Attribute ERB θG γD γR β Corr.

Indirect-direct + - - + 0.9383
Distant-close + - + + 0.8957

Thin-full + - - + 0.9363
Muff.-not muff. + + - + 0.9406

Dark-bright + - + 0.9307

Table 5:The effects of the system parameters on the attributes.
”+” (”-”) indicates a positive (negative) sign before the param-
eter in the resulting model. The sign of the parameters that are
not significant in the resulting linear models are left blank.

These results are well consistent with our common knowl-
edge about speech:

• the larger value ofERB is connected withdirecter,
closer, fuller and less muffledposition on scale the at-
tribute pair;

• the larger value ofθG is connected withmore indirect,
thinner , less muffled, andbrighter position on scale the
attribute pair;

• the larger value ofγD is connected withmore indirect,
more distant, thiner, more muffled, anddarker position
on scale the attribute pair;

• the larger value ofβ is connected withdirecter, closer,
fuller,less muffled, andbrighter position on scale the at-
tribute pair;

• γR is found in the most models insignificant except a
positive effect in the model of attribute pairdistant-close.
Its effect will be discussed later in the paper.

3.2.5. Discussions

The way the five parameters influence theIQ and the scales of
attribute pairs is consistent with our knowledge about the target
dimension ”directness/ frequency content”. So we can conclude
that using this simple system we can study the influence of the
five parameters on the target dimension. But that does not lead
to the conclusion that this simple system is sufficient to model
the target dimension. In order to check that we should introduce
the stimuli recorded from the real-world system which will be
the next step in our study.

We also find that parameterγR is almost insignificant in
all the models. But we cannot yet exclude it from the system.
Because this insignificance may just come from the fact thatγR

has a high correlation with parameterγD so that the significance
of γD would ”mask” the significance ofγR.

4. Conclusion and Outlook
This paper has presented an idealized system for studying the
speech-quality dimension ”directness/frequency content”. An
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objective test and a subjective test are carried out in order to
verify this system. The objective test shows that this idealized
system can provide a good preciseness in fulfilling the design-
ing specification. The subjective test has provided evidence that
this idealized system has significant influence on the target di-
mension. The remaining question is whether this idealized sys-
tem sufficiently represents all the influencing elements in the
real world that have effects on the target dimension.

In our future work, real-world stimuli will be introduced to
further verify the sufficiency of this idealized system in present-
ing the target dimension. If this should prove to be sufficient,
the thorough modelling of the target dimension would be car-
ried out.
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