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Abstract

A new enhanced Itakura (E-Itakura) speech distortion measure is proposed in this paper. It incorporates masking properties
of the human auditory system into the original Itakura measure. Inaudible noise components masked by speech signals are
excluded from the calculation of the E-Itakura measure, while the intrinsic advantage of the Itakura measure is retained. The
proposed new measure has been compared with the original Itakura distortion, frequency-weighted Itakura spectral distortion,
cepstral distance and Bark spectral distortion measures. The comparison results show that the correlation between the original
Itakura measure with speech quality has been improved from 0.73 to 0.89 with the incorporation of the enhancement feature,

and that the E-Itakura measure offers a more consistent indication of the subjective quality of speech.

© 2003 Elsevier Science B.V. All rights reserved.

Keywords: Speech distortion measure; Masking properties; Itakura measure

1. Introduction

An objective speech distortion measure that corre-
lates well with a subjective speech quality measure is
highly desirable and useful in the field of speech pro-
cessing, especially as a valuable assessment tool for
the development of speech coding and enhancing algo-
rithms. The accuracy of a speech distortion measure is
determined by correlating it with a known subjective
measure of speech quality, such as the Mean Opinion
Score (MOS), and the degree of correlation between
the MOS data set and the distortion measure data set
indicates the effectiveness of the objective measure.
Detailed discussions on this issue can be found in [8].
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E-mail addresses: egchen@ntu.edu.sg (G. Chen), esnkoh@ntu.
edu.sg (S.N. Koh), eiysoon@ntu.edu.sg (I.Y. Soon).

The original Itakura measure [1] has been widely
used in various research fields of speech processing.
Though the Itakura measure can indicate the match-
ing error between the clean reference spectrum and
the noisy test spectrum well, its performance usually
deteriorates when the processed speech signals are de-
graded heavily [13]. Soong and Li [6,13] improved
the performance of the Itakura distortion measure by
using a frequency-weighted Itakura spectral distortion
(FWID) measure which weights the frequency com-
ponents in the high SNR regions more than those in
the low SNR regions.

The solution proposed in this paper is to incorporate
the concept of the noise masking of the human audi-
tory system into the original Itakura measure. Consid-
ering the fact that the perceptual distortion distance be-
tween two speech signals should not be solely based on
the matching errors of the two speech spectra, and that
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the perceptual response of the human auditory system
to a speech signal is also a critical determining factor,
the psychoacoustical properties of the human auditory
system must therefore be factored into a speech dis-
tortion measure. Noise masking is a well-known psy-
choacoustical property of the human auditory system
[9]. Masking is present because human auditory sys-
tem is incapable of distinguishing two signals close
in the time or frequency domain. The noise mask-
ing effects of the human auditory system have a di-
rect influence on human perception of speech signals
and they subsequently affect the correlation between
the objective distortion measure and the subjective as-
sessment of speech quality. It is therefore logical to
postulate that the performance of a speech distortion
measure could be improved if noise masking effects
are considered in the process of calculating the dis-
tortion value. Noise masking effects are also used in
audio and speech coding systems [3,5,11]. It has been
shown that coding gain could be obtained with no loss
of speech quality without transmitting spectral sam-
ples below the noise masking threshold. In a similar
way, noise spectral components below the noise mask-
ing threshold are also excluded from the calculation
of the proposed E-Itakura distortion measure.

The rest of the paper is organized as follows. In the
next section, we outline the original Itakura speech
distortion measure. In Section 3, we give the defini-
tion of the proposed E-Itakura measure and its com-
putational procedure. Following that, we present our
experimental results and discussion. Finally, in Sec-
tion 5, we draw our conclusions.

2. The Itakura measure

Let o7/]4 () and o3/[4,(w)]* represent the
power spectra of the reference autoregressive (AR)
model o,/4,(z) and the test AR model ¢,/4,(z), re-
spectively. The Itakura—Saito distortion measure is
given by the following equation [2]:
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ar and 07, a,(i) and a,(i) are the gains and ith LPC
prediction coefficients of two p-order LPC models,
respectively.

Since the dig measure is sensitive to the LPC gain
terms, it is not very appropriate for calculating the dis-
tortion distance between two given speech LPC model
spectra [7]. In order to minimize the gain sensitivity
of the dis measure, the Itakura distortion measure, de-
noted by d, was derived by Itakura [1] as follows:
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3. The E-Itakura measure

The basic idea of the proposed E-Itakura measure
involves the exclusion of noise spectral components
below the noise masking threshold in the calculation
of the distortion measure. First, the power spectra of
the original speech and distorted speech are calcu-
lated. Second, based on the original speech spectrum,
the noise masking threshold is calculated and then the
masking matrix is obtained by comparing the power
spectrum of the distorted speech with the noise mask-
ing threshold. Finally, the E-Itakura measure is calcu-
lated by using the formulation of the Itakura measure
and the masking matrix.

The E-Itakura measure computes the distortion dis-
tance between the original speech and distorted speech
frame by frame, with a 10th-order LPC analysis and
the frame length set to 32 ms. The frame length is se-
lected after examining the effect of frame length on
the distortion measure, as discussed in the following
sections. Each frame is weighted by a Hamming win-
dow, and consecutive frames are overlapped by 50%.
A block diagram of the E-Itakura measure is shown in
Fig. 1. The algorithm of the E-Itakura measure con-
sists of the following main steps.
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Fig. 1. Calculation of the E-Itakura measure.

3.1. Short-time spectral analysis

Assume two non-silence frames of speech sam-
ples, x(k) and y(k) (k = 1,2,...,K), of the orig-
inal speech x and distorted speech y, respectively.
They are weighted by the Hamming window and dis-
crete Fourier transformed (DFT). The real and imag-
inary components of the short-term speech spectrum
are squared and added to obtain the short-term power
spectrum, i.e.,

P(k,w) = Re?(k, ) + Im?(k, ), (3)

where k is the ordinal number of non-silence speech
frame and o is the angular frequency in rad/s.

3.2. Calculation of the noise masking threshold

The noise masking threshold is obtained through
modeling the frequency selectivity of the human ear
and its masking properties. The computation steps are
described in [3]. It is calculated based on the original
speech and composed of the following steps, as illus-
trated in Fig. 2.

3.2.1. Critical band analysis

The short-term power spectrum P(k,w) is parti-
tioned into critical bands and the energies of each crit-
ical band are added up. Frequencies within the same
critical band are equally perceived by the human ear.
Since the bandwidth of the speech signal in our study
is approximately 3.4 kHz, 18 critical bands are used
for the E-Itakura measure calculation which covers 0
—4 kHz. The energy in each critical band is summed
as follows:

bh.
B(kz)=>_ P(kv), z=12,3,.18, (4)
v=bl,

where b/, and bh, are the lower and upper boundaries
of critical band z, respectively, P(k,v) is the power
spectrum, and B(k,z) is the energy in critical band z.
Table 1 shows the mapping from FFT bins to critical
bands.

3.2.2. Masking across critical bands
A spreading function represented by a matrix
S(zi,z;) is used to estimate the effects of masking
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Table 1 The critical band spectrum, B(k, z;), is then multiplied

Mapping from FFT bins to critical bands at a sampling frequency
of 8 kHz and frame size N = 256 [3]

Critical band FFT bins Real frequencies
number z (Hz)
Intervals Number
1 1-3 3 0-94
2 4-6 3 94-187
3 7-10 4 187-312
4 11-13 3 312-406
5 14-16 3 406-500
6 1720 4 500-625
7 21-25 5 625-781
8 26-29 4 781-906
9 30-35 6 906-1094
10 36-41 6 10941281
11 42-47 6 1281-1469
12 48-55 8 1469-1719
13 56-64 9 1719-2000
14 65-74 10 2000-2312
15 75-86 12 2312-2687
16 87-100 14 2687-3125
17 101-118 18 3125-3687
18 119-128 10 3687—-4000

across the critical bands. The function used in this
work has been proposed by Schroeder et al. in
[10].

S(zi,z))
—15.81 +7.5(z; — z; + 0.474) — 17.5

xy/1+ (@ — 2+ 04747, |z —z| <25,
(5)

where z; is the Bark frequency of the masked signal,
and z; is the Bark frequency of the masking signal.

with S(z;,z;) as follows:

18
Clhz) =y S(zi,2)B(k,2)),

z=1

z=1,23,...,18. (6)

The value of C(k,z;) denotes the spread critical band
spectrum of the z;th critical band of the kth speech
frame.

3.2.3. Computation of the noise masking threshold
The noise masking threshold depends on the fre-
quency and tonality (i.e., tone or noise like nature) of
the signal. The computation of the threshold need con-
sider tone masking noise and noise masking tone. The
results of [3] suggest that, for tone like maskers, the
masking threshold is estimated as (14.5 + z;) dB be-
low C(k,z;) in dB, where z; is the critical band index.
On the other hand, for noise like maskers, the masking
threshold is estimated as 5.5 dB below C(k,z;) uni-
formly across the spread critical spectrum. In order to
determine the tonelike or noiselike nature of the sig-
nal, the spectral flatness measure (SFM) is used in
[3]. In our study, the noise masking threshold T'(%, z;)
is computed by using the simplified method proposed
by Sinha and Tewfik in [12], which avoids an accu-
rate estimate of the signal tonality and therefore re-
duces the computation load. The relative offset O(z;)
in decibels for the making energy in each critical band
is given in [12] by a simple estimation, based on the
fact that the speech signal has a tonelike nature in
lower critical bands and a noiselike nature in higher
bands. The resulting values for O(z;) are represented in
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Fig. 3. The relative offset O(z;) used for noise masking threshold calculation.

Fig. 3. The noise masking threshold of the z;th critical
band of the kth speech frame, T'(£,z;), is obtained by
subtracting the offset O(z;) from the spread critical
spectrum C(k, z;).

3.2.4. Renormalization and comparison with the
absolute threshold of hearing

Since the energy estimates in each critical band are
increased due to the effects of Eq. (6), the renormal-
ization need be applied as described in [3], i.e., each
T(k,z;) is multiplied with the inverse of the energy
gain in each critical band. The renormalized 7'(k, z;) is
then compared with the absolute threshold of hearing
[3]. If any critical band has a calculated noise mask-
ing threshold lower than the absolute threshold, it is
changed to the absolute threshold for that critical band.
The final noise masking threshold Th(k, z) in the Bark
domain is obtained and it is further converted into the
noise masking threshold Th(k, @) in the frequency do-
main according to the mapping relation as shown in
Table 1. An example of noise masking threshold for a
given speech frame is represented in Fig. 4. The noise
masking threshold is computed based on the clean
speech signal and the noise spectral components of
the distorted speech signal below the noise masking

threshold are excluded from the calculation of the dis-
tortion measure.

3.3. Calculation of E-Itakura measure

Based on the final noise masking threshold
Th(k, ®), the masking matrix for the distorted speech
frame y(k), denoted M (k, ®), is constructed as fol-
lows:

IF P (k,») < Th(k,®), M(k,w)=0,
IF P, (k,») = Th(k,»), M(k,w)=1. (7)

The inverse DFT (IDFT) is applied to P(k,w)
and P,(k,w) to yield the autocorrelation matrix
R.(k) and R,(k). The LPC coefficients a,(k,i) and
ay(k,i) (i=1,2,..., p) are then obtained by solving
the Yule-Walker equation. The E-Itakura measure of
the frame of original speech samples x(k) and the
distorted speech sample y(k) can then be obtained as
follows:

dei(x(k), y(k))

o |4 (k,co)\2 dw
=log Mk, o) 7|A)yc(k,w)|2 P

—T

(8)
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Fig. 4. An example of noise masking threshold for a 32 ms frame of a distorted speech (MNRU condition: SNR = 15 dB).

4. Experimental results and discussions

First, the performance of the E-Itakura measure with
various speech frame sizes has been investigated in
order to find the optimal frame length for the highest
correlation coefficient. Second, in order to examine
the performance of the E-Itakura measure, the com-
parisons between the performance of the E-Itakura
measure with those of the original Itakura measure,
the Bark spectral distortion measure (BSD) [14], the
cepstral distance (CD) [4] and the FWISD [13] mea-
sure have also been carried out. In our work, we
used a speech data set which included five Modu-
lated Noise Reference Unit (MNRU) conditions (5
—25 dB at 5 dB step) and various different types of
speech coders such as ADPCM, GSM, 1S54, FS1016,
LD-CELP and CELP. A total of 136 MOS of the
speech signals were obtained by Dynastat, Inc. of
USA using the Absolute Category Rating method in
a formal subjective test environment. Four panels of
eight listeners were recruited to evaluate the materi-
als. The speech materials were presented to listeners
monaurally over earphones mounted in a circumau-
ral cushion. Listeners were seated in a sound isolation
chamber containing the listening stations. The audio

output of the DAT player was input to an audio distri-
bution system for distribution to the listening stations.
Each station in the booth was equipped with a personal
computer system for rating scale presentation and data
collection.

4.1. Evaluation method

Since the speech distortion measures are computed
between two speech utterances, we evaluate the per-
formance of different distortion measures by using the
correlation coefficient, r, and standard error of esti-
mate, s, between the distortion measures and MOS
difference [8]. In our experiments, the 64-kbps PCM
coded speech is regarded as the original speech. The
evaluation method is described below.

Let x denote the original speech signal, and )" (n=
1,2,3,...,N) denote the coded speech signals, where
N is the total number of the different coded speech
signals. Let M, denote the MOS of x and M} (n =
1,2,...,N)denote the MOS of y". Assume two speech
signals x and " are weighted by the Hamming win-
dow and separated into K frames, let the kth speech
frames of x and »" be denoted by x(k) and y"(k)
(k=1,2,...,K). The distortion distance between the



G. Chen et al. | Signal Processing 83 (2003) 1445—1456 1451

original and coded speech signals is then given by
| X
T y) =2 > dix(k), ' (K)),
k=1

n=12,...,N, 9)

where d; indicates the ith distortion measure being
studied.

Also, let MOSD” denote the MOS difference of two
speech signals x and )", i.e.,
MOSD" =M, — M"

yo

n=12,...,N. (10)

In order to assess the ability of the proposed new
measure and that of others to predict MOSD ratings,
we fitted second-order polynomial predictors to the

various scatter plots by the following least-square
linear regression equation:

EMOSD" = o + I + y(I'")*. (11)

Subsequently, the correlation coefficient (») and
standard error of estimate (s) of EMOSD and MOSD
are calculated by the following equations:

=

N N
> (EMOSD"—~Myi0sp)* /Y (MOSD"~Myiosp)?
n=1 n=1

(12)
s:VarMogD\/(l—rZ), (13)

where Myosp and Varyosp are the mean and variance
of MOSD", respectively. r and s indicate the degree
of consistency between the ith distortion measure and
subjective assessment of speech quality in terms of
MOS [8].

4.2. Selecting the optimal frame length

We have examined the effects of different frame
lengths on the E-Itakura measure. With window
lengths ranging from 8 to 40 ms, the highest correla-
tion coefficient for mixed (male and female) speakers
is obtained when the frame length is 32 ms (256 sam-
ples), as shown in Fig. 5. Each frame was weighted
by a Hamming window, and consecutive frames were
overlapped by 50%.

4.3. Comparison experiments

We compare the performance of the E-Itakura mea-
sure with those of the original Itakura, the FWISD,
the CD and the BSD measure. In the FWISD mea-
sure, four bandwidth-broadening factors are set to
be 0, 0.25, 0.7, and 1.0 according to the four SNR
brackets described in [13]. The results are summa-
rized in Figs. 6-10. The curves shown in the fig-
ures are second-order polynomial predictors fitted
by least-square linear regression to the scatter plots.
The numbers shown in the figures have the following
meanings.  is the correlation coefficient between the
actual and predicted MOSD values. Perfect predic-
tion would yield the value » = 1. The variable s is
the standard deviation of the prediction error, and in
ideal conditions, it would be zero.

4.4. Discussion

It can be concluded from our experimental results
that, the proposed E-Itakura measure, which incor-
porates noise masking effects of the human auditory
system into the original Itakura measure, outperforms
many other measures in predicting MOSD. The corre-
lation of the original Itakura measure with subjective
evaluation ratings of speech quality has been improved
from 0.73 to 0.89 by using the enhancement proce-
dure. Also, the E-Itakura distortion measure is more
consistent with the subjective assessment of speech
quality than the FWISD, CD and BSD measures, as
shown in Table 2.

From Figs. 6-10, it can be seen that the plots of
the MOSD values in all figures cluster along the esti-
mated MOSD values in general except for a slightly
more deviation of the Itakura measure when the val-
ues of MOSD is less than 2. Namely, all distortion
measures perform reasonably well for high MOS val-
ues. On the other hand, when the values of MOSD
is greater than 2, the estimated values of the Itakura,
FWISD, CD and BSD distortion measures distribute
more dispersedly than those of the E-Itakura measure.
In other words, for low MOS values, the E-Itakura
measure has a higher correlation with subjective as-
sessment of speech quality. This characteristic of the
E-Itakura measure is due to its salient feature of having
to consider noise masking effect of the human auditory
system. Since inaudible noise components masked by
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Fig. 5. (a) Analysis window size of E-Itakura versus correlation coefficient and (b) analysis window size of E-Itakura versus stand error.

speech signals are excluded from the distortion calcu-
lation, the E-Itakura measure has achieved a prefer-
able performance.

Another advantage of the E-Itakura measure is that
it calculates the distortion between two short-time
speech spectra by using the formulation of the Itakura
measure which is a very good measure of matching

errors between two speech spectra. This is unlike the
BSD measure which estimates the overall distortion
by using the average Euclidean distance method.

The computational cost of the E-Itakura distor-
tion measure is not much more than that of the
original Itakura measure. Computationally, the most
expensive operation is the FFT spectral analysis
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calculation, followed by the calculation of the noise parts: (1) the FFT analysis with 2N log, N real mul-
masking threshold. For a 32 ms speech frame at a tiplications and 2N log, N real additions, where N is
8 kHz sampling frequency, the additional computa- 256 in this paper, (2) critical band analysis with 128

tional load approximately comes from the following real additions, (3) masking across critical bands with
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Q real divisions and Q real multiplications. It is noted

0? real multiplications and Q(Q — 1) real additions,
where the total number of critical bands, Q, is 18 in

that the E-Itakura measure, in the process of calculat-

ing noise masking threshold, warps the spectrum of
speech signal along the frequency axis into the Bark

our study, (4) computation of noise masking threshold
with Q real subtractions, and (5) renormalization with
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Table 2
Performance of different distortion measures

Mixed Female Male
Measure r K s r K
Itakura 0.7330 0.5398 0.7671 0.5216 0.7122 0.5420
CD 0.8106 0.4338 0.7853 0.5028 0.8412 0.3494
FWID 0.8312 0.4412 0.8425 0.4380 0.8302 0.4305
BSD 0.8554 0.4110 0.8552 0.4215 0.8873 0.3561
E-Itakura 0.8949 0.3540 0.8664 0.4060 0.9214 0.3010

scale axis, and therefore the number of the samples in
the Bark domain is reduced to 18 Bark spectral sam-
ples. The rest of the computational cost is the same
as the original Itakura measure. The overall computa-
tional cost of the E-Itakura measure is therefore only
slightly higher than that of the original measure.

5. Conclusions
In this paper, a new E-Itakura measure is proposed.

It is based on the auditory masking phenomenon which
is modeled by the calculation of the noise masking

threshold. In the process of calculating the E-Itakura
measure, the noise components below the noise mask-
ing threshold are excluded from the distortion distance
because they are inaudible, while the intrinsic advan-
tage of the original Itakura measure is retained. The
proposed algorithm has been tested and compared with
the original Itakura, FWISD, CD and BSD measures.
The results show that the correlation of the original
Itakura measure with subjective evaluation ratings of
speech quality has been improved from 0.73 to 0.89.
Also, the E-Itakura measure offers a more consistent
indication of the subjective speech quality than other
measures.
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