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Abstract
The development of instrumental measures that do not only es-
timate the speech quality of modern telecommunication sys-
tems but also analyze it is a current issue in speech pro-
cessing. Our work aims at an analytic quality measure for
telephone-band speech that is based on the instrumental assess-
ment of so-called quality dimensions. They describe differ-
ent quality-relevant characteristics of speech signals and thus
allow for a quality analysis. An overall-quality rating is ob-
tained by a suitable combination of the dimension ratings. For
telephone-band speech, three quality dimensions have been
identified: “directness/frequency content”, “continuity”, and
“noisiness”. This paper presents an estimator for “noisiness”
that is based on three parameters: the level and the color of ad-
ditive noise contained in a speech signal as well as its amount
of signal-correlated noise. The dimension estimates show a
correlation > 0.95 with the results of auditory tests.
Index Terms: instrumental speech-quality assessment, speech-
quality analysis, quality dimensions, noisiness

1. Introduction
During the transmission over modern telecommunication sys-
tems, speech signals are subject to various disturbances and de-
formations. In general, such distortions affect the quality of the
transmitted speech signals perceived by the systems’ users.

As speech transmission quality is an important aspect for
the acceptability of modern telecommunication systems [1], its
assessment is of great interest to system developers and opera-
tors. Since quality is - generally speaking - the result of human
perception and human judgment, valid speech-quality ratings
can only be obtained from human listeners within auditory tests.
The most commonly used auditory test is the listening-only test
yielding a rating for a system’s overall speech-quality. This rat-
ing is denoted as mean-opinion score (MOS) of a system.

Due to the fact that the auditory assessment of speech
quality is time-consuming and expensive, instrumental speech-
quality measures are needed. These measures determine qual-
ity ratings much more efficiently than auditory assessment
methods, but they can only estimate speech quality. Neverthe-
less, reliable instrumental measures can substitute or comple-
ment auditory tests in areas where the use of auditory methods
is not reasonable or even impossible. Instrumental methods are
regarded as reliable in case their MOS estimates show a high
correlation with the results of auditory tests.

Well-defined signal-based measures exist for the instrumen-
tal assessment of a system’s overall speech quality in terms of
MOS values. These include for example PESQ (Perceptual
Evaluation of Speech Quality) [2] and TOSQA (Telecommu-

nication Objective Speech-Quality Assessment) [3]. However,
such measures might provide the same MOS for two systems
which human listeners perceive to sound differently. Hence,
more differenting analytic quality measures are needed that al-
low for a better distinction between the quality of various sys-
tems. In addition, such a quality analysis might provide starting
points for improving a system’s speech quality. A possible ap-
proach is the instrumental assessment and analysis of speech
quality on the basis of quality dimensions.

Our work aims at a corresponding measure for assessing
the speech quality of modern telecommunication systems with
a band limitation to a maximum frequency of 4 kHz [4], that
is, the quality of narrowband speech-signals y(k) influenced by
up-to-date speech codecs and distortions such as packet loss,
additive background noise, noise-reduction methods and hands-
free terminals. Three quality dimensions have been identified
as relevant for the assessment of telephone-band speech qual-
ity: “directness/frequency content”, “continuity”, and “noisi-
ness” (Section 2). This paper presents an instrumental measure
for the dimension “noisiness”. Based on its characteristics, pa-
rameters are defined that describe dimension-relevant features
of a speech signal (Section 3). These parameters provide the
basis for the dimension estimator. Its structure is presented in
Section 4, its performance is discussed in Section 5. Section 6
summarizes the paper and gives an outlook to our future work.

2. Dimension-based assessment of
telephone-band speech quality

Quality dimensions describe distinct quality-relevant features of
speech signals, e. g., the naturalness and the presence of noise.
In case N dimensions together describe all relevant aspects of
speech quality, the MOS of a system can be obtained by a suit-
able combination of the dimension ratings. Quality dimensions
ideally describe speech quality with as few as possible indepen-
dent characteristics and, thus, are regarded as uncorrelated.

Three dimensions have been identified as relevant for as-
sessing the overall quality of narrowband signals y(k) that have
been transmitted over modern telecommunication systems [5]:

1. “Directness/frequency content”: This dimension charac-
terizes the quality-relevant influence of a transmission
system’s frequency response on the signal y(k).

2. “Noisiness”: This dimension indicates the perceptual in-
fluences of noise-like disturbances on the quality of the
signal y(k), such as background noise or circuit noise.

3. “Continuity”: This dimension is associated with distur-
bances of the form of the signal y(k) in the time domain,
e.g., packet losses or short insertions like musical noise.
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Expressing the overall quality of a telephone-band speech signal
y(k) in terms of a weighted linear combination of these three
quality dimensions yields a model for a system’s MOS that cov-
ers about 90% of the total variance of the speech-quality judge-
ments obtained in auditory tests [5]. To realize an equivalent in-
strumental quality measure, estimators for the above-mentioned
quality dimensions are needed. An estimator for the dimension
“directness/frequency content” was presented in [6]. In the fol-
lowing, an approach for quantifying “noisiness” is introduced.

3. Quality dimension “noisiness”
3.1. Auditory experiments

The characteristics of “noisiness” are determined based on the
results of three auditory tests. Two multidimensional analyses,
a semantic differential (SD) and a multidimensional scaling
(MDS), have been carried out with the objective of identify-
ing and describing the quality dimensions of telephone-band
speech. For this purpose 28 so-called narrowband stimuli
(NB-stimuli) have been used. These stimuli have been ob-
tained by processing two German sentences spoken by one fe-
male and one male speaker each with fourteen test conditions.
The test conditions represent different configurations of modern
telecommunication systems for the transmission of narrowband
signals. They cover simple codecs, bandpass filters, handsfree
terminals as well as distortions due to packet loss, background
noise, circuit noise and noise-reduction algorithms [5].

A third experiment has been conducted on the basis of
84 so-called noisiness stimuli (N-stimuli). Its aim has been to
analyze “noisiness” in more detail. The N-stimuli have been
generated by processing two German sentences spoken by one
female and one male speaker each with 42 test conditions which
are assumed to influence a speech signal only in the dimension
“noisiness”. These conditions cover different types and levels
of sending-side background noise (hoth, babble, and hammer
noise), various levels of circuit and terminal noise as well as dif-
ferent intensities of signal-correlated noise produced by speech
codecs. During the auditory test, the participants rated the qual-
ity of the N-stimuli on the MOS scale. It is assumed that the ob-
tained scores MOSN reflect the ratings of “noisiness” for the
N-stimuli as these stimuli are only influenced in this dimension.

3.2. Characteristics of “noisiness”

The results of the three above-mentioned auditory tests provide
the basis for defining dimension parameters of “noisiness”, i. e.,
parameters describing dimension-relevant features of a signal.

The SD carried out based on the NB-stimuli has shown that
“noisiness” is highly correlated with two of the used antonym
pairs, namely not noisy - noisy and not hissing - hissing [5].

The MDS of the NB-stimuli yielded ratings of all three di-
mensions for every stimulus. Within this test, in particular, two
stimulus types obtained negative ratings of “noisiness” [5]:

• Stimuli distorted by background noise or circuit noise.
• Stimuli containing signal-correlated noise caused by the
speech codec within the considered transmission system.

The auditory analysis of the N-stimuli has shown that the
MOS of the N-stimuli, and thus, their ratings of the quality di-
mension “noisiness”, depend on the level and type of additive
noise nadd(k) (background noise, circuit noise, terminal noise)
and the amount of signal-correlated noise, e. g., caused by the
speech codec according to the ITU-T standard G.726 (Adaptive
Differential Pulse Code Modulation, ADPCM) [7].

3.3. Dimension parameters of “noisiness”

The results of the auditory experiments led to the assumption
that the following three signal parameters are relevant for the
human perception and rating of the dimension “noisiness”:

• Intensity of additive noise: This parameter describes the
quality-decreasing influence of additive noise that is con-
tained in a signal y(k) on the dimension “noisiness” due
to the noise intensity, i. e., its loudness.

• Spectral composition of additive noise: This parame-
ter indicates the quality-decreasing influence of additive
noise on the dimension “noisiness” due to its spectral
composition, i. e., its timbre.

• Amount of signal-correlated noise: This parameter char-
acterizes the influence of the amount of signal-correlated
noise on the quality dimension “noisiness” of a stimulus.

4. Dimension estimator
The dimension estimator for “noisiness” is based on a compar-
ison of the speech signals y(k) and x(k), i. e., the signal that
has been transmitted over the system under test and the respec-
tive original signal. The instrumental measure comprises three
processing steps: (1) the preprocessing of the signals x(k) and
y(k), (2) the extraction of the dimension parameters, and (3)
the dimension model that estimates “noisiness” as a function of
the respective dimension parameters.

4.1. Preprocessing

The joint preprocessing of the signals x(k) and y(k) serves two
purposes: (1) the modelling of the listening situation in an audi-
tory test, and (2) the compensation of differences between both
signals that do not affect the human rating of “noisiness” in an
auditory test. Thus, the preprocessing contains the limitation of
the signal x(k) to the frequency range of the transmission sys-
tem under test and the filtering of both signals with a bandpass
filter that models the frequency response of the handset used
in the auditory test. Furthermore, a possible delay between the
signals x(k) and y(k) is eliminated and their levels are adjusted
to a common active speech level of -26 dBov. The preprocessed
speech signals are denoted as x′(k) and y′(k).

4.2. Assessment of dimension parameters

During the assessment of the dimension parameters of “nois-
iness”, the signals x′(k) and y′(k) are processed in L seg-
ments of length M (32ms). Each segment is weighted with
a Hann window, hw(κ). Subsequent segments overlap by
ΔM samples. Thus, for the segments x′w(κ, l) and y′w(κ, l),
κ = 0, 1, . . . ,M − 1 and l = 0, 1, . . . , L− 1, we have,

x′w(κ, l) = x′(κ+ l · (M −ΔM)) · hw(κ), (1a)

y′w(κ, l) = y′(κ+ l · (M −ΔM)) · hw(κ). (1b)

In the first step of the parameter assessment, a voice-activity de-
tection is performed for the signal x′(k) using a voice-activity
detector (VAD) according to [8]. The output vadx′(l) of the
VAD indicates whether the signal segment x′w(κ, l) contains
speech activity or not. It is one for segments with speech activ-
ity and zero for segments without speech activity. The result of
the VAD, vadx′(l), is used for the speech-pause classification
of both signals. Thus, vady′(l) = vadx′(l) holds.
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4.2.1. Intensity of additive noise

In our work, the additive noise nadd(k) contained in the signal
y′(k) is described by the signal y′(k) within speech pauses.

As a measure for the intensity of the estimated additive
noise bnadd(k), the noise levelNL(add) is used. It describes the
mean energy of the estimated noise and is defined in [9]. The
noise level NL(add) is calculated based on the power-density
spectum (PDS) of the signal bnadd(k). The PDS results from
averaging the periodograms Py′y′(μ, l) of segments y′w(κ, l)
without speech activity. Subsequent segments overlap by 50%.
Here, the parameter μ indicates the discrete frequencies fμ
where the PDS is evaluated:

fμ =
fS
M
· μ, (2)

with fS being the sampling frequency of the speech signals
x′(k) and y′(k). In this work, fS = 32 kHz is chosen.
Thus, every speech segment x′w(κ, l) and y′w(κ, l) contains
M = 1024 samples. The periodogram Py′y′(μ, l) of a segment
y′w(κ, l) is defined as

Py′y′(μ, l) =
1

M

˛̨̨̨
˛
M−1X
κ=0

y′w(κ, l) · e−j 2π
M

μκ

˛̨̨̨
˛
2

. (3)

The PDS bΦ(add)
bnbn (μ) of the estimated noise bnadd(k) results to

bΦ(add)
bnbn (μ) =

1

L
(p)

y′

X
{l|vady′ (l)=0}

Py′y′(μ, l). (4)

Here, the parameter L(p)

y′ gives the number of frames y′w(κ, l)
without speech activity. The level NL(add) of the estimated
noise is calculated as follows from the PDS bΦ(add)

bnbn (μ):

NL(add) = 10 · log10

0
@2·Δμ·

μ2X
μ=μ1

Φadd
bnbn (μ)·w(μ)

1
A− Pref , (5)

with Δμ = μ2 − μ1. In our work, additive noise nadd(k) can
occur - as explained in the following - in the frequency range
between 0Hz and 6 kHz. While sending-side background noise
and circuit noise are limited to the frequency range of the tele-
phone bandpass during the signal transmission, terminal noise
is only limited by the receiving-side handset. The handset used
in this work transmits significant energy at frequencies up to
6 kHz. Thus, when calculating NL(add), the PDS bΦ(add)

bnbn (μ)
is considered in the interval between the indices μ1 = 0 (0Hz)
and μ2 = 192 (6 kHz). The function w(μ) in Eq. (5) de-
notes the psophometric weighting of the PDS according to [10],
as shown in Fig. 1. The parameter Pref represents the refer-
ence level relative to which the noise level is calculated. Here,
the maximum level of a digital system with a word length of
w = 16 bit is used as reference.

0

0.5

1

0 1 2 3 4 5 6
μ · fS/(M · kHz)

w
(μ

)

Figure 1: Psophometric weighting w(μ).

4.2.2. Center of gravity of the PDS of additive noise

As a parameter for the spectral composition of the esti-
mated noise bnadd(k), the center of gravity f

(add)
G of the PDSbΦ(add)

bnbn (μ) is applied. This is calculated as follows:

f
(add)
G =

μ2P
μ1

bΦ(add)
bnbn (μ) · fμ

μ2P
μ1

bΦ(add)
bnbn (μ)

. (6)

4.2.3. Amount of signal-correlated noise

The parameter N (cor) characterizes the intensity of signal-
correlated noise contained in y′(k). This kind of noise is caused
by the signal transmission but does not rank among the types
of additive noise. Here, the measure for the amount of signal-
correlated noise results from the difference of the average mag-
nitude spectra of x′(k) and y′(k) in segments with speech ac-
tivity and the amount of additive noise in the signal y′(k).

To determine the parameter N (cor), at first, the short-time
magnitude spectra |X ′(μ, l)| and |Y ′(μ, l)| of the segments
x′w(κ, l) and y′w(κ, l) are calculated, where now subsequent
signal segments do not overlap (ΔM = 0). For the respective
short-time spectra, it holds,

|X ′(μ, l)| = |DFT{x′w(κ, l)}|, (7a)

|Y ′(μ, l)| = |DFT{y′w(κ, l)}|. (7b)

Averaging the short-time magnitude spectra |X ′(μ, l)| and
|Y ′(μ, l)| over signals segments with speech activity yields the
mean magnitude-spectra X ′(μ) and Y ′(μ):

X
′
(μ) =

1

L
(sp)
x′

X
{l|vadx′ (l)=1}

|X ′(μ, l)|, (8a)

Y
′
(μ) =

1

L
(sp)
y′

X
{l|vady′ (l)=1}

|Y ′(μ, l)|. (8b)

The parameters L(sp)
x′ and L(sp)

y′ give the number of frames with
speech activity in each signal. Here, segments without speech
activity are disregarded as signal-correlated noise impairs the
speech quality more strongly in segments with than in segments
without speech activity.

The difference of the spectra X ′(μ) and Y ′(μ) is used for
characterizing the total amount of noise, the signal transmission
has effected in the signal y′(k):

N (tr)(μ) = Y
′
(μ)−X

′
(μ). (9)

The estimated spectrum N (tr)(μ) includes both types of
noise existent in signal segments with speech activity, signal-
correlated noise and additive noise. Thus, an estimate for the
signal-correlated noise present in the signal y′(k) is determined
by subtracting an estimated spectrumN (add)(μ) of the additive
noise from the spectrum N (tr)(μ).

To allow for a comparison of the estimated additive noise
with the estimated transmission noise, the spectrum N (add)(μ)

is calculated similarly to the spectra X ′(μ) and Y
′
(μ). It is

determined by averaging the spectra |Y ′(μ, l)| over segments
y′w(κ, l) that are classified as speech pauses:

N (add)(μ) =
1

L
(p)
y′

X
{l|vady′ (l)=0}

|Y ′(μ, l)|. (10)
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In this work, the spectrum of the estimated signal-correlated
noise is defined as the difference of the spectra N (tr)(μ) and
N (add)(μ) normalized to the mean spectrum X

′
(μ):

N (cor)
spec (μ) =

N (tr)(μ)−N (add)(μ)

X
′
(μ)

. (11)

The dimension parameter N (cor) is calculated as follows
from the estimated spectrum N

(cor)
spec (μ):

N (cor)=max

 
0,

1

Δμ

μ2X
μ=μ1

N (cor)
spec (μ)

!
. (12)

In this process, only the spectral components between 3.4 kHz
(μ1 = 110) and 4 kHz (μ2 = 128) are considered. Thus, solely
the frequency range is regarded where signal-correlated noise
becomes strongly noticeable.

4.3. Dimension model

Based on the quality ratingsMOSN of the N-stimuli and these
stimuli’s values of the dimension parameters of “noisiness”, the
following model for the quality estimates of the N-stimuli is
determined by means of nonlinear least-squares regression:

M̂OSN =− 1.165− 0.073·NL(add)

dBovp
− 3.625·10−4 · f

(add)
G

kHz

− 0.819·N(cor) + 0.047·(N(cor))2.

(13)

As expected, all three parameters NL(add), f (add)
G and

N (cor) have proven to be relevant for the instrumental assess-
ment of the quality of the N-stimuli, and thus the dimension
“noisiness”. According to the quality model in Eq. (13) each
dimension parameter possesses a vectorial influence on the es-
timates M̂OSN , i. e., the less the parameter values the better
the quality. While the parameters NL(add) and f

(add)
G both

show a linear relation with the quality estimates, the parame-
ter N (cor) shows a relation pursuant to a saturation curve with
the estimates M̂OSN . This relation is modelled by means of a
quadratic function; the values of N (cor) lie left of its vertex.

5. Reliability of dimension estimates
For training the quality model in Eq. (13) all 84 N-stimuli have
been used. For these stimuli the quality estimates show a corre-
lation of ρ = 0.957 with the ratings determined in the auditory
test. The root mean-square error (RMSE) between the values
M̂OSN andMOSN is RMSE = 0.289.

Within a crossvalidation it is analyzed how reliable the
model in Eq. (13) estimates the quality of unknown test stim-
uli. Twenty different sets of training and test stimuli have been
investigated. Each set of training stimuli MTr contains 74 of
the 84 N-stimuli. The respective stimulus set MCh for check-
ing the estimator includes the remaining ten N-stimuli. Each set
MCh comprehends five stimuli of each speaker and contains at
least two stimuli with background noise, system noise (circuit
and terminal noise) and signal-correlated noise. In this study,
the estimates M̂OSN show a mean correlation of ρ = 0.962
(std. dev.: σρ = 0.020) with the results of the auditory test.
The mean RMSE between M̂OSN and MOSN is given by
RMSE = 0.351 (std. dev.: σRMSE = 0.098).

To sum up, a model according to Eq. (13) estimates the
quality of unknown test stimuli with approximately the same
reliability as for known training stimuli in case it is trained with
an adequate number of stimuli and choice of test conditions.

6. Conclusion and outlook
Our work aims at the instrumental assessment and analysis
of telephone-band speech quality based on measuring the un-
derlying perceptual dimensions “directness/frequency content”,
“noisiness”, and “continuity”. In the present paper, an instru-
mental estimator for the dimension “noisiness” was introduced.
Three parameters were defined, each describing a dimension-
relevant signal feature: the level NL(add) of additive noise and
the center of gravity f (add)

G of its PDS as well as the intensity
N (cor) of signal-correlated noise. These dimension parameters
provide the basis for an instrumental measure for “noisiness”.
Its results, the dimension estimates M̂OSN , show a correlation
of ρ > 0.95 with the respective results of auditory tests.

Due to its performance, the instrumental measure for “nois-
iness” provides a good basis for a reliable dimension-based
measure for the overall quality of telephone-band speech. While
an estimator for “directness/frequency content” has been pre-
sented in earlier work [6] , the estimator for “continuity” is
under development. In our future work, all three estimators
will be combined to form a model for a system’s MOS. Fur-
thermore, the reliability of the resulting quality model will be
compared with the reliability of other speech-quality measures
such as PESQ and TOSQA.
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