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(57) Abstract: Method and apparatus for predicting the quality of an audio signal after transmission through a communication
system (21), the method using a reference signal (11) corresponding to an input signal to the communication system, and a pro-
cessed signal (12) corresponding to an output signal from said communication system. The signals are segmented into blocks, and
e.g. three spectral parameters are calculated for each block in the processed and in the reference signal. Thereafter, the quality of
the audio signal is predicted from the distortion between these parameters.
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Audio signal quality prediction

TECHNICAL FIELD

The present invention relates to a method and an apparatus for
predicting the quality of an audio signal after transmission
through a communication system, using a reference signal
corresponding to an input signal to the communication system,
and a processed signal corresponding to an output signal from

said communication system.

BACKGROUND

In a mobile communication system, as well as in e.g. a VoIP
system, it is important to be able to predict the quality of a
speech signal after the speech signal has passed through the
system. The objective quality of an audio/speech signal after
transmission through a system can be predicted e.g. by using the
PESQ (Perceptual Evaluation of Speech Quality) or the PEAQ
(Perceptual Evaluation of Audio Quality), which both are
examples of a conventional intrusive, i.e. double-ended, methods
for audio quality prediction. An intrusive method uses both the
original signal input to a system and the distorted output
signal, which are forwarded to an audio signal quality
predicting apparatus. An intrusive audio signal quality
predicting apparatus predicts the gquality of an audio signal
after transmission through a network by comparing a reference
signal input to the system with the processed (distorted) signal
output, and it is effective across a range of networks,
including PSTN, mobile, and VoIP. The PESQ takes into account
e.g. coding distortions, errors, packet loss, delay, variable
delay and filtering, and measures the effects of distortions
such as noise, delay, and front-end clipping, in order to

provide a single Mean Opinion Score (MOS) as a quality measure.
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Thus, a reference signal, i.e. an input signal to an audio
transmission system, and a processed signal, i.e. a distorted
output of the system, may be used for predicting the quality of

an audio signal transmitted through said system.

In order to perform an intrusive, double-ended, audio signal
quality prediction, the terminal arranged to perform the
prediction is normally connected to two different points of the
system, one point for insertion of the reference signal and one
for receiving the processed signal. A possible connection point

is e.g. a mobile phone, a Media Gateway, or a VoIP Gateway.

Figure 2 is a block diagram illustrating a conventional
apparatus 25 for estimation the quality of an audio signal, e.qg.
a speech signal, after transmission through a communication
system 21, from a reference signal and a processed signal. A
synchronization in time of the reference signal and the
processed signal is performed by a time aligning device 22, an
extraction of the features in the signals related to gquality
variations is performed by a feature extracting device 23, and a
quality estimation is produced by combining the extracted

features in the quality predicting device 24.

The synchronization in time, i.e. the time-alignment, between
the reference signal and the processed signal in the time
aligning device 22 in figure 2 is required due to the fact that
a delay is typically introduced in the processed signal, e.g. by
a VoIP system, by a low-bitrate parametric coder, not
synchronized clocks, and by changes in the sampling rate. Even
though the human perception of the audio quality normally is
unaffected by small delays, the signals have to be synchronized
before the extraction of the features, in order to obtain an

objective estimation of the audio signal quality.
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The feature extracting device 23 in figure 2 performs an
extraction of the features in both signals, and figure 1
illustrates a conventional feature extraction scheme from a
reference signal 11 and a processed signal 12. Vectors with
spectral information are extracted from both signals on block
basis, and the distance between the vectors is a measure of the
local distortion. In the feature extraction, a sequence of
typically 8-12 sec from the reference signal and of the
processed signal is segmented into short blocks, each block
having a length of typically 20-40ms. The waveform of each
signal block is transformed to the frequency domain, and the
frequency domain blocks are, in turn, transformed to the power
spectrum. Further, the frequency domain vector may be converted
to the perceptual domain, through frequency warping of the Herz-

scale to Bark or Mel scales, followed by a compression to obtain
loudness density. Thereafter, the local distortion D, 16, at a

block with index n, is calculated in 15 as the distance between
the frequency representation 13 of the reference signal and the
frequency representation 14 of the processed signal, related to
e.g. the excitation pattern and the loudness density, the

calculation described e.g. according to equation (1) below:
D, = f(F/ (w) - P/ (®)) (1)

Hereinafter, the index r indicates a reference signal, the index
p indicates the processed signal, and the index n indicates a

particular block.

The function f in equation (1) performs and aggregation over the

frequency bins w, and calculates a vector distance, which may

include an Ip norm and/or sign difference.

In the quality predicting device 24 in figure 2, a signal

quality value, Q, is determined from a calculated aggregation,
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e.g. by an Ip norm, of the per-block distortions, D,, according

to equation (2) below:
N
—| 4 p
D= WZDn ()

Since a lower distortion leads to a higher quality, the audio
signal quality value indicated by the quality wvalue, Q, is

inversely proportional to the aggregated distortion, D.

However, the above-described conventional quality estimating
device 25 has several drawbacks. One drawback is that it is very
sensitive to errors in the time-alignment between the reference
signal and the processed signal, and the calculated difference
between the two power spectrum vectors, as illustrated in Fig.
1, will have a large error if the spectrum vectors are not
perfectly synchronized in time. Since the processed signal could
be heavily distorted due to e.g. a low bitrate codec, en error
in the time-alignment presents a problem in objective audio
signal quality estimation using a reference and a processes

signal.

Further, even though the human auditory system compensates for
moderate differences in pitch and timbre, the subtraction of the
two spectrum vectors is not able to capture these natural speech
variations. An additional drawback is that since the speech
signal is a quasi-stationary, the spectral characteristics can
be extracted only on short-time basis, e.g. up to 40 ms.
However, it may be desirable to calculate the distortion with a
different resolution, using larger signal segment, e.g. with a
length of 300 ms, which is not possible using this conventional

quality estimation device.
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SUMMARY

The object of the present invention is to address the problem
outlined above, and this object and others are achieved by the
method and the arrangement according to the appended independent
claims, and by the embodiments according to the dependent

claims.

According to one aspect, the invention provides a method for
predicting the quality of an audio signal after transmission
through a communication system. The method uses a reference
signal corregponding to an input signal to the communication
system, and a processed signal corresponding to an output signal
from said communication system. The method comprises the steps
of:

- Segmenting the reference signal and the processed signal

into at least two first blocks having a pre-determined

length;

- Calculating a number of different spectral parameters

representing spectral properties of the signal for each of

said first blocks, the number of spectral parameters being at

least two;

- For each of the first blocks, calculating a distortion

between each calculated spectral parameter of the reference

signal and the corresponding calculated spectral parameter of

the processed signal;

- Calculating an aggregated value of said distortions for a

number of different time-displacements between the reference

signal and the processed signal;

- Determining a first quality value of the audio signal from

a minimum aggregated value of the distortions at an optimal

time-displacement.
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The quality indicated by the determined first quality value may
be inversely proportional to the minimum aggregated value of the

distortions, and the number of parameters may be egqual to three.

One of said spectral parameters may represent a spectral
flatness, which indicates the resonant structure of the power
spectrum, one of the spectral parameters may represent the
normalized transition rate of RMSE, which indicates the rate of
signal energy change, and one of said spectral parameters may
represent the spectral centroid, which indicates the frequency

around which the signal power is concentrated.

The method may comprise the further steps of:
- Segmenting the reference signal and the processed signal
into at least one second block, each second block containing
a pre-determined number of said first blocks;
- For each of the second blocks, calculating a second
parameter from each of the spectral parameters calculated for
each of the first blocks contained in the second block, and
calculating a distortion between each second parameter of the
reference signal and the corresponding second parameter of
the processed signal, at said optimal time displacement;
- Determining a second quality wvalue from an aggregated value

of the calculated distortions.

The second quality value may be inversely proportional to the

aggregated value of the distortions.

Further, a total quality value of the audio signal may be
determined by combining the first quality value with the second

quality value, e.g. by an addition with different weight.

The calculation of said second parameters may comprise a

determination of the means, the variance, or the skew of the
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spectral parameters calculated for the first blocks contained in

the second blocks.

According to a second aspect, the invention provides an
apparatus for predicting the quality of an audio signal
transmitted through a communication system by using a reference
signal corresgponding to an input signal to said communication
system, and a processed signal corresponding to a distorted
output signal from the communication system. The apparatus
comprises signal segmenting means for segmenting the reference
signal and the processed signal into at least two first blocks
having a pre-determined length; spectral parameter calculating
means for calculating at least two spectral parameters for each
of said first blocks, each spectral parameter representing a
different spectral property of the signal; distortion
calculating means for calculating the distortion between each
spectral parameter of the reference signal and the corresponding
spectral parameter of the processed signal, for each of the
first blocks; aggregation calculating means for calculating an
aggregated value of said calculated distortions at a number of
different time-displacements between the reference signal and
the processed signal, and first quality determining means for
determining a first quality value of the audio signal from a
minimum aggregated value of the distortions at an optimal time-

displacement.

The apparatus may further comprise means for determining a
second quality value, said means comprising second segmenting
means for segmenting the reference signal and the processed
signal into at least one second block, each second block
containing a pre-determined number of said first blocks; second
parameter calculating means for calculating a second parameter
from each of the spectral parameters calculated for each of the

first blocks contained in the second blocks; second distortion



WO 2010/086020 PCT/EP2009/051054

calculating means for calculating a distortion between each
second parameter of the reference signal and the corresponding
second parameter of the processed signal for each of the second
blocks, at said optimal time-displacement; and second quality
determining means for determining a second quality value from an

aggregated value of the calculated distortions.

The apparatus may be arranged to be connected to two points of
the communication system, one for insertion of the reference

signal and one for receiving the distorted processed signal.

BRIEF DESCRIPTION OF THE DRAWINGS
The present invention will now be described in more detail, and

with reference to the accompanying drawings, in which:

- Figure 1 illustrates a conventional feature extraction scheme
for a reference signal and a processed signal;

- Figure 2 illustrates a conventional apparatus for predicting
the quality of an audio signal;

- Figure 3 illustrates a parameter extracting scheme according
to an exemplary embodiment of the present invention;

- Figure 4 illustrates audio signal quality prediction,
according to the basic idea of this invention;

- Figure 5 is a flow diagram illustrating a method for
predicting the quality of an audio signal, according to a
first exemplary embodiment of this invention;

- Figure 6 is a flow diagram illustrating the additional steps
of predicting the quality of an audio signal, according to a
second exemplary embodiment of this invention;

- Figure 7 is an apparatus for predicting the quality of an
audio signal, according to a first exemplary embodiment of

this invention;
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DETATILED DESCRIPTION

In the following description, the invention will be described in
more detail with reference to <certain embodiments and to
accompanying drawings. For purposes of explanation and not
limitation, specific details are set forth, such as particular
scenarios, techniques, etc., 1in order to provide a thorough
understanding of the present invention. However, 1t 1s apparent
to one skilled in the art that the present invention may be
practised in other embodiments that depart from these specific

details.

Moreover, those skilled in the art will appreciate that the
functions and means explained herein below may be implemented
using software functioning in conjunction with a programmed
microprocessor or general purpose computer, and/or using an
application specific integrated circuit (ASIC). It will also be
appreciated that while the current invention 1s primarily
described in the form of methods and devices, the invention may
also be embodied in a computer program product as well as in a
system comprising a computer processor and a memory coupled to
the processor, wherein the memory is encoded with one or more

programs that may perform the functions disclosed herein.

According to the basic concept to this invention, the predicted
quality of an audio signal transmitted through a system is based
on the distortion between a small number of spectral parameters
representing the signal spectrum of the distorted processed
signal, and the same spectral parameters representing the signal
spectrum of the input reference signal. Further, the time
synchronization between the reference signal and the processed
signal is performed jointly with the calculation of the
distortion. Thereby, the quality prediction is less sensitive
for synchronization errors, and the distortions can be

calculated on different time scales.
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More specifically, a sequence of the reference signal, i.e. a
signal input to a communication system, and the processed
signal, i.e. the output signal from the communication system,
are each segmented into a number of small-scale first blocks
having a pre-determined length, typically 20-40 msec, and the
length of the signal sequences are typically 8-12 sec.
Optionally, the signal waveform can be transformed into a

frequency domain, and expressed as a power spectrum.

Two or more, and typically three, different spectral parameters
representing different spectral properties of the signals are
calculated for each block of the reference signal and of the
processed signal. The number of spectral parameters should be
low, and significantly lower than the number of frequency bins,

but may obviously be more than three, such as e.g. four or five.

Thereafter, the distortion of the processed signal is determined
by calculating the difference between each spectral parameter of
each of the first blocks in the sequence of the processed signal

and the same spectral parameter in the corresponding block of
the reference signal. Next, a local distortion, D,, is

determined for each block from these differences, and the local
distortions are aggregated. A smaller value of the aggregated
local per-block distortion indicates that the transmission
through the communication system will cause less distortion of
an audio signal, i.e. a higher quality can be predicted.
Accordingly, a value of the guality is determined from the
aggregated local distortion, such that the quality indicated by
a predicted quality value is inversely proportional to the size

of the aggregated local distortion.

Further, the synchronization in time between the reference

signal and the processed signal is performed jointly with the
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calculation of the aggregation of the distortions, by
calculating each local distortion, and the aggregation of the
local distortion, at a number of different time-displacements,
m, between the reference signal and the processed signal.
Thereby, an optimal time-displacement could be determined by
selecting the minimum of the calculated aggregated local
distortions, and determining the quality value from this minimum

of the aggregated distortions.

Figure 3 is a block diagram illustrating the calculation of a
local distortion for a first block with index n, according to an
exemplary embodiment of this invention. A sequence of the
reference signal 11 and of the processed signal 12 are both
segmented into a number of first blocks, and the signal waveform
of first block n of the reference signal is transformed into a
power spectrum 13 in the frequency domain, and the signal
waveform of block n of the processed signal is transformed into
a power spectrum 14 in the frequency domain. Thereafter, three
spectral parameters 31 are calculated for first block n in the
reference signal, and the same spectral parameters 32 are
calculated for the block in the processed signal. However,
according to an alternative embodiment, the spectral parameters
are derived directly from the signal waveform, without
transforming the signal waveform to a power spectrum. Further,

the difference 33 between each of the spectral parameters is
calculated, and the local distortion 34, D,, is determined for

block n from these differences.

Figure 4 illustrates an audio quality predicting apparatus 42,
according to the basic idea of this invention, of an audio
signal transmitted through a communication system 21. A suitable
low number of different spectral parameters, e.g. three spectral
parameters, are calculated from the spectral properties of the

blocks of the reference signal and of the processed signal by a
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parameter extracting device 23, and the synchronization in time
and an aggregation of calculated local distortions are performed
jointly in a time-aligning and quality predicting device 41,

providing a value of the quality, Q, at the output.

According to this invention, every first block, having a length
of e.g. 20 ms, of the reference signal and the processed signal
are described with at least two, but preferably three, different
spectral parameters, in contrast to a conventional frequency
representation description, according to which such a block
could described with e.g. 128 components. According to an
exemplary embodiment of this invention, suitable spectral
parameters for describing each block comprises the spectral
flatness, the normalized transition rate of RMSE, and the

spectral centroid.

The spectral parameter representing the spectral flatness of the
block measures the amount of resonant structure in the power
spectrum, e.g. according to equation (3) below, and a deviation
in this parameter is related to coding distortions and an

additive background noise.

exp( Y log(P()))
@ — w=l1

W
0=

i ) P(®) ¥

1

The spectral parameter representing the normalized transition
rate of RMSE indicates the rate of the signal energy change,
e.g. according to equation (4) below, and a deviation in this

parameter is related to e.g. gain errors and signal mutes.
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The spectral parameter representing the spectral centroid
indicates the frequency around which most of the signal energy
is concentrated, e.g. according to equation (5) below, and a
deviation in this parameter is related to a loss of bandwidth
and an additive background noise. Since the spectral centroid is
related to the spectrum tilt, the spectral centroid can be
approximated as the coefficient in the first-order linear-

prediction analysis.

im.P(w)

C="7 (5)
) P(w)
®=1

The above-described exemplary parameters, and in particular the
spectral flatness and the normalized transition rate of the
RMSE, represent meaningful dimensions of a block of an audio
signal, such as the resonant structure, the perceived
brightness, and the energy changes, and the parametric
representation is easy to associate with a particular
distortion. Further, the spectral parameters are robust to
errors in time-alignment and formant displacement, since they do
not require that the frequency bins of the reference signal and

the processed signal are perfectly positioned.

The local distortion, D,, for a first block with index n, which

is calculated from the differences between each spectral

parameters of the block in the processed signal and the spectral
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parameters in the corresponding block in the reference signal,

can be expressed e.g. according to the equation (6) below:
— r_ p r_mpr r_gp

According to a first embodiment of this invention, the
synchronization in time of the processed signal and the

reference signal is performed jointly with the calculation of
the aggregation of the local distortions, Dp, by calculating

each local distortion, as well as the aggregation of the local
distortion, at a number of different time-displacements, m,
between the reference signal and the processed signal. Thereby,
an optimal time-displacement can be determined by selecting the
minimum of the calculated aggregated local distortions, and
determining the quality wvalue from this minimum of the

distortions.

The calculation of the local distortion for first block n, at
time displacement m can be expressed e.g. by the equation (7)

below:

D,, =g®,-®,,.C,-C]

n+m? n+m?

E;: —E/ ) (7)

n+m

Thereafter, the local distortions are aggregated at different m,

e.g. as an Ip norm according to equation (8):

N
1/
D= (%7}£:<[)im) g (8)
n=1

The quality is predicted from the minimum aggregated value of

the local distortions, at an optimal time-displacement, at which
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the processed signal is time-aligned with the reference signal.
According to an embodiment of this invention, the predicted
quality is indicated by a selected suitable quality value. The
quality indicated by the quality value is inversely proportional
to the aggregated local distortions, since a comparatively small
distortion of the audio signal means that the predicted quality

of the audio signal is comparatively high.

Ed
The optimal time displacement M can be calculated e.g. according

to equation (9):
* 1
m —argmln ZD” I

Figure 5 is a flow diagram illustrating a method for predicting
the quality of an audio signal, according to a first exemplary
embodiment of this invention. In step 51, the reference signal
and the processed signal are segmented into a number of first
blocks having a length of e.g. 20-40 ms, and in step 52, e.q.
three different spectral parameters are calculated for each of
the first blocks in the processed signal and in the reference
signal. The spectral parameters are at least two, and suitable
spectral parameters are e.g. the spectral flatness, the spectral

centroid and the normalized transitions rate of RMSE, as
described above. In step 53, the local distortion, Dp, is

calculated for each of the first blocks from the difference
between each spectral parameter in the block of the processed
output signal and in the corresponding block of the input
reference signal, in order to determine the distortion of the
audio signal during the transmission through the communication
system. Next, in step 54, the processed signal is synchronized

in time with the reference signal by a calculation of an
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aggregated value, e.g. as an Ip norm, of the local distortions

in each block at different time-displacements, m, between the
processed signal and the reference signal. The predicted first
quality value is determined, in step 55, from the minimum of the

aggregated local distortions, at the optimal time-displacement,

&
mM , between the processed signal and the reference signal.

In the prediction of the first quality value, as illustrated in
figure 5, the spectral parameters and the local distortion are
calculated for fixed small-scale blocks, e.g. with a length of
20 ms. However, according to a second embodiment of this
invention, the distortions can be obtained at a larger scale, as
well, through calculating second parameters as statistic values
from the calculated spectral parameters of the first blocks

located within a larger-scale second block.

Thus, according to a second embodiment of this invention, said
second parameters are obtained by calculating e.g. the mean, the
variance, the skew, or a certain quintile of from the spectral
parameters calculated for the first blocks located within the
larger-scale second block. Thereby, the second parameters
indicated in equation (10), (11) and (12) below are obtained for
the larger-scale second block with index B of the reference
signal, the larger-scale second block containing a pre-

determined number of small-scale first blocks:

@ A D, 5 oD (10)
G5\ ,CLpt —C (11)
{E, 5\ E, 5} > Ey (12)
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Obviously, the corresponding second parameters are also obtained
for the processed signal. The local distortion, Dg, for this

large-scale second block B is calculated from the difference
between the second parameters in this larger-scale second block
in the processed signal and the corresponding larger-scale
second block in the reference signal, e.g. according to the

equation (13) below:

Dy =g(®y -, C, —Cy L E;—EY) (13)

According to a further embodiment of this invention, the total

quality of an audio signal sequence having a length of e.g.

between 8 and 12 seconds is predicted from the combination of Dj

and Dp distortions. D, always describes the local distortion in

the small-scale first blocks, which have as fixed length.

However, a larger-scale second block, indicated by index B, has
a length corresponding to at least two of the first blocks, i.e.
a length between two small-scale blocks and the total length of

the signal sequence.

The total quality is predicted as a linear combination between
quality predictions determined from the distortions with
different resolution, i.e. the small-scale local distortions and

the larger-scale distortions are aggregated independently.

Accordingly, a first quality value, Q1 is determined from an
aggregation of the small-scale local distortions, D, , and a
second quality value, Q», is determined from an aggregation of
the large-scale distortions, Dg . Thereafter, the first quality

value Q71 and the second quality value Qp are combined to form
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the total quality value Qtot, e.g. according to equation (14)

below:

Qior = k1 O1 + ky QO (14)

If ki1 = ks, in equation (14), the first quality value and the

second quality value are added with the same weight. However,
according to a further embodiment, the first quality value and

the second quality wvalue are added with different weight, and
the different weights are indicated by k1 #* kz in (14) above.

For example, the second quality value predicted from larger-
scale blocks with index B could be given a higher weight in the
predicted total quality value when a specific distortion is
detected, since some distortion are more easily describes with
larger-scale parameters, such as e.g. additive background noise,
bandwidth limitations and the energy loss in larger signal
segments. Therefore, it may be advantageous to give the second

large-scale quality value a higher weight in the total quality

value, and in this case ki < k» in equation (14) above.

Figure 6 is a flow diagram illustrating the additional steps of
predicting a second, larger-scale gquality of an audio signal,
according to a second exemplary embodiment of this invention,
which is performed after the steps illustrated in figure 5. In
step 61, the sequence of the processed signal and of the
reference signal are segmented into one or more second blocks,
of which each of the second blocks contains two or more of the
small-scale first blocks. In step 62, a second parameter is
calculated statistically from each of the spectral parameters of
the first blocks contained in the larger-scale second block in

the processed signal and in the reference signal, at the optimal

Ed
time displacement M , and the second parameters are calculated
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e.g. as the mean, variance or medium value of the first
parameters. Thereafter, in step 63, the difference is calculated
between each second parameter of the block in the processed
signal distortion and the same second parameter in the

corresponding block of the reference signal, and a local
distortion, E@, is calculated for each of the second blocks,
e.g. according to equation (13) above. Next, in step 64, a

second larger-scale quality value, Qz, is predicted from the

aggregated local distortion, and the quality indicated by the

selected second quality value is inversely proportional to the

aggregated local distortions D.

According to this invention, the spectral features can be
extracted from the reference signal and from the processed
signals without performing any synchronization. Instead, the
synchronization can be performed jointly with the determination
of the aggregated distortions. Thereby, the invention achieves a
low-complexity perceptual time-alignment, which is superior to
conventional waveform synchronization, as well as enabling a
prediction of the distortion at different time resolution, i.e.
different scales, thus improving the accuracy and flexibility of

the quality prediction.

Figure 7 is an apparatus 42 for predicting the quality of an
audio signal, according to a first exemplary embodiment. The
apparatus comprises signal segmenting means 71 for segmenting a
sequence of the reference signal and of the processed signal
into a number of first blocks having a length of 20-40 ms.
Further, the apparatus comprises spectral parameter calculating
means 72 for calculating e.g. three different spectral parameter
for each of the first blocks, each spectral parameter
representing a different spectral property of the block. The

difference between each spectral parameter in each block of the
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processed signal and the spectral parameter in the corresponding

block of the reference signal is calculated by the distortion
calculating means, 73, and a local distortion D, is calculated

for each of the first blocks, based on these differences. The

local distortions in the blocks of the sequences are aggregated
by the aggregation calculating means, 74, e.g. as an Ip—norm,

and a first quality value is predicted by the first quality
predicting means, 75, such that the quality indicated by the
first quality value is inversely proportional to the aggregated

local distortions.

It should be noted that the means illustrated in figure 7 may be
implemented by physical or logical entities using software
functioning in conjunction with a programmed microprocessor or
general purpose computer, and/or using an application specific

integrated circuit (ASIC).

According to a second exemplary embodiment, the apparatus is
further provided with means for determining a second quality
value, which is calculated at a larger scale. These means
comprises the following:

- Second segmenting means for segmenting the reference signal
and the processed signal into one or more second blocks, each
second block being larger than said first blocks, and each
second block containing a pre-determined number, i.e. two or
more, of the first blocks;

- Second parameter calculating means for calculating a second
parameter from each of the spectral parameters calculated for
each of the first small-scale blocks contained in a second,
larger-scale block;

- Second distortion calculating means for calculating a
distortion between each second parameter of the reference signal

and the corresponding second parameter of the processed signal,
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&
at the optimal time-displacement M between the processed signal

and the reference signal, and determining a local distortion for
each second block;

- Second quality determining means for determining a second
quality value from an aggregated value of the calculated local

distortions.

According to a further exemplary embodiment, the apparatus
comprises means for determining a total quality of the audio
signal, by combining the first quality value with the second

quality value, e.g. with different weight.

According to a still further embodiment, the apparatus is
arranged to be connected to two different points of the
communication system, one for insertion of the reference signal
and one for receiving the distorted processed signal. A possible
connection point is e.g. a mobile phone, a Media Gateway, or a

VolP Gateway.

Further, the above mentioned and described embodiments are only
given as examples and should not be limiting to the present
invention. Other solutions, uses, objectives, and functions
within the scope of the invention as claimed in the accompanying
patent claims should be apparent for the person skilled in the

art.

ABBREVIATIONS

RMSE - Root Mean Sqguared Error

VoIP - Voice Over Internet Protocol

n — block index for the first blocks, i.e. the 20 - 40 ms small-
scale blocks

B - block index for the second larger-scale blocks, each
containing two or more of the first smaller-scale blocks

N - the number of blocks in the signal sequence
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w — frequency bin index, inside one block
r - parameter associated with the reference signal

p - parameter associated with the processed signal
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CLAIMS

1. A method of predicting the quality of an audio signal after
transmission through a communication system, the method using a
reference signal corresponding to an input signal to the
communication system, and a processed signal corresponding to an
output signal from said communication system, characterized by
the following steps:

- Segmenting (51) the reference signal and the processed

signal into at least two first blocks having a pre-determined

length;

- Calculating (52) a number of different spectral parameters

representing spectral properties of the signal for each of

said first blocks, the number of spectral parameters being at

least two;

- For each of said first blocks, calculating (53) a

distortion between each calculated spectral parameter of the

reference signal and the corresponding calculated spectral

parameter of the processed signal;

- Calculating (54) an aggregated value of said distortions

for a number of different time-displacements between the

reference signal and the processed signal;

- Determining (55) a first quality wvalue of the audio signal

from a minimum aggregated value of the distortions at an

optimal time-displacement.

2. A method according to claim 1, wherein the quality indicated
by the determined first quality value is inversely proportional

to the minimum aggregated value of the distortions.

3. A method according to claim 1 or 2, wherein the number of

spectral parameters is equal to three.
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4. A method according to any of the preceding claims, wherein
one of said spectral parameters represents a spectral flatness,

which indicates the resonant structure of the power spectrum.

5. A method according to any of the preceding claims, wherein
one of said spectral parameters represents the normalized
transition rate of RMSE, which indicates the rate of signal

energy change.

6. A method according to any of the preceding claims, wherein
one of said spectral parameters represents the spectral
centroid, which indicates the frequency around which the signal

power is concentrated.

7. A method according to any of the preceding claims, the method
comprising the further steps of:
- Segmenting (61) the reference signal and the processed
signal into at least one second block, each second block
containing a pre-determined number of the first blocks;
- For each of the second blocks, calculating (62) a second
parameter from each of the spectral parameters calculated for
each of the first blocks contained in the second block, and
calculating (63) a distortion between each second parameter
of the reference signal and the corresponding second
parameter of the processed signal, at said optimal time
displacement;
- Determining (64) a second quality value from an aggregated

value of the calculated distortions.

8. A method according to claim 7, wherein a determined second
quality value is inversely proportional to the aggregated value

of the distortions.
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9. A method according to claim 7 or 8, comprising the further
step of determining a total quality value of the audio signal by
combining a determined first quality value with a determined

second quality value.

10. A method according to claim 9, wherein the values of the
first quality and the second quality are combined by addition

with different weight.

11. A method according to any of the claims 7 - 10, wherein the
calculation of said second parameters comprises determining the
means, the variance, or the skew of the spectral parameters

calculated for the first blocks contained in the second blocks.

12. An apparatus (42) for predicting the quality of an audio
signal transmitted through a communication system by using a
reference signal (11) corresponding to an input signal to said
communication system, and a processed signal (12) corresponding
to a distorted output signal from the communication system, the
apparatus characterized in that it comprises:

- Signal segmenting means (71) for segmenting the reference

signal and the processed signal into at least two first

blocks having a pre-determined length;

- Parameter calculating means (72) for calculating at least

two spectral parameters for each of the first blocks, each

spectral parameter representing a different spectral property

of the signal;

- Distortion calculating means (73) for calculating the

distortion between each spectral parameter of the reference

signal and the corresponding spectral parameter of the

processed signal, for each of the first blocks;

- Aggregation calculating means (74) for calculating an

aggregated value of said calculated distortions at a number



10

15

20

25

30

WO 2010/086020 PCT/EP2009/051054
26

of different time-displacements between the reference signal
and the processed signal;

- First quality determining means (75) for determining a
first quality value of the audio signal from a minimum
aggregated value of the distortions at an optimal time-

displacement.

13. An apparatus according to claim 12, wherein the gquality
indicated by the determined first gquality value is inversely
proportional to said minimum aggregated value of the

distortions.

14. An apparatus according to claim 12 or 13, wherein the number

of spectral parameters is equal to three.

15. An apparatus according to any of the claims 12 - 14, wherein
one of said spectral parameters represents the spectral
flatness, which indicates the resonant structure of the power

spectrum.

16. An apparatus according to any of the claims 12 - 15, wherein
one of said spectral parameters represents the normalized
transition rate of RMSE, which indicates the rate of the signal

energy change.

17. An apparatus according to any of the claims 12 - 16, wherein
one of said spectral parameters represents the spectral
centroid, which indicates the frequency around which the signal

power is concentrated.

18. An apparatus according to any of the claims 12 - 17, further
comprising means for determining a second quality value, the

means characterized by:



10

15

20

25

30

WO 2010/086020 PCT/EP2009/051054
27

- Second segmenting means for segmenting the reference signal
(11) and the processed signal (12) into at least one second
block, each second block containing a pre-determined number
of the first blocks;

- Second parameter calculating means for calculating a second
parameter from each of the spectral parameters calculated for
each of the first blocks contained in the second blocks;

- Second distortion calculating means for calculating a
distortion between each second parameter of the reference
signal and the corresponding second parameter of the
processed signal for each block, at said optimal time-
displacement;

- Second quality determining means for determining a second
quality value from an aggregated value of the calculated

distortions.

19. An apparatus according to claim 18, wherein a determined
second quality value is inversely proportional the aggregated

value of the distortions.

20. An apparatus according to claim 18 or 19, further comprising
quality determining means for determining a total quality of the
audio signal by combining the first quality value with the

second quality value.

21. An apparatus according to claim 20, wherein the first
quality value and the second quality value are combined by an

addition with different weight.

22. An apparatus according to any of the claims 18 - 21, wherein
the calculation of the second parameters comprises determining
the means, the variance, or the skew of the spectral parameters

calculated for the first blocks contained in a second block.
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23. An apparatus according to any of the claims 11 - 22, wherein
the apparatus is arranged to be connected to two points of the
communication system, one for insertion of the reference signal

and one for receiving the distorted processed signal.
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