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Abstract —The paper proposes a metrological analysis fiectieg the test signals to be used with a
method for the automatic classification of impaintsein VolP telecommunication systems. The
method is able to identify the VolP network impaémis which decrease voice quality, by analyzing
the power of a test signal during the call. Teghals, considered in this work, comprise speeah-lik
signals, non- speech-like deterministic signals aod- speech-like stochastic signals, taken either
from standard specifications or from literature grgpon voice quality assessment. In order to etalua
the optimal test signals, two network emulatorsehlaeen used to add the impairments in a controlled
test network. The selected test signals improveifsigntly the method performance in terms of
classification success rate and test duration.

I. Introduction

In the last years, the telecommunication markewdving from traditional telephone networks to the
Voice over IP (VoIP) technology. VoIP systems amyvattractive to broadband communication
service providers. The use of the same networkdare and data services allows providers to save on
equipment, operation and maintenance costs. More®@P offers important opportunities for the
telecommunications market to deploy more advanegdices. The creation of new services like
voicemail, conference, instant messaging, presiemieation, and so on, is made easy by migrating to
IP-based converged networks.

On the other hand, IP networks are not designechtry voice traffic. The main concern of VolP
networks is in achieving a voice quality which mmparable with the traditional telephone service,
even if the network does not guarantee a real-taeteavior. In order to have an acceptable voice
quality, transmission of voice traffic demands cétriequirements on packet loss, delay, and jitter,
which are even more challenging in presence ofrathétiple data streams in the network [1]. Service
providers need to constantly monitor their netwoiiksdetect service quality degradation and take
corrective actions to ensure an acceptable qudiignce, it becomes essential to understand the
contribution of IP network impairments on the voielity [2].

Evaluating the QoS of a VolP system means to egtinlae end user call quality perception.
Algorithms such as MOS (Mean Opinion Score) [3kdthon sensorial classification and conversation
opinion scale of the voice quality, and objectilgoaithms, such as PSQM (Perceptual Speech Quality
Measurement) [4], PESQ (Perceptual Evaluation ofeSp Quality) [5], and PAMS (Perceptual
Analysis Measurement System) [6], estimate theevqgigality but do not give any information about
the related network impairments that cause theevgility degradation.

On the other side, some objective techniques et on the state analysis of the IP network,oely
models to map the network performance parametetsetoser perception of voice quality. By means
of such techniques, for example, router statistitqueuing delay for the voice packets are used to
obtain a voice quality evaluation. However, thggareaches strongly depend on the accuracy of cample
cognitive models, as they do not perform an arsljisectly on the voice signal at the receiver.side

In [8] and [9], a novel impairment classificationethod has been suggested. It allows retrieving the
causes of the voice degradation in an IP netwarlpedoforming measurements on the power loss of the
voice test signal at the receiver side. The meitiextifies the causes of voice quality degradaitioan
objective way without relying on complex modelsredily from the received signal waveform.
Therefore it takes in account all the possible impents between the end sides of a VolP
communication channel instead of analyzing onlydaia traffic statistics.
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The method has been implemented in a VolP gatewayder to allow the service provider to execute
tests directly from the central office.

The paper presents an experimental research ofmthst suitable test signals to be used with the
method reported in [8]. Some test signals have lmatyzed in order to select those which guarantee
the best classification rate of the impairmentse Thpairments have been added in a controlled test
environment by means of two network emulatorsydento value the correctness of the estimates.

The paper is organized as follows: Section Il decttie VolP impairment classification method,
Section Ill deals with the selection of the tegnsils considered for the impairment classification
method. Finally, in Section IV, the results abdie tise of the different signals are reported.
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II. Impairment classification method

The voice quality perceived by a user of a VolPramtion may suffer from three main types of time-
varying degradation: (i) random packet loss, (ighhvalue jitter, and (iii) network congestion [10]
Random packet loss determines a signal degraddtierto temporary network conditions, when the
packet is not received or it is discarded by théPVdevice. Jitter, which is defined as the standard
deviation of the delay, is caused primarily by doguand processing delays of IP packets, along a
transmission path. Usually, a VolP gateway hasfieibto smooth out the jitter. However, when severe
jitter happens, which causes an accumulation okgiadn the buffer, a number of packets will be
dropped to re-synchronize the transmission. Networigestion leads to periodic packet losses, due to
the continuous filling and emptying of the netwaldvice tails.

In [8] and [9], it has been shown that the presefdbese impairments can be detected by analyzing
the power loss distribution of a test signal onrbeeiver side. In fact, the power loss is coreglab

the specific network impairment, which affects th@nsmission path. The classification instrument
consists of an analyzer unit, at the receiver sid@ich compares the received test signal with its
original copy, which has been previously storedha memory (Fig.1). A comparison between the
power levels of the two signals discriminates thtural voice silence from the silences due tdketsc
loss. Then, a matching patterim] is determined: for each sampi®f the received signal[n] is O if

the samplen belongs to a power loss interval, ahdotherwise. A histogramy of the power loss
interval durations is calculated frorjn]. Then, the joint probability?(00), which expresses the
dependence between the power losses in consetiotzéntervals, is estimated by the equation (1):

P(OO):ihi i 1) I

Finally, the maximum valueM of the fast Fourier % O /,:I—;‘)
transform of the sequenegfn) is calculated. The network — **® M g
impairment is finally classified by comparing that@ined = *** - g

values ofM and P(00) with two thresholds, determined 1000% ™ _-_!ﬁer

from an experimental calibration phase, which adldhe 5°°<W, et los

system to mark (i) random packet loss, (ii) highsea °(‘) i 02 03 01 o5 oe

jitter, and (i) network congestion, as shown ig.R. oo
) Fig. 2. The obtained values P(00) and
1. Test signals M are compared with detection

. . , thresholds determined experimentally.
The choice of a suitable test signal could be eéffdr the
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correct use of the VolP impairment classificatioathhod [8]. A proper test signal could enhance the
impairment classification method, allowing to obtaf more accurate determination of robust
classification thresholds and, therefore, to inseeiie classification success rate while minimizirg
duration of the measurements.

An optimal test signal will provide quality testivgthout depending on the characteristics of actual
speech. The candidate test signals have to betadgbeand should not influence the network undsr te
in order to generate reliable and comparable estiist signals, already used for detailed evalosati

in the field of Voice Quality Measurement (VQM) 5-in telecommunication networks, have been
analyzed, in order to select the optimal test $gfta the impairment classification method.

Traditional test signals are classified into speldah (voice) signals and non-speech-like (fully
artificial) signals. Moreover, the artificial onage divided into deterministic and random signafy.[
Deterministic signals can be defined by a formutactv fully describes the signal in time or frequgnc
domain, while random or stochastic test signalsehavbe defined by a probability density function
(pdf) or a Power Spectral Density (PSD).

In order to select the test optimal signals theepg@poposes a comparative analysis using: (i) taro-n
speech-like stochastic signals, such as white randoise, pink random noise, suggested by ITU-T
P.501 [11], (ii) two non-speech-like determinisignals: the optimized multi-sine and the chirmalg

(i) a natural voice signal suggested by the ITURTB62 [5], and (iv) a composite source signal,
suggested by ITU-T P.501 [11], for the speech-titegory.

A. Non-speech-like stochastic signals

Random or stochastic signals are typically used fad linear time invariant systems to determine
broadband levels or levels in fractal octave balrdaddition, these signals may be used to determin
the transfer characteristics in the frequency dansaich as frequency response or loudness ratings.
This paper investigates the use of white and pioikenas test signals to classify the VolP network
impairments. White noise is a signal with a flatvpo spectral density; instead, the pink noise has a
frequency spectrum such that the power spectraitgen proportional to the reciprocal of the frequay.

B. Non-speech-like deterministic signals

Two signals belonging to this class have been densd in the performed analysis. They are the
optimized multi-sine and the chirp signal.

In [12] it has been demonstrated the effectivelméshe multi-sine signal in the case of VQM. Multi-
sine signal [12] is easy to generate. It is the sfisine waves characterized by (i) assigned aogsit

(i) assigned spaced frequencies, and (iii) difieqghases at each frequency to avoid peaks inrttee t
domain causing the saturation of the electronidogsy The mathematic function describing the multi-
sine waveform is:

N
x(t)=>" A cos@rt+d,), )
i=1
where f, =1, [f,, with |, positive integer an f < f < f__ . In order to reduce the crest factor, the
phase can be determined according to the Schreggegssion:
® :_I(I -1 . 3)
N

The resulting signal defined by (2) and (3) is dedas optimized multi-sine signal.

The optimized multi-sine signal has propertiesteglao the voice signal (i) in the time domain, g

to the presence of discrete amplitude variatiod, (@hin the frequency domain, owing to the presen
of discrete components. Other advantages of thimi@d multi-sine signal are that (i) a mathematica
function can be used for the generation of a sefisne waves at different frequencies with spedif
phases, (ii) the frequency spectrum has constaptitaie, and (iii) the frequency steps can be set
according to a specified frequency resolution.

The chirp is a signal, in which the frequency imges linearly with time:

x(t) = sin@r( f, +gt)t)- 4)

As other deterministic signals, the chirp can bedu® determine the transfer characteristics @fdin
time invariant systems mainly in the frequency domadypically deterministic signals are used to
valuate harmonic distortion and intermodulationtatiton. The advantage of chirp signal is easy
handling determination of system parameters sifoplievel measurements [11].
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C. Speech-like signals

Natural voice is used as test signal when the dewier test shows a strong non-linear and/or time
varying behavior, so that the concepts of frequersponse, distortion and signal-to-noise rationare
longer directly applicable or even relevant. Usyaflatural voice fragments are used to evaluate the
overall quality by a model of the human auditorygegtion. With such a model, a "perceptual
frequency response function" or special measurgshased on psychoacoustic parameters (perceptual
distortion measures) can be defined [11].

The speech-like composite source signal used alitingthe natural voice has three components: (i)
simulated voice signal, (ii) a pseudo noise sighat has certain noise-like features (constantepow
density spectrum in the region of interest), foraswging the transfer functions without statistical
errors, and (iii) a pause "signal" providing ampdié modulation. Composite source signals are ysuall
applied to systems, which behave non-linearly apdime variant, but which can be considered fer th
short period of measurement to be in quasi statyorenditions [11].

IV. Experimental comparison of thetest signals

At the Laboratory of Signal Processing and
Measurement Information (LESIM) of the

7 1P Netwark \

University of Sannio, several tests have be:Flll s v~ LT I
carried out to choose the most suitable tegkp gateway b Metwerk Emalabon VoIP Gataway

Gatekeeper NetEm

signals for the impairment classification
method. The test setup (Fig.3) is composed of
two PCs and to VolP gateways. A PC is .
equipped with a DAQ board, used (i) to inject adslaia
the test signal into the VolP gateway at the

source side, and (ii) to acquire and analyze

the signal, at the receiver gateway. The other .
PC works as a VolP gatekeeper and as a Fig. 3. Test Setup.

network emulator by means of specific emulatioriveafe enabling the injection of known quantities
of the three impairments under analysis. Both teeegation and the analyzer unit have been
implemented in LabVIEW and run on the same PC ctiintg the whole experiment. The call set-up is
performed using H.323 VolP signaling protocol.

In order to evaluate the test signals, it is essktat verify the behavior of the method, when tijge

and the amount of the impairments present in theork are both well known. This condition is
hardly to obtain in a production network, becatlmsytdepend on the network conditions, which cannot
be controlled. Instead, it is possible to use arlatory network with the aid of a network emulator.

A network emulator is a device capable of insertingthe network, impairments of known type and
amount, thus emulating the behavior of a Wide Akedwork. It acts by creating a specific path
between the input and output interfaces for eagiairment which has been set by the user and adding
the corresponding impairment through the path.drtiqular, the network emulating PC is equipped
with two network interfaces and configured as aeguunder a Linux operating system. Each VolP
gateways is connected to a different Ethernet fexter of the network emulating PC. Two software
network emulators, NetEm [13] and NistNET [14], mumg on this Linux PC, have been used to inject
network impairments like packet loss and jitterti@k congestion has been emulated by limiting the
capacity of the network link to values lower thhattrequired for the communication. Random packet
loss (5%, 10% and 20%), high-value jitter (100, 8@ 200 ms), and network congestion (bandwidth
limitation to 64, 32 and 16 kbit/s) were generateévaluate the test signals. The amounts of tteeth
impairments have been established by followingcthresiderations reported below.

Packet loss causes degradation on the voice gdatityercentages equal or higher than 5%. On the
other hand, packet loss values higher than 20%eaeasonably considered as bandwidth limitations.
The random jitter has been emulated imposing a alodistribution with mean and standard deviation
of 100, 150 and 200 ms for the transmission déelider between the starting and the final pointhef
communication more than 200 ms reflects unacceptatgtwork conditions to support voice
communications.

Network congestion has been emulated by limitiregatailable bandwidth to 64, 32 and 16 kbit/s. 64
kbit/s represents quite null bandwidth limitatianleast for data. Limiting the available bandwidth

16 kbit/s means to set up the path capacity toeqaiguarter of the available bandwidth in ideal
conditions.

=\ ﬁl LT

= Analyzer Unit
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A. Calibration phase

In order to correctly use each signal in the impaint classification, the calibration phase is e$aken
Obviously, all the test signals are frequency-lediin the telephone bandwidth, 300-3400Hz. Some
preliminary tests have been carried out in orden#ok the thresholds among the three categories of
network impairments relating to the considered aigiand fitting the network environments emulated
by NistNET and NetEm. The calibration phase has lwepeated for each considered signal and each
network emulator.

Fig.4 shows the results of this step in the cassvofnon-speech-like stochastic signals: white éois
(Fig.4a) and pink noise (Fig.4b), and one non-dpdike deterministic signal: the optimized multirsi
(Fig.4c). The packet loss impairment is reportethwaue dots in thé(0,0), M plane. The Jitter and
the bandwidth congestion are reported with oramgiegaeen dots, respectively.

As it can be seen from the figures, the three $igalow an easy determination of robust thresholds
and are suitable for a deeper investigation irirtiirment classification.

Fig.5 reports the calibration results for the natwoice and the composite source signal, belonging
the speech-like category, showing the difficulty fofding reliable thresholds for these signals.
Therefore, they have been excluded from the evatuaf the test signals.
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(b) pink noise, (¢ optimized mult-sine.
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B. Evaluation of test signals

The calibration phase showed that the use of Hatoiee and composite source signal is not suitable
for a correct and reproducible estimate in the impent classification.

White noise, pink noise, multi-sine, and chirp #re signals suitable for a deeper characterization
analysis of the impairment classification methotle Tcomparison in the use of these different test
sequences has been taken using the same tesbduhatparticular, 20 trials have been performed, f
each considered signal. Signals have been genewvited duration of 10.5 s. These signals leadhto a
effective percentage of classification successes éaor a short measurement time. The percentage of
correct classification is always 100% in the casBl&Em, while, for some signals, it is lower using
NistNET. Table 1 reports the average ratio of adrotassifications, for the three network impairtsen
using NistNET. Obviously, the success classificatiate increases with the test duration, when the
method acquires more samples and the acquisitionis longer.

While NetEm shows a deterministic behavior in timpairments injection, it has been observed that
NistNET exhibits a more realistic behavior, pregent time variation of the impairments, during the
test, even if the amount of the impairment has lssro a fixed value. This behavior leads to lower
classification percentages especially for high ealwf packet loss and low levels of jitter. The
percentages of correct classification drops to 3869igh values of packet loss (20%) for multi-sine
signal and goes to 0% for low levels of jitter (1®@) for chirp signal in the case of impairment
emulation with NistNET.
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Looking at the results obtained in the experimeplelse, non- speech-like stochastic signals result
be the more suitable signals to be used with thgaimments classification method. As a matter of, fac
with both the emulators, non- speech-like stochaitjnals showed the best classification rates.

Table 1. Percentage of correct classifion in the case of impairments injected using Nigtid&d tes
duration of 10.5 s.

NistNET
Packet L oss Jitter Networ k Congestion
5% 10% 20% 100 ms 150 ms 200ms 64 kbps 32 kbps 16 kbps
White noise 100% 100% 100% 100% 100% 100% 100% 100% 100%
Pink noise 100% 100% 100% 90% 100% 100% 100% 100p6 100%
Multi-sine 100% 100% 35% 66% 100% 100% 100% 100% 100%
Chirp 100% 100% 100% 0% 80% 1009 100% 100% 100%

V. Conclusions

The paper presents the selection of the test sighatable for classifing VolP network impairments

using a method based on the analysis of the pavesrdf the test signals. In order to select the tes
signals, which should permit more reliable measeres) (i) non- speech-like stochastic signals, (ii)
non- speech-like deterministic signals and (iiieegh-like signals have been evaluated with the
impairment classification method. Both determigistignals, such as multi-sine and chirp signal and
stochastic signals, such as white and pink nomsad lto an effective percentage of classification
successes, even if stochastic signals show a highastness, because they obtain high classifitatio
percentages with both the considered network eorslat

Further work is directed to the extension of thepamment classification method to the case when
several impairments are present in the networkhénsame time. This analysis will be preliminary to

the use of the impairment classification methotha production network.
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