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Recommendation I TU-T G.1029

Voice service diagnosis framewor k

Summary

Recommendation ITU-T G.1029 provides a framework and guidelines that describe how ITU-T
speech quality assessment models can be used to identify common voice quality problems in live
networks and how these can aid in diagnosing the cause of such problems once detected.
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The International Telecommunication Union (ITU) is the United Nations specialized agency in the field of
telecommunications, information and communication technologies (ICTs). The ITU Telecommunication
Standardization Sector (ITU-T) is a permanent organ of ITU. ITU-T is responsible for studying technical,
operating and tariff questions and issuing Recommendations on them with a view to standardizing
telecommunications on a worldwide basis.

The World Telecommunication Standardization Assembly (WTSA), which meets every four years,
establishes the topics for study by the ITU-T study groups which, in turn, produce Recommendations on
these topics.

The approval of ITU-T Recommendations is covered by the procedure laid down in WTSA Resolution 1.

In some areas of information technology which fall within ITU-T's purview, the necessary standards are
prepared on a collaborative basis with ISO and IEC.

NOTE

In this Recommendation, the expression "Administration" is used for conciseness to indicate both a
telecommunication administration and a recognized operating agency.

Compliance with this Recommendation is voluntary. However, the Recommendation may contain certain
mandatory provisions (to ensure, e.g., interoperability or applicability) and compliance with the
Recommendation is achieved when all of these mandatory provisions are met. The words "shall" or some
other obligatory language such as "must" and the negative equivalents are used to express requirements. The
use of such words does not suggest that compliance with the Recommendation is required of any party.

INTELLECTUAL PROPERTY RIGHTS
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validity or applicability of claimed Intellectual Property Rights, whether asserted by ITU members or others
outside of the Recommendation development process.

As of the date of approval of this Recommendation, ITU had not received notice of intellectual property,
protected by patents, which may be required to implement this Recommendation. However, implementers
are cautioned that this may not represent the latest information and are therefore strongly urged to consult the
TSB patent database at http://www.itu.int/ITU-T/ipr/.
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Recommendation I TU-T G.1029

Voice service diagnosis framewor k

1 Scope

This Recommendation provides a framework and guidelines that describe how ITU-T speech
quality assessment models can be used to identify common voice quality problems in live networks
and how these can aid in diagnosing the cause of such problems once detected. The scope of this
Recommendation is limited to voice service only.

The Recommendation is intended to help non voice experts tasked with managing voice service and
diagnosing voice quality problems, especially when voice is regarded as "just another IP
application" on the network.

The scope of this Recommendation relates to the perceived quality of the media stream; it does not
include factors such as billing, availability, customer service, etc. The primary focus is point-to-
point voice services; however, the methods and approaches described can also be applied to the
individual legs of multi-party voice applications such as audio-conferencing.

2 References

The following ITU-T Recommendations and other references contain provisions which, through
reference in this text, constitute provisions of this Recommendation. At the time of publication, the
editions indicated were valid. All Recommendations and other references are subject to revision;
users of this Recommendation are therefore encouraged to investigate the possibility of applying the
most recent edition of the Recommendations and other references listed below. A list of the
currently valid ITU-T Recommendations is regularly published. The reference to a document within
this Recommendation does not give it, as a stand-alone document, the status of a Recommendation.

[ITU-T P.561] Recommendation ITU-T P.561 (2002), In-service non-intrusive measurement
device — Voice service measurements.

[ITU-T P.562] Recommendation ITU-T P.562 (2004), Analysis and inter pretation of INMD
VOI Ce-Service measur ements.

[ITU-T P.563] Recommendation ITU-T P.563 (2004), Sngle-ended method for objective
speech quality assessment in narrow-band tel ephony applications.

[ITU-T P.564] Recommendation ITU-T P.564 (2007), Conformance testing for voice over 1P
transmission quality assessment models.

[ITU-T P.800] Recommendation ITU-T P.800 (1996), Methods for subjective deter mination of
transmission quality.

[ITU-T P.800.1]  Recommendation ITU-T P.800.1 (2006), Mean Opinion Score (MOS)
terminol ogy.

[ITU-T P.800.2]  Recommendation ITU-T P.800.2 (2013), Mean opinion score inter pretation
and reporting.

[ITU-T P.862] Recommendation ITU-T P.862 (2001), Perceptual evaluation of speech quality
(PESQ): An objective method for end-to-end speech quality assessment of
narrow-band tel ephone networks and speech codecs.

[ITU-T P.862.1]  Recommendation ITU-T P.862.1 (2003), Mapping function for transforming
P.862 raw result scoresto MOS-LQO.
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[ITU-T P.862.2]

[ITU-T P.863]

[ITU-T Y.1540]

[IETF RFC 3550]

and speech codecs.

Recommendation ITU-T P.863 (2011), Perceptual objective listening quality

assessment.

Applications.

3 Definitions

3.1 Termsdefined elsewhere

None.

3.2 Termsdefined in this Recommendation

None.

4 Abbreviations and acronyms

This Recommendation uses the following abbreviations and acronyms:

CCI
CQO
ERL
INMD

IP

LQO
LQOx
LQOw
LQOSWB
LQS
MOS
PCM
PLC
PSTN
RMON
RTCP
RTCP XR

RTP

SIP
UDP
VOIP

Call Clarity Index

Conversational Quality Objective

Echo Return Loss

In-line Non-intrusive Measurement Device

Internet Protocol
Listening Quality Objective
Listening Quality Objective narrowband

Listening Quality Objective wideband

Listening Quality Objective super-wideband

Listening Quality Subjective

Mean Opinion Score

Pulse Code Modulation

Packet Loss Concealment

Public Switched Telephone Network
Remote network Monitoring

Real Time Control Protocol

RTP Control Protocol extended Reports
Real time Transport Protocol

Session Initiation Protocol

User Datagram Protocol
Voice Over IP
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Recommendation ITU-T P.862.2 (2007), Wideband extension to
Recommendation P.862 for the assessment of wideband tel ephone networks

Recommendation ITU-T Y.1540 (2011), Internet protocol data communication
service — |P packet transfer and availability performance parameters.

IETF RFC 3550 (2003), RTP: A Transport Protocol for Real-Time



5 Conventions

None.

6 Framework concept and ar chitecture

This Recommendation provides a set of high level guidelines. It provides an introduction to speech
quality measurement and assessment models, measurement data sources and general considerations
relating to defining decision thresholds and mapping diagnostic values to the root cause of voice
service problems.

Appendix I is provided as an example and is used to illustrate some of the concepts described in this
Recommendation.

The ITU-T intends to provide two more Recommendations addressing, in detail, a framework for
invoking diagnostic functions and a framework for mapping diagnostic parameters to root cause
parameters, as follows:

— Framework for invoking diagnostic functions: Identification of decision parameters that
can be used to detect the presence of a media quality problem in a network so that a
diagnostic function can be invoked.

— Framework for mapping diagnostic parameters to root cause parameters: This work item is
concerned with mapping basic diagnostic parameters into root cause analysis parameters.

Figure 1 shows the roadmap for the development of these two Recommendations.

Framework for invoking diagnostic functions
. (Work Item 1)
--#  Terminals
QoE/QoS

Decision
process

decision
parameters

S
h 4 A 4

h 4

QoE/QoS Diagnostic QoE/QoS
o diaenostic parameter . root-cause
g £nor "| to root-cause " analysis
parameters . )
mapping parameters

]

i

i

. . . 1
Framework for mapping diagnostic parameters !
to root-cause parameters (Work Item 2) !
i

)

i

I

1

QoE/QoS

Remedial action root-cause
analaysis

application

G.1029(14)_F01

Figure 1 — Roadmap for further development of framework Recommendations

7 Introduction to speech quality measurement and assessment models

7.1 Subjective and objectivetesting

The perceived quality of a voice call is a subjective quantity. This means that the baseline for voice
and audio quality is the subjective opinion of human listeners. One person's impression of "good"
may be quite different to another person's impression, but neither is incorrect. Communications
systems are therefore designed and tested against an "average" person's perception of voice quality.
This is often summarized by the term mean opinion score (MOS). There are essentially two
complementary approaches to measuring the quality of a voice signal as it will be perceived by the
end user. These are:
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— Subjective testing
— Objective testing

These two approaches are described in the following clauses.

7.1.1 Subjectivetesting

Subjective tests aim to find the average user's perception of the voice quality delivered by a
communications system. This is done by asking a panel of users a directed question and providing
them with a limited response choice. For example, to determine the listening quality of a voice
signal, users are asked to rate "the quality of the speech" on a five-point discrete scale from bad to
excellent as described in [ITU-T P.800].

The mean opinion score (MOS) for a particular test condition is calculated by averaging the votes of
all subjects for that particular condition. A subjective test will typically contain many different
conditions. Therefore, such tests take a long time to perform and the results are influenced by a
wide range of factors.

7.1.2 Objectivetesting

Objective testing techniques measure physical properties of a system. Objective perceptual models
map these physical properties to a predicted subjective score. In comparison with subjective testing,
objective measurements are fast, inexpensive and repeatable. Significant work has led to objective
prediction techniques that can be used in situations where it is impractical to perform formal
subjective testing.

7.1.3 MOSnotation

Voice subjective experiments are generally designed to either measure conversational quality or
listening (one-way) quality. Conversational experiments investigate how effects such as delay, echo
and level affect the ability of two people to carry out a conversation. Listening-only experiments are
concerned with the perceived quality delivered by one side of a link and take into account factors
such as distortion due to voice compression and packet loss. This distinction is also true for
objective speech quality models and they can be designed to predict either listening quality or
conversational quality.

The ITU-T has defined terms to denote the difference between conversational and listening quality
MOS values and the difference between MOS values from subjective experiments and MOS
predictions made by objective models. The ITU-T notation defined in [ITU-T P.800.1] is shown in
Table 1. The suffixes N (narrowband), W (wideband) and SWB (super-wideband)! are also
sometimes added to the notation to denote whether the subjective experiment, or predicted
experiment, was conducted in a narrowband (300-3 400 Hz), wideband (50-7 000 Hz) or super-
wideband (50-14 000 Hz) context respectively. For example, listening quality assessed in a
narrowband context subjective experiment would be denoted as MOS-LQSn.

The reader is also directed to [ITU-T P.800.2], which introduces some of the more common types
of mean opinion score (MOS) and describes the minimum information that should accompany MOS
values to enable them to be correctly interpreted.

I The SWB suffix is not explicitly mentioned in [ITU-T P.800.1], but the use of such extensions is
encouraged where appropriate.
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Tablel-I1TU-T MOSnotation

Description Notation
Subjectively assessed listening quality MOS-LQS
Subjectively assessed conversational listening quality MOS-CQS
Objectively assessed listening quality MOS-LQO
Objectively assessed conversational listening quality MOS-CQO

7.2 Classes of objective models

In general, objective voice quality models fall into one of four classes: full-reference, reduced-
reference, no-reference or parametric. The following clauses introduce the main classes of models
and introduce some of the relevant ITU-T Recommendations. Table 2 provides an overview of
these Recommendations.

Table2—-Summary of ITU-T objective voice quality model standards

[ITU-T P.862.2]

16 kHz
PCM signals (for INMD

Model Scope/ brief definition I nput Output
Reference and degraded
Full-reference model . . MOS-LQOn,
[ITU-T P.863] 16-bit PCM signals, 8 and
(LQO) 48 kHz MOS-LQOsws
TUTERD | s it | S it 05100,
962, (LQO) ’ MOS-LQOy

Speech, noise and echo

No-reference model classes A, B and C)

ITU-T P.561 characterization
[ ] (CQO) IP packets (for INMD class
D)

Annex A of No-reference model
[ITU-T P.562] (CQO) ITU-T P.561 output MOS-CQOy
[ITU-T P.563] No-reference (LQO) 8 kHz 16-bit PCM signal MOS-LQOy

] ) MOS-LQOn,
[ITU-T P.564] Parametric (LQO) RTP, UDP and IP headers MOS-LQOy,

NOTE - This table lists only what is currently available and it is envisioned that this table will be updated.
7.2.1

Full-reference objective models measure the impact on perceived voice quality of one or more
network elements by comparing two versions of a test signal. As shown in Figure 2, the first signal
is a copy of the original signal that was injected into the system under test; the second is the
received signal, which has typically been degraded. Full-reference models can be used to measure
the quality of a single network element, such as a codec, or an entire link, such as a mobile radio
link. [ITU-T P.863] is an example of a full-reference objective voice model that predicts a listening
quality MOS or MOS-LQO [ITU-T P.863].

Full-reference models
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Test signal injection —b{ Network element }Tb{ Network element ’T‘

Signal Signal
capture capture
Captured signal
(degraded input) rafarann
g ‘p Full-reference MOS prediction
Copy of test signal model
(reference input) G.1029(14)_F02

Figure 2 — Diagram of an intrusive measurement configuration and a full-reference model

7.2.2 Reduced-reference models

Reduced-reference models are similar to full-reference models, but use a reduced set of information
about the original test signal rather than an exact copy. Reduced-reference models are typically used
in applications where the reference signal is live traffic rather than a predetermined test signal, as
shown in Figure 3. This means that information about the reference signal must be transmitted to
the point of assessment if a comparison is to be made between the two.

Live traffic Network element }Tb{ Network element }T»
v

Information Signal Signal
about traffic capture capture
Captured signal
degraded input - L.
(. cg put) Reduced-reference MOS prediction
Information about traffic model
(reduced reference input) G.1029(14)_F03

Figure 3 — Diagram of a non-intrusive measurement configuration
and a reduced-r efer ence model

7.2.3 No-reference models

No-reference, or single-ended, models base their assessment on a single input signal and are
typically used to monitor the quality of live traffic as shown in Figure 4. [ITU-T P.563] is an
example of a no-reference objective speech model that predicts a listening quality MOS, or
MOS-LQO [ITU-T P.563]; [ITU-T P.562] includes an example of a no-reference model that
predicts conversational quality MOS, or MOS-CQO [ITU-T P.562].

Live traffic —>| Network element }—l—b} Network element }T»

Signal Signal
capture capture

No-reference

el —— MOS prediction

Captured signal ——»

G.1029(14)_F04

Figure 4 — Diagram of a non-intrusive measur ement configuration and a no-r efer ence model
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7.2.4 Parametric models

Parametric models are designed to predict the impact of transmission impairments on the voice
quality perceived by the end user of a system. Parametric models are no-reference models, but
analyze parameters related to the underlying transmission system rather than the actual voice signal
itself. For example, in the case of a voice over IP (VoIP) system, the main parameters will be
derived from the packet loss and jitter characteristics of the link. Parametric voice quality models
base their predictions on the assumption that the payload contains a typical, well-conditioned voice
signal.

Parametric models are useful in VoIP applications because simple measurements such as packet
loss and jitter often correlate poorly with the quality perceived by the end-user. For example, 1%
bursty packet loss may produce a number of mutes that will substantially degrade the voice quality
perceived by the end-user; whereas 1% uniform packet loss may be largely concealed if the
end-point includes an effective packet loss concealment (PLC) algorithm.

An example of a parametric model is provided in [ITU-T P.564], which is concerned with a class of
MOS-LQO prediction models that only analyse the IP/UDP/RTP header portion of the VolP
packets [ITU-T P.564]. This approach has several benefits including low-operational complexity
and resilience to payload encryption. Note that [ITU-T P.564] does not specify a unique parametric
model; it specifies minimum performance criteria that must be met by a model to achieve
conformance with the Recommendation.

7.3 M easur ement configurations

Objective measurement techniques can be categorized as either intrusive (active) or non-intrusive
(passive). The distinction between classes of model and measurement configuration is often unclear
because full-reference models are generally used in an intrusive configuration whilst no-reference
and parametric models are used in a non-intrusive configuration. However, there can be exceptions
to this rule, and so it is worth retaining the distinction.

7.3.1 Intrusive (active) measurement

In an intrusive measurement configuration a test signal is injected into the system under test and
then captured and assessed at a later point as shown in Figure 2.

Intrusive measurement is generally performed using a full-reference model because the test signal is
known a priori and a copy can be stored at the assessment point. However, there is no reason in
principal why a reduced-reference or no-reference model could not be used to measure the quality
of the signal at the assessment point.

Intrusive measurement is sometimes referred to as "active" measurement and can be used during the
development, commissioning and routine monitoring of a communications service. Intrusive
measurement configurations are also highly suitable for laboratory based testing because it is easy
to isolate network components and inject and capture test signals.

7.3.2 Non-intrusive (passive) measurement

Non-intrusive measurement configurations are generally used to monitor live traffic, as shown in
Figure 4.

Non-intrusive measurement is typically performed using a no-reference or parametric model,
although a reduced-reference model can also be used as described above. It is important that no-
reference models can operate reliably over a very wide range of input signals because the input
signal is not restricted to a carefully controlled test signal as it is with intrusive measurement.
Parametric models avoid this issue because they do not use the voice signal in the quality
calculation, but use an assumed voice signal instead.

Rec. ITU-T G.1029 (02/2014) 7



In VoIP testing, non-intrusive probes have visibility of all traffic at the monitoring point, including
non-voice services. This can be useful in situations where the traffic profile is causing quality
problems. For example, if VoIP traffic is transmitted with the wrong class-of-service marking, it
may suffer from excessive jitter or packet loss due to the presence of other, non-voice traffic with
the same marking.

Non-intrusive measurement is sometimes referred to as "passive" measurement.

8 M easur ement data sour ces

8.1 Intrusivetest probes

Intrusive test systems typically inject and capture at the edges of the network being tested, although
it is possible to make multiple measurements from the same test signal as shown in Figure 2.

Drive test systems are typically used to measure the voice quality of mobile systems as a function of
geographical location. They comprise one or more central servers and a number of special mobile
test devices. During each test call, a known test signal is sent in each direction and the received
signal is processed by a full-reference model such as [ITU-T P.862] or [ITU-T P.863] to produce
MOS-LQO values for each direction. Multiple MOS-LQO measurements may be made during each
test call to improve measurement accuracy.

VolIP test units are typically located at different points around the network and are configured to
make scheduled test calls to each other. Such testing allows the ability of an IP network to carry
VolIP traffic to be tested prior to the deployment of the actual VoIP system or at times when the
system would otherwise be inactive. Such test arrangements can also be used to monitor live
systems, although measurements are limited to the test traffic and not the customer traffic.

8.2 Non-intrusive test probes
Non-intrusive, or passive, probes are generally used to monitor live network traffic.

In a VoIP system, copies of packets may be taken at monitoring locations by means of a network
tap or a mirror port configured on a switch or a router. VoIP streams can then be analysed using
no-reference and/or parametric models to produce MOS-LQO and/or MOS-CQO values in addition
to other voice diagnostic parameters, such as voice level, noise level, echo etc.

Non-intrusive VoIP probes are typically located at key demarcation points in the network, such as
public switched telephone network (PSTN) gateways, session initiation protocol (SIP) peering
points, customer edge locations and conference bridges. Some vendors make signal quality
measurements within the VoIP end-point. The methods by which such measurements are made
available vary from vendor to vendor, but the aim is generally to send the measurements to a central
point where the data can be analysed. The RTP control protocol extended reports (RTCP XR)
mechanism defined in [b-IETF RFC 3611] describes a mechanism whereby measurements made at
VoIP end-points are transported along the path taken by the voice packets and can thus be collected
by monitoring probes at mid-network locations [b-IETF RFC 3611].

8.3 Embedded probes

In addition to statistics collected at the monitoring locations, many network elements are capable of
making transmission measurements and reporting them to a central data collector. A number of
vendors support the collection of IP flow based metrics, and some have been standardized by the
[ETF in the form of the remote network monitoring (RMON) family of RFCs.
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84 Additional metrics

Quality problems caused by transmission impairments represent an important class of diagnostic
information, and it is recommended that signal related metrics, such as MOS, voice level, noise
level, echo, etc. are accompanied by associated transmission statistics.

For example, in a VolIP system statistics relating to packet loss, jitter, out-of-sequence packets,
round-trip delay and class-of-service markings all provide useful information when diagnosing
problems that are the result of IP transmission problems. Such metrics are outside the scope of this
Recommendation, but the reader is directed to the measurements defined in [ITU-T Y.1540] and the
real-time control protocol (RTCP) measurements defined in [IETF RFC 3550].

85 Multi-point measur ements

The location of transmission problems that affect voice quality can be isolated by collecting and
comparing measurements from multiple monitoring locations in the network. However, when
performing such analysis, it is important to ensure that values such as MOS-LQO scores have been
calculated using the same method or their comparison may be misleading.

8.6 Signalling related measur ements

Signalling monitoring forms an important part of monitoring a VoIP deployment, but is outside the
scope of this Recommendation. The ITU-T E-Series of Recommendations specify metrics that
relate to signalling performance.

9 Decision process

Designing the optimum strategy for launching diagnostic processes will depend on the specific
application, however the following points should be considered.

9.1 Thresholds

Detailed diagnostic or troubleshooting activities will generally be launched when one or more
thresholds have been violated. Such thresholds may have absolute values or relative values, for
example to detect deviations from normal operation.

Many underlying problems will often only affect a subset of all calls. Hence applying thresholds to
global averages across all calls may mean that decision thresholds are not violated because the
problem traffic is too diluted.

Invoking diagnostic analysis for every call that violates a threshold runs the risk of overwhelming
the diagnostic function and generating "false-positive" alarms. This is especially true in the case of
objective MOS values and other signal metrics derived from no-reference analysis of live calls (see
clause 9.2). Thresholding the output of a parametric model might be appropriate in situations where
there is little or no tolerance for transmission related quality problems.

One means of achieving a balance is to define a threshold in terms of the proportion of calls that
have violated an underlying threshold. For example, an alarm might be triggered if more than 10%
of traffic in a given analysis period had a MOS-LQO value lower than 3.5. Such an approach can
highlight problems that affect only a subset of calls, whilst still providing a degree of aggregation
and protection from false-positive events.

9.2 Analysing metricsderived from live signals

Non-intrusive measurements provide an effective method of identifying systemic or underlying
problems from live traffic measurements, i.e., problems that are consistently present, but it is
important to ensure that a sufficient number of calls are analyzed before drawing any conclusions
and invoking further diagnostic processes. Many factors relating to the quality of live customer calls
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naturally vary from call to call, for example the talker's speech characteristics, their acoustic
environment, etc. This means that objective MOS values produced by a no-reference model will
also naturally vary from call to call. The same is also true of other signal metrics calculated from
live traffic, such as voice level, noise level and echo return loss.

This inherent variability in signal related metrics means that inferences about system performance
drawn from them for a single call are likely to be unreliable, and a suitable sample of calls should
be used instead. However, it should be emphasized that since the main purpose of this type of
analysis is to identify systemic issues, it is not necessary to analyse all calls — merely to ensure that
a sufficient number of calls have been analysed. If a problem is systemic, analysis of a sub-sample
of calls will be sufficient to identify the problem.

The minimum sample size used in a decision process will depend on the decision mechanism and
the natural variability of the metric being considered. Analysis of the standard deviation of a sample
should provide an indication of how many samples are required to gain reliable results. The use of
sampling can be applied both in the monitoring process that is used to invoke diagnostic functions,
and in the diagnostic process itself.

For example, if a contact centre were to change their headsets to models that were incorrectly
matched to the agents' terminals, the conversational voice quality would be reduced due to
sub-optimal voice levels. Such a systemic problem could be rapidly detected by analyzing a few
hundred calls made to the contact centre, despite the fact that many thousands of calls could have
been made in the same time interval. Further diagnostics, for example analysis of factors that
contribute to conversational quality such as delay, echo, noise level and voice level, could also be
based on a sub-sample of calls.

9.3 Mapping basic diagnostic parametersinto root cause analysis

The following factors should be considered when mapping between basic diagnostic parameters and
the possible root cause of a problem:

— What problems have been seen before and the likelihood of them occurring in the system
being monitored

— Which diagnostic values are sensitive to a given underlying problem, and which are not

— The direction of problem voice flows and whether the equipment at the source of the flow
is likely to generate a particular problem

— What proportion of flows are likely to be affected

— Equipment or configuration that is common to flows that have violated a particular
threshold

Table 1.2 in Appendix I illustrates how [ITU-T P.561] and [ITU-T P.562] diagnostic parameters can
be associated with common voice quality problems. For example, incorrectly set pads at
interconnect points or handsets incorrectly matched to terminal devices are both common causes of
very high or very low voice levels. For a given set of flows with an abnormal voice level, the
likelihood of these two candidate root causes can be further separated by determining whether the
source of the traffic is a gateway or a particular group of phones.

The ability to group sets of measurements by common attributes can greatly assist in identifying the
underlying root cause of a problem. This could be the type of equipment, source of configuration or
physical location, depending on the particular root cause. For example, the ability to isolate all
traffic flowing to and from a PSTN gateway or session border controller will greatly assist in
detecting the root cause of common problems associated with these devices.

Finally, it is important to recognize that the exact relationship between diagnostic parameters and
possible root causes will often depend on the exact design and configuration of the voice service
being monitored.
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Appendix |

Example based on call clarity index

(This appendix does not form an integral part of this Recommendation.)

Introduction to call clarity index

The call clarity index (CCI) specified in Annex A of [I[TU-T P.562] produces a MOS-CQO estimate
of the conversational quality experienced at each end of a voice connection. The CCI output values
are based on measurements of the voice level and the noise level in each direction, the echo return
loss (ERL) at both ends of the connection and the roundtrip delay between the two ends. The inputs
to CCI are taken from an in-line non-intrusive measurement device (INMD) conforming to
[ITU-T P.561].

Decision metric
The percentage of calls with a CCI of YCA and Y2 exceeding a MOS-CQO threshold.

NOTE 1 - YCA denotes conversational speech quality as perceived from end A.

B
NOTE 2 - Yc denotes conversational speech quality as perceived from end B.

Thresholds and alerting strategies

In common with any alerting strategy involving live traffic, alerting based on a threshold violation
by a single call is not recommended when monitoring traffic using CCI [ITU-T P.562]. Instead, it is
generally more appropriate to raise an alert when a certain proportion of calls have violated a
MOS-CQO threshold.

Some factors that reduce conversational quality are outside the control of the service provider, for
example if a user makes a call from a noisy location; however, such events are unlikely to affect all
calls, whereas systematic problems will, by definition, impact a large proportion of calls handled by
the problematic equipment or link.

Diagnostic parameters

The [ITU-T P.561] inputs to the CCI algorithm are all useful diagnostic parameters and are listed in
Table I.1.

Tablel.1 - Diagnostic parameter s associated with I TU-T P.562 call clarity index

Name Description Units
SLA INMD measured active speech level in direction A — B dBm0
SL® INMD measured active speech level in direction B - A dBm0
NLA INMD measured psophometric noise level in direction A — B dBmOp
NL® INMD measured psophometric noise level in direction B — A dBmOp
EL* INMD measured echo path loss for echo path A - B — A dB
EL" INMD measured echo path loss for echo pathB - A — B dB
ED* INMD measured echo path delay for echo path A - B — A ms
ED® INMD measured echo path delay for echo pathB - A — B ms
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Inter pretation and possible root causes

A key factor in isolating the root cause of voice quality problems is the ability to analyse calls based
on their source and destination. In particular, information about the route a call has taken before

arriving at monitoring point that has raised an alert can be essential in diagnosing the root cause of

the alert.

If a particular route displays a large proportion of calls with a low CCI score, then further analysis
is recommended by looking at the [ITU-T P.561] values associated with each CCI score. Note that
low CCI scores will often be caused by a combination of factors, e.g., the presence of both echo and

delay, or the combination of low voice levels and high noise levels.

Some common causes of low a CCI score and the associated diagnostic parameters are listed in

Table 1.2.

Tablel.2 —Diagnosing low call clarity index values

Diagnostic

Example values

Possible causes

Presence of echo with a delay
exceeding a few tens of
milliseconds.

EL <40 dB and
ED* + ED® > 40 ms

Absence of echo cancellation or
suppression equipment.

Echo control equipment erroneously
disabled.

Echo tail length in echo canceller too
short to echo path.

Acoustic echo from devices.

Large round-trip delay.

ED? + ED® > 500 ms

Excessive jitter on VolP networks.
Unexpected call routing.

Very high or very low voice
level.

SL <—-32 dBm0 or
SL > -8 dBm0

Incorrectly set pads at interconnect
points or gateways.

Handsets incorrectly matched to
terminal devices.

Low signal-to-noise ratio due to
low voice levels or high noise
levels.

SL <-32 dBmO or
NL >—50 dBmOp

Large proportion of calls made from a
noisy environment.

Also see low voice level.
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