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PRELIMINARY NOTES

1 This volume fully supersedes Volume V of the CCITT Red Book (Geneva, 1985).

2 The units used in this Volume are in conformity with CCITT Recommendations B.3 and B.4 (Volume I of
the Blue Book).

The following abbreviations are used, particularly in diagrams and tables, and always have the following
clearly defined meanings:

dBm the absolute power level in decibels;

dBm0 the absolute power level in decibels referred to a point of zero relative level;

dBr the relative power level in decibels;

dBmOp the’ absolute psophometric power level in decibels referred to a point of zero relative level.

The units for air pressure are related as follows:

1 Pa (Pascal) = 1 N (Newton)/m? = 10 dyne/cm? = 10 barye = 10 pbar.
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3 In this Volume, ‘the expressmn “Admm1strat10n is used for shortness to 1nd1cate both a telecommunica-
tion Administration and a recognized private operating agency.

4. Warning concerning some Recommendations:

A. In CCITT documents the desngnauon “loudness rating” “LR”, always refers to ‘a spec1ﬁc CCITT
definition. However, in technical literature and in some national spemﬁcatlons, the term “loudness rating” has ben
used sometimes as a general concept and sometimes as a direct designation in loudness rating systems different
from those defined by CCITT. Therefore, when CCITT LR values are cited in other contexts than in CCITT
documents, care should be taken to avoid confusion. For instance, an introductory statement could be made such
as: “All loudness rating designations refer to the CCITT definitions.” Alternatively, “(CCI’I”I‘)” could be ‘added
after the LR value. For example:

OLR = 10 dB (CCITT).

B. New technical developments as well as experience from existing telecommunication systems are reflected in
CCITT work. Thus, new Recommendations have to be established and old Recommendations updated, sometimes
at a fairly rapid rate, as a guidance to Administrations and manufacturers. Some organlzatlonal bodies,
responsible for national and/or regional telecommunication specifications, use CCITT guidance in the form of
specific references to particular CCITT Recommendations in their Standard Documents.

To avoid confusion and non-technical complications ‘such references to CCITT Recommendations should
always be given together with a reference to the version of the CCITT Book in which the Recommendations are
published. For example: “CCITT Rec. P. 79 (Blue Book)”.

C. - It should be observed that Supplements are on]y publlshed for information purposes Supplements do not
have.the status of agreed Recommendations.
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SECTION 1

VOCABULARY
AND ,
EFFECTS OF TRANSMISSION PARAMETERS ON CUSTOMER OPINION
OF TRANSMISSION QUALITY AND THEIR ASSESSMENT

Recommendation P.10

VOCABULARY OF TERMS ON TELEPHONE TRANSMISSION
QUALITY AND TELEPHONE SETS

(Geneva, 1980; amended at Malaga-Torremolinos, 1984; Melbourne, 1988)

1 Introduction

This Recommendation contains terms and definitions appropriate to the work of Study Group XII which
were discussed within the Group of Experts N of the Joint Coordinating’ Group for the CCls and the IEC.

Terms which appear in the International Electrotechnical Vocabulary (IEV) (Chapter 722) have their IEV
number reproduced here for reference purposes. Terms of the CCITT have been classified in a manner similar to

that used in the IEV.

2 Terms and definitions

02.  Telephone set components

02.01 Y-ratio
F: rapport Y

S: relacion Y

. The ratio between the sending and receiving efficiencies of a passive telephone set circuit.

04. Telephone set types

04.01 telephone set; telephone instrument
F: poste téléphonique: appareil téléphonique; téléphone
S: aparato telefonico; teléfono

An assembly of apparatus for telephony including at least a telephone transmitter, a telephone receiver and
the wiring and components immediately associated with these transducers.

Note — A telephone set usually includes other components such as a switchhook, a built-in telephone bell,
and a dial. '
722.04.01
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04.02 telephone station
F: poste téléphonique (installé)
S: estacion telefonica
A telephone set with associated wiring and auxiliary equipment connected to a telephone network for the
purpose of telephony.

Note — The auxiliary equipment may include, for example, an external call indicating device, a protector,
a local battery. '

722.04.02
04.03 loudspeaking (telephone) set
F: poste (téléphonique) a écoute (ou réception) amplifiée sur haut-parleur
S: aparato telefonico con altavoz; teléfono de altavoz
A handset telephone using a loudspeaker associated with an amplifier as a telephone receiver.
722.04.10

04.04 hands free (telephone) set
F: poste (téléphonique) mains-libres

S: aparato telefonico manos libres; teléfono manos libres

A telephone set using a loudspeaker associated with an amplifier as a telephone receiver and which may
be used without a handset.

722.04.11

04.05 group-audio terminals
F: terminal audio de communication de groupe

S: terminal audio de groupo

A hands free set primarily designed for use by several users.

05S. Telephone set accessories

05.01 acoustic shock suppressor (in telephony)
F: anti-choc (en téléphonie)

S: supresor de choques acusticos; antichoque (en telefonia)

A device associated with a telephone station and intended to prevent acoustic shocks, by setting an upper
limit to the absolute values of the instantaneous electrical voltage that can be applied to the telephone earphone.

722.05.07

13. Private telephone systems

13.01 private (telephone) installation
F: installation (téléphonique) intérieure

S: instalacion telefonica privada

A telephone network installed on the premises of a single individual or organization.

Note — By convention, private telephone installations include sets of telephone stations which are
connected to one subscriber’s line

722.13.01

4 Volume V — Rec. P.10



21. Telephone calls description

21.01 call attempt (by a user)
F: (tentative d’)appel (par un usager)
S: (tentativa de) llamada (por un usuario)
A sequence of operations made by a user of a telecommunication network trying to obtain the desired user
or service.
Associated term: to call

722.21.01; identical to 701.03.04

21.02 connection
F: chaine de connexion

S: cadena de conexion; conexion

A temporary association of transmission channels or telecommunication circuits, switching and other
functional units set up to provide the means of a transfer of information between two or more points in a
telecommunication network.

722.21.02; identical to 701.03.01

21.03 (complete) connection
F: chaine de connexion compléte; (chemin de) communication

S: cadena de conexion completa; conexion completa

A connection between users’ terminals.
722.21.03; identical to 701.03.02

21.04 call
F: communication

S: comunicacion

The establishment and use of a complete connection following a call attempt
- 722.21.04; identical to 701.03.05

31. Local line networks

31.01 local line network
F: réseau local de lignes (téléphoniques)
S: red local de lineas (telefonicas)
All the subscribers’ telephone lines and ancillary equipment provided to connect subscribers to their local
switching entity. : '
722.31.01

31.02 subscriber’s (telephone) line ; subscriber loop (in telephony)
F: ligne (téléphonique) d’abonné; ligne (de) réseau
S: linea (telefonica) de abonado; bucle de abonado (en telefonia)
A link between a public switching entity and a telephone station or a private telephone installation or
another terminal using signals compatible with the telephone network.

Note — In French, the term “ligne de réseau” is used only when the private telephone installation is a
private branch exchange or an internal telephone system. :

722.31.02
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31.03 local (telephone) system ; local (telephone) circuit
F: systéme (téléphonique) local; circuit (téléphonique) local
S: sistema (telefénico) local
The combination of subscriber’s station, subscriber’s line and feeding bridge if present.
Note 1 — This term is used in the context of transmission planning and performance.
Note 2 — In CCITT English texts, the term “local (telephone) system” is preferred. ‘
' ' 722.42.16

31.04 - subscriber system (in transmission planning)
F: systéme d’abonné

S: sistema de abonado

A subscriber’s line associated with that part of the private telephone installation connected to this line
during a telephone call.

Note — This term is used in the context of transmission planning and performance.
722.42.17

32 Telephone station usage

32.01 acoustic hood
F: abri téléphonique; abriphone

S: cabina acustica; burbuja acustica

A hood lined with sound-absorbing material to facilitate the use of a telephone station by reducing the
ambient noise level. )

722.32.03

32.02 telephone booth
F: cabine téléphonique

S: cabina telefénica cerrada

A small cabin containing a telephone station and providing a certain measure of acoustic insulation and
privacy for the user. :

722.32.04
32.03 telephone stall
F: cabine téléphonique ouverte
S: cabina telefénica abierta
A telephone booth without a door.
722.32.05

41. Transmission performance

41.01 acoustic shock (in telephony)
- F: choc acoustique (en téléphonie)
S: choque acustico (en telefonia)
Any temporary or permanent disturbance of the functioning of the ear, or of the nervous system, which
may be caused to the user of a telephone earphone by a sudden sharp rise in the acoustic pressure produced by it.

Note — An acoustic shock usually results from the occurrence, in abnormal circumstances, of short-lived
high voltages at the terminals of a telephone set.

722.41.20

6 Volume V — Rec. P:.10



41.02 opinion score (in telephony)
F: note d’opinion (en téléphonie)
S: nota de opinion (en telefonia)
The value on a predefined scale that a subject assigns to his opinion of the performance of the telephone
transmission system used either for conversation or only for listening to spoken material.

Note — According to the IEV, the scale generally consists of five values, for example: excellent, good,
fair, bad, unfair. This example does not correspond to CCITT practice (see Notes 2 and 3 of Recommenda-
tion P.82).

722.41.24

42, Measuring apparatus

42.01 acoustic coupler (in telephonometry)
F: coupleur acoustique (en téléphonométrie)

S: acoplador acustico (en telefonometria)

A cavity of defined shape and volume used for the testing of telephone earphones or telephone transmitters
in conjunction with a calibrated microphone adapted to measure the pressure developed within the cavity.

722.42.12

42.02 artificial ear
F: oreille artificielle

S: oido artificial

A device for the calibration of earphones incorporating an acoustic coupler and a calibrated microphone
for the measurement of sound pressure and having an overall acoustic impedance similar to that of the average
human ear over a given frequency band.

722.42.13

42.03 artificial mouth
F: bouche artificielle

S: boca artificial

A device consisting of a Jloudspeaker mounted in-an enclosure and having a directivity and radiation
pattern similar to those of the average human mouth.

722.42.14

42.04 artificial voice
F: voix artificielle

S voz artificial

A mathematically defined signal which reproduces human speech characteristics, relevant to the characteri-
sation of linear and nonlinear telecommunication systems. It is intended to give a satisfactory correlation between
objective measurements and tests with real speech.

42.05 artificial voice
F: voix artificielle

S: voz artificial

A complex sound, usually emitted by an artificial mouth and having a power sound spectrum corre-
sponding to that of the average human voice.

722.42.15
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42.06 electrical artificial voice
F: voix artificielle électrique

S: voz artificial eléctrica

The artificial voice produced as an electric signal, for testing transmission channels or other electric
devices. : :

42.07 acoustic artificial voice
F: voix artificielle acoustique

S: voz artificial acustica

Acoustic signal at the MRP (Mouth Reference Point) of the artificial mouth. It complies with the same
time and spectral specifications as the electrical artificial voice.

42.08 artificial mouth excitation signal
F: signal d’excitation de la bouche artificielle

S: senal de excitacion de la boca artificial

A signal applied to the artificial mouth in order to produce the acoustic artificial voice. It is obtained by
equalizing the electrical artificial voice for compensating the sensitivity/frequency characteristic of the mouth.

42.09 head and torso simulator (HATS)
F: simulateur de téte et de torse (STET)

S: simulador de cabera y tronco (SCT)

Manikin extending downward from the top of the head to the waist, designed to simulate the acoustic
diffraction produced by a median adult and to reproduce the acoustic field generated by the human mouth.

43. Telephonometry

43.01 reference equivalent
F: équivalent de référence
S: equivalente de referencia
The loss, expressed in decibels, constant at all frequencies transmitted, which has to be introduced into the
new fundamental system for the determination of reference equivalents or NOSFER in order to obtain in a given

direction the same loudness as the complete telephone connection being considered, the acoustical speech power
emitted by the talker being the same in both cases.

Note 1 — The reference equivalent is positive or negative according to whether it has been necessary for a
loss to be added or removed from the NOSFER.

Note 2 — The reference equivalent is strictly defined by the measuring method described in Recommenda-
tion P.72 (Red Book).

722.43.14

43.02 corrected reference .equivalents
F: équivalents de référence corrigés (ERC)

S: equivalentes de referencia corregidos (ERC)

Values of sending or receiving reference equivalent converted by a defined, nonlinear, transformation into
corresponding values that obey the laws of algebraic addition.

Note — The conversion is performed to avoid some of the difficulties experienced in applying reference
equivalents. 1t is defined in Annex C to Recommendation G.111.

722.43.17
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43.03 loudness rating
F: équivalent pour la sonie

S: indice de sonoridad

A measure, expressed in decibels, for characterizing the loudness performance of complete telephone
connections or of parts thereof such as sending system, line, receiving system.

Note — (added by the CCITT) — This definition is very general and corresponds to what is described as
loudness loss in CCITT texts; in those texts, the term “loudness rating” should be confined to measurements in
conformity with Recommendation P.76, and may be abbreviated as LR.

722.43.25

43.04 R25 equivalent
F: équivalent R25
S: equivalente R25

Loudness loss determined as a reference equivalent Yin accordance with Recommendation P.72 (Red Book),
except that the listening level is constant, corresponding to 25 dB in NOSFER.

43.05 planning equivalent
F: équivalent de planification

S: equivalente de planificacion

Result of a measurement with an objective meter which may be considered equal to an R25 equivalent or
to a corrected reference equivalent with an accuracy which is sufficient for planning purposes.

43.06 band sensation level
F: niveau de sensation dans la bande
S: nivel de sensacion en la banda
Difference, expressed in decibels, between the sound integrated over a frequency band and the sound

pressure level in that band at the threshold of audibility, there being no other disturbing sound.

43.07 earcap reference plane
F: plan de référence écouteur

S: plano de referencia auricular

That plane formed by the contacting points of a flat surface against a telephone earcap.

43.08 earcap reference point (ECRP)
F: point de référence écouteur (PRE)

S: punto de referencia auricular (PRA)

Point in the earcap reference plane, used as a reference parameter.

43.09 ear reference point (ERP)
F: point de référence oreille (PRO)
S: punto de referencia oido (PRO}

A point located at the entrance to the ear canal of the listener’s ear. (See figure A-1/P.64).

43.10 earphone coupling loss (Lg)
F: affaiblissement de couplage de I'écouteur (Lg)

S: pérdida de acoplamiento del auricular (Lg)

That quantity defined as the receiving sensitivity of a handset (usually as a function of frequency) when
applied to an artificial ear minus the receiving sensitivity of the same handset on a human ear.
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4311 Agy (DELSM)
F: Asy (DELSM)
S: Asy (DELSM)

Delta gy is defined as the difference between the sending sensitivity of a telephone set using a real mouth
and voice, Sy, and that using a diffuse room noise source Sy, rn, such that: )

Asy = Smy/rv — SusdB.

(See also Recommendations P.11, P.64, P.76, P.79, Supplement No. 11 and the Handbook on Telephon-
ometry.)

Note — For most practical purposes Agy will be closely approximated by the quantity Ag, which is
easier to determine.

43.12 Ag, (DELSm) p
F: As,, (DELSm)
S: Agn (DELSm)

Delta g, is defined as the difference between the sending sensitivity of a telephone set using an artifical
mouth S,,;, and that using a diffuse room noise source S,,;,rn, such that:

Asy = SMJ(RN — Sy dB.

(See also Recommendations P.11, P.64, P.76, P.79, Supplement No. 11 and the Handbook on Tele-
phonometry.)

43.13  lip plane
F: position équivalente des levres

S: posicion equivalente de los labios
Outer plane of the lip ring.
43.14 lip ring

F: anneau de garde (pour les lévres)

S: anillo de labios

Circular ring of thin rigid rod, used for localizing the equivalent lip position of artificial mouths.

43.15 guard-ring
F: anneau de garde

S: anillo de guarda

Annular ring fitted, during tests, onto the transmitter housing of a telephone handset, to localize the sound
source in a prescribed position relative to the microphone.

43.16 metre air path
F: trajet d'un métre a l'air libre

S: trayecto de un metro en el aire

Measured reference of sound pressure loss over a 1 metre air path. In an anechoic environment, the sound
pressure attenuation of such a path is approximately 30 dB measured from the MRP.
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43.17 modal distance
F: distance modale

S: distancia modal

Distance between the centre of the microphone protective grid or front sound opening on a handset, and
the centre of the guard-ring.

43.18 modal gauge
F: jauge modale

S: calibre modal

Template used to check a guard-ring position on a handset relative to the receiver earcap reference plane.

43.19 modal position
F: position modale

S: posicion modal

Prescribed position and inclination of a handset relative to a fixed sound source.

43.20 mouth reference point (MRP)
F: point de référence bouche (PRB)
S: punto de referencia boca (PRB)

Point 25 mm in front of and on the axis of the lip position of a typical human mouth (or artificial mouth)
(see Figure A-1/P.64).

43.21 zero sidetone line impedance (Zso)
F: impédance de ligne a effet local nul

S: impedancia de linea de efecto local nulo (Zg,)

That circuit impedance which, when connected across the terminals of a telephone set, causes the sidetone
to be reduced to zero. '

43.22 occlusion effect
F: effet d’occlusion

S: efecto de oclusion

The change in human sidetone that occurs when the ear canal is occluded, e.g. by a telephone receiver.

43.23 obstacle effect (obstruction effect)
F: effet d’obstacle; effet d’obstruction

S: efecto de obstaculo; efecto de obstruccion

The change in the acoustic field close to a human or artificial mouth as obstacles (e.g. telephone
transmitter) are brought into close proximity.

43.24 sidetone path
F: trajet d’effet local

S: trayecto de efecto local

Any path, acoustic, mechanical or electrical by which a telephone user’s speech and/or room noise is
heard in his own ear(s) (at ERP).
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43.25 sidetone path loss
F: affaiblissement du trajet d’effet local

S: atenuacion del trayecto de efecto local

The loss of the sidetone path expressed as a loss compared with the speech at the MRP. Symbols in
common use are: '

Lyeys for sidetone paths within a human head,

Lyest for electro-acoustic sidetone paths within the telephone set,

Lyeys for mechanical sidetone paths within a telephone handset.

Lgyst  for elctro-acoustic sidetone path from a diffuse room noise source to the earphone.

Each of these paths may be measured as sensitivities, in which case they become Syzus, Suest, Smems and
Sgnst, and experience a change of sign. Thus, for example, Sygst = — Lygst-

43.26 listener sidetone rating (LSTR)
F: affaiblissement d’effet local pour la personne qui écoute (AELE)
S: indice de efecto local para el oyente (IELO)

The loudness of a diffuse room noise source as heard at the subscriber’s (earphone) ear via the electric
sidetone path in the telephone instrument, compared with the loudness of the intermediate reference system (IRS)
overall, in which the comparison is made incorporating a speech signal heard via the human sidetone path
(Lyens) as a masking threshold.

43.27 sidetone balance network
F: réseau d’équilibrage d’effet local

S: red equilibradora del efecto local

An electrical network as part of a 2- to 4-wire balance point within a telephone set circuit for the purpose
of controlling the telephone sidetone path loss.

43.28 sidetone masking rating (STMR)
F: affaiblissement d’effet local par la méthode de masquage (AELM)

S: indice de enmascaramiento para el efecto local (IEEL)

The loudness of a telephone sidetone path compared with the loudness of the intermediate reference
system (IRS) overall in which the comparison is made incorporating the speech signal heard via the human
sidetone path Lyrys as a masking threshold. :

43.29 speech volume penalty
F: pénalisation en volume sonore

S: penalizacién en volumen sonoro

The reduction in a subscriber’s talking level (usually expressed as a function of a speech sidetone rating,
e.g. STMR) due to the presence of sidetone.

43.30 talking resistance
F: résistance de conversation

S resistencia de conversacion

Fixed resistance used for test- purposes, which has a resistance equal to that of a carbon microphone at a
particular current.

43.31 virtual source position
F: position de la source virtuelle

S: posicion de la fuente virtual

That position within a human or artificial mouth.at which emitted sounds appear to have their source.
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43.32  virtual source function
F: fonction de source virtuelle

S: funcion de la fuente virtual

The change in virtual source position as a function of some other parameter, e.g. frequency, proximity of
obstacles.

43.33 orthotelephonic reference condition
F: condition de référence orthotéléphonique

S: condicion de referencia ortotelefonica

Acoustic path between a talker and a listener, facing each other at a distance of 1 meter in the free field.

'43.34  orthotelephonic acoustic reference gain
F: gain de référence acoustigue orthotéléphonique

S: ganancia de referencia acistica ortotelefonica

Ratio of the pressure at the ear reference point of the listener to the pressuré at the mouth reference point
of the talker under othotelephonic reference conditions.

43.35 total electroacoustic gain
F: gain électroacoustique total
S ganancia electroacustica total
Ratio of the pressure at the ear reference point of a listener to the pressure at the mouth reference point of

a talker connected by a telephone channel.

43.36 insertion gain (orthotelephonically referred gain)
F: gain d'insertion (gain de référence orthotéléphonique

S: ganancia de insercion (ganancia referida ortotelefonicamente)

Ratio of the total electroacoustic gain to the orthotelephonic acoustic reference gain.

44 Speech level measurements

44.01 active time
F: durée d'activité
S: tiempo activo

Aggregate of all intervals of time when speech is deemed to be present according to the criterion adopted
by CCITT (Recommendation P.56) for the purpose of measuring.

44,02 active speech level
F: niveau de conversation active

S: nivel vocal activo

A quantity, expressed in decibels relative to a stated reference, e.g. volts or pascals formed by averaging
the speech-signal’s power over the active time.

44.03  activity factor
F: coefficient d’activité

S: factor de actividad

Ratio of the active time to total timed elapsed during a measurement, usually expressed as a percentage.
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44.04 volume or speech volume
F: volume ou volume de la parole

S: volumen 6 volumen vocal

A quantity which is related to speech power and is measured at a stated point in a telephone circuit by
means of a specified instrument, suitable for rapid real-time control or adjustment of level by a human observer
(e.g. vu meter, ARAEN volume meter, peak programme meter).

44.05 speech level
F: niveau vocal

S: nivel vocal

A general term embracing speech volume, active speech level and any other similar quantity expressed in
decibels relative to a stated reference.

Recommendation P.11

EFFECT OF TRANSMISSION IMPAIRMENTS

(Geneva, 1980; amended at Malaga-Torremolinos, 1984; Melbourne, 1988)

1 Purpose

An essential purpose of the present transmission plan for international connections is to provide guidance
on the control of transmission performance. Such guidance is contained in Recommendations related to complete
connections and to the constituent parts of a connection. These Recommendations contain performance objectives,
design objectives and maintenance objectives, as defined in Recommendation G.102 for various transmission
impairments which affect the transmission quality and customer opinion of transmission quality? Typical
transmission impairments include transmission loss, circuit noise, talker echo, sidetone loss, attenuation distortion,
group-delay distortion and quantizing distortion. Although not under the control of the transmission planner,
room noise is another important factor which should be considered.

This Recommendation is concerned with the effect of transmission parameters, such as those listed above,
on customer opinion of transmission quality. It is based on information contributed in response to specific
questions which have been studied by the CCITT. Much of this information is based on the results of subjective
tests in which participants have talked, listened or conversed over telephone connections with controlled or known
levels of the impairments and rated the tansmission quality on an appropriate  scale. General guidance for the
conduct of such tests is provided in Recommendation P.80. In addition, Recommendation P.82 provides guidance
on the use of telephone user surveys to assess speech quality on international calls.

Specific purposes of this Recommendation are:

1) to provide a general, but concise, summary of the major transmission -impairments and their effect on
transmission quality which would serve as a central reference for transmission planners;

2) to provide for retention of basic information on transmission quality in support of relevant Series P
and Series G Recommendations with appropriate reference to these Recommendations and other
sources of information such as Supplements and Questions under study;

3) to provide for the interim retention of basic information on transmission quality which is expected to
’ be relevant in the formulation of future Recommendations. .

D In this Recommendation, the term “impairment” is used in a general sense to refer to any characteristic or degradation in the
transmission path which may reduce the performance or quality. It is not used to denote “equivalent loss” as was the case in
some earlier CCITT texts. ' )
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§ 2 of this Recommendation provides a brief description of individual impairments which can occur in
telephone connections, typical methods of characterization and general guidance on the acceptable levels of these
impairments. More specific information is provided in Annexes to this Recommendation, in other Recommenda-
tions and in Supplements.

§ 3 of this Recommendation is concerned with the effect of combined impairments on transmission quality
and the use of opinion models which permit estimates to be made of customer opinion as a function of
combinations of transmission impairments in a telephone connection. Thus, they can be used to evaluate the
transmission quality provided by the present transmission plan, the impact of possible changes in the transmission
plan or the consequences of departures from the transmission plan. Such evaluations require certain assumptions
concerning the constituent parts of a connection, and guidance is provided by the hypothetical reference
connections which are the subject of Recommendations G.103 and G.104.

2 Effect of individual impairments

2.1 General

§ 2 describes invididually a number of the transmission impairments which can affect the quality of speech
transmission in telephone connections. Information is provided on the general nature of each impairment, on
methods which have been recommended to measure the impairment and on the acceptable ranges for the
impairment. References are provided to Recommendations where more detailed information on measurement
methods and recommended values can be found.

2.2 Loudness loss

An essential purpose of a telephone connection is to provide a transmission path for speech between a
talker’s mouth and the ear of a listener. The loudness of the received speech signal depends on acoustic pressure
provided by the talker and the loudness loss of the acoustic-to-acoustic path from the input to a telephone
microphone at one end of the connection to the output of a telephone receiver at the other end of the connection.
The effectiveness of speech communication over telephone connections and customer satisfaction depend, to a
large extent, on the loudness loss which is provided. As the loudness loss is increased from a preferred range, the
listening effort is increased and customer satisfaction decreases. At still higher value of loudness loss, the
intelligibility decreases and it takes longer to convey a given quantity of information. On the other hand, if too
little loudness loss is provided, customer satisfaction is decreased because the received speech is too loud.

Over the years, various methods have been used by transmission engineers to measure and express the
loudness loss of telephone connections. The reference equivalent method is a subjective method which has been
widely used in CCITT and is defined in Recommendations P.42 and P.72 (Red Book).

Because difficulties were encountered in the use of reference equivalents, the planning value of the overall
reference equivalent was replaced by the corrected reference equivalent (CRE) as defined in Recommenda-
tion G.111 (CCITT Red Book). This change required some adjustment in the recommended values of loudness
loss for complete and partial connections.

Recommendations P.76, P.78 and P.79 provide information on subjective and objective methods for the
determination of loudness ratings (LRs) which are now recommended. These methods are expected to eliminate
the need for the subjective determinations of loudness loss in terms of the corrected reference equivalent. The
currently recommended values of loudness loss in terms of loudness ratings are given in Recommendations G.111
and G.121.

2.2.1  Customer opinion

Customer opinion, as a function of loudness loss, can vary with the test group and the particular test
design. The opinion results presented in Table 1/P.11 are representative of laboratory conversation test results for
telephone connections in which other characteristics such as'circuit noise are contributing little impairment. These
results indicate the importance of loudness loss control.
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TABLE 1/P.11

Representative opinion results 2
Overall loudness rating
(dB) Percent Percent
“good plus excelient” “poor plus bad”

5to 15 > 90 <1
20 i 80 4

25 65 10

30 45 20

? Based on opinion relationship derived from the transmission quality index (see Annex A).

2.2.2  Recommended values of loudness rating

Table 2/P.11 provides further information on selected values of loudness rating which have been
recommended or are under study by the CCITT.

Note — Recommended values of loudness ratings are under study in Question 19/XII.

2.3 Circuit noise

The circuit noise in a telephone connection has a major effect on customer satisfaction and the
effectiveness of speech communication. This noise may include white circuit noise and intermodulation noise from
transmission systems as well as hum and other types of interference such as impulse noise and single frequency
tones. Customer satisfaction depends on the power, the frequency distribution and the amplitude “distribution of
the noise. For a given type of noise, the satisfaction .generally decreases monotonically with increasing noise
power. ‘ .

Circuit noise is 'generally expressed in terms of the indications given by a psophometer standardized by the
CCITT in Recommendation O.41. With this apparatus, frequency-weighted measurements of noise power in dBmp
can be made a various points in telephone connections. ’

Note — Although the psophometer is normally used to measure wideband circuit noise, some subjective
tests indicate that it satisfactorily characterizes the subject interfering effect' of induced power hum on message
circuits.

2.3.1  Opinion results

Many tests have been conducted which demonstrate the effect of circuit noise on customer opinion. These
tests have shown that opinion judgements of circuit noise are also highly dependent on the loudness loss of the
connection and can be influenced by many other factors, particularly the room noise and sidetone loss.

The-subjective effect of circuit noise measured at a particular point in a telephone connection depends on
the electrical-to-acoustical loss or gain from the point of measurement to the output of the telephone receiver. As a -
convenience in assessing the contributions from different sources, circuit noise is frequently referred to the input
of a receiving system with a specified receiving CRE or loudness rating. A common reference point is the input of
a receiving system having a Receiving CRE of 0 dB. When circuit noise is referred to this point, circuit noise
values less than —65 dBmp have little effect on transmission quality in typical room noise environments.
Transmission quality decreases with higher values of circuit noise.

The opinion results presented in Table 3/P.11 are representative of laboratory conversation tests and
illustrate the effect of circuit noise when other connection characteristics such as loudness are introducing little
additional impairment. When thie loudness loss is greater than the preferred range, the effect of a given level of
circuit noise becomes more severe. :

Note — See Annex A of this Recommendation for further information on the effects of circuit noise.

16 Volume V — Rec. P.11



TABLE 2a/P.11

Values (dB) of reference equivalent RE (g), and corrected reference equivalent CRE ()
for various connections cited in Red Book Recommendations G.111 and G.121
(send and receive interfaces are at the virtual analogue switching point, VASP)

Previously
recommended RE CRE (y)
(9)

. . min 6 53
Optimum range for a connection optimum 9 79 to 11
(Rec. G.111, § 3.2) max 18 16
Traffic weighted mean values
Long term objectives
— connection min 13 13

(Rec. G.111, § 3.2) max 18 16
— national system send min 10 11.5

(Rec. G.121, § 1) max 13 13
— national system receive min 2.5 25

(Rec. G.121, § 1) max 4.5 4
Short term objectives
— connection

(Rec. G.111, § 3.2) max 23 25.5
— national system send

(Rec. G121, § 1) max 16 19
— national system receive

(Rec. G.121, § 1) max 6.5 7.5
Maximum values for national system send 21 25
(Rec. G.121, § 2.1) of an average-sized
country receive 12 14
Minimum for the national sending system -

(Rec. G.121, § 3) 6 7

4 These values apply for conditions free from echo; customers may prefer slightly larger values if some

echo is present.
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TABLE 2b/P.11

LR values as cited in Recommendations G.111 and G.121

SLR® CLR® RLR @ OLR®
Traffic-weighted mean values:
long term 799 0-0.5¢ 1390 8-129 09
short term . 7-159 0-0.59 1-690 g-21908
Maximum values for an average-sized
country: 16.59 139
Minimum value: -159

¥ As in Figure 1/P.11.
b Rec. G.121, § 1.

9 Rec. G.121, § 2.1.

9 Rec. G.121, § 3.

® When the international chain is digital, CLR = 0. If the international chain consists of one analogue circuit, CLR = 0.5, and
then OLR is increased by 0.5 dB. (If the attenuation distortion with frequency of this circuit is pronounced, the CLR may
increase by another 0.2 dB. See Annex A, § A.4.2 to Recommendation G.111.)

) See also the remarks made in Rec. G.111, § 3.2.

® Rec. G.111, §3.2.

National International "National —
system system system
S R
— O . 10O}
SLR J CLR J RLR
OLR
T1201701-88

CLR Circuit loudness rating RLR Receive loudness rating
OLR Overall loudness rating SLR Send loudness rating

FIGURE 1/P.11

Designation of LRs in an international connection
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TABLE 3/P.11

.. . Representative opinion results 2
Circuit noise
at point 0 dB RLR
(dBmp) Percent. Percent
“good plus excellent” “poor plus bad”

—65 > 90 <1
—60 85 2
-55 75 5
—50 65 10
—45 45 20

2) Based on opinion relationship derived from the transmission quality index (see Annex A).

2.3.2  Recommended values of circuit noise

Contributions to circuit noise from the various parts of a connection should be kept as low as practical.
The major source of circuit noise on medium or long connections is likely to occur in analogue transmission
facilities where the noise power is typically proportional to the circuit length. In Recommendation G.222, a noise
objective of 10000 pWOp or —50 dBmOp is recommended for the design of carrier transmission systems of
2500 km. When referred to a point of 0 dB receiving loudness rating (assuming a loss of 6 to 12 dB), this
corresponds to a noise level in the range from —62to —56 dBmp, which is sufficiently high to affect the
transmission quality. '

The decrease in quality is larger on longer circuits or in connections with several such circuits in tandem.
The CCITT states in Recommendation G.143 that it is desirable that the total noise generated by a chain of six
international circuits should not exceed —43 dBmOp when referred to the first circuit in the chain. This
corresponds to approximately —46 dBmOp at the end of the chain or —58 to —52 dBmp at a point with a 0 dB
receiving reference equivalent. Other sources of circuit noise in international connections should be controlled
such that their contribution is small compared to that permitted on analogue transmission facilities. Specific
guidance is provided in a number of Recommendations.

The limits for a single tone or narrow bands of noise should be more stringent than the limits for
wideband noise in order to avoid customer annoyance. As a general rule to limit annoyance from single frequency
tones, the power in any individual tone should be 10 dB less than the psophometric noise power in the circuit. To
avoid audibility, an additional 5 dB of margin is recommended where practical.

Note — The effect of impulse noise depends on the rate of occurrence. For pulses which were damped
2 kHz oscillatory transients with durations of about one millisecond (a pulse shape commonly encountered on
message facilities), limited test results have been reported in terms of the mean value of the peak power of the
individual impulses measured on the line at the telephone set. The results indicate that the noise pulses occurring
at an average rate of one per second or less are not annoying if their mean intensity is less that 65 dBrn
(—25 dBm). At the rate of 45 per second, an acceptable level of 30 dBrn (—60 dBm) was indicated.

2.4 Sidetone

Sidetone of a telephone set is the transmission of sound from the telephone microphone to the telephone
receiver in the same telephone set. Thus, the sidetone path of a telephone set is one of the paths through which the
talker hears himself as he speaks. Other such paths are the head conduction path and the acoustic path from the
mouth to the ear through earcap leakage. The presence of these other paths affects the customer’s perception of
sidetone and consequently his reaction to it.
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Sidetone affects telephone transmission quality in several ways. Too little sidetone loss causes the returned
speech levels to be too loud and this reduces customer satisfaction. Another aspect of insufficient sidetone loss is
that talkers tend to reduce their speech levels and/or move the handset away from the mouth, thus reducing the
received levels at the far end of the connection. Handset movement can also reduce the seal at the ear and thus
make it easier for room noise to reach the ear through the resulting leakage path, while reducing as well the level
of the received signal from the far end of the connection. In addition, the sidetone path provides another route by
which room noise can reach the ear. Very low levels of sidetone loss can effect transmission quality adversely. As
the sidetone loss is increased there is a general region of preferred loss values. Excessive sidetone loss can make a
telephone set sound dead as one is talking and, for many connections, the absence of sidetone would not be a
preferred condition.

Sidetone loss has, in the past, been rated as a loudness loss in much the same manner as connection
loudness loss, for example, in terms of sidetone reference equivalent (STRE) (Recommendation P.73, Red Book).
A better method, which yields ratings that correlate with the subjective effects of sidetone, for a subscriber when
considered as a talker, is described in Recommendation P.76. This method, Sidetone Masking Rating (STMR),
takes into account the head conduction and direct acoustic paths as a masking threshold.

Recent studies have shown that, due to the increasing use of linear microphones in telephone handsets, a
rating method is also necessary to control the loudness of room noise heard via the telephone sidetone path by
means of a Listener Sidetone Rating (LSTR). LSTR (Recommendations P.76 and P.79) uses the same concept and
calculation algorithm as STMR, but the sidetone sensitivity is measured using a room noise source rather than an
artificial mouth source.

The sidetone loss is influenced by the telephone set design and the impedance match between the
telephone set and the subscriber line. Impedance variations at the far end of the subscriber line can also have
significant mismatch effects on short subscriber lines with low loss. Impedance mismatches at other points in the
connection will also affect the returned signal, but, as the delay in the return path becomes significant, the effect
is generally considered as talker echo (see § 2.9).

2.4.1  Recommended values of sidetone loss

Recommendation G.121, § 5 provides guidance on preferred sidetone levels under various connection
conditions for the subscriber both as a talker (STMR) and listener (LSTR).

, Subjective test results of customer opinion as a function of sidetone loss in terms of STMR indicate a
preferred range of 7 to 12 dB (see also Supplement No. 11). Lower values cause a substantial reduction in
subscriber opinion and should only be used with caution. High values, up to 20 dB are acceptable, but higher
values cause the impression of a “dead” connection.

. To control the effects of high level room noise, the value of LSTR to strive for 13 dB. In general, this will
not always be possible as, for most telephone sets having linear microphones and speech circuits, LSTR is closely
linked to, and typically 1.5 to 4 dB greater than, STMR. [The relationship is determined by A, (DELSM), the
difference between the microphone sensitivity when measured with a room noise source and when measured with
a mouth. See Recommendations P.64, P.10, P.79, Supplement No. 11 and Annex A to Recommendation G.111,
§ A4.33]

Thus, connections having low values of STMR will generally also exhibit low values of LSTR.

2.5 Room noise

Room noise is the term used to describe the background noise in the environment of the telephone set. In
a residential location it may consist of household appliances, radio or phonograph noise, conversations or street
noise. In an office location, business equipment, air conditioning equipment and conversations are likely to
predominate. In many situations, the effect of room noise may be inconsequential compared to the effects of
circuit noise. In noisy locations such as call offices in public places, however, the effects of room noise may have
a substantial effect on the ease of carrying on a conversation or even in being able to hear and understand

properly.
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Room noise can manifest itself in several ways. One is through leakage around the earcap of the receiver.
Another is through the sidetone path of the telephone set if the sidetone loss is sufficiently low in comparison with
leakage past the earcap (see § 2.4 above). A third way is through the other ear, although the effect of this on
telephone reception is usually less than that of noise entering the “telephone ear”, unless the sound in the room
causes distraction (a baby crying, for example). A fourth way is through the transmitter over the connection to the
receiving telephone set.

The previous discussion applies primarily to conventional telephone sets. Loudspeaking telephone sets are
more susceptible to room noise.

Noise present in stationary or moving vehicles (not commonly referred to as & room noise) may also have
a substantial effect on the ease of carrying on a conversation or in being able to hear and understand properly
over telephone connections involving mobile station.

2.6 Attenuation distortion

Attenuation distortion is characterized by transmission loss (or gain) at other frequencies relative to the
transmission loss at 800 or 1000 Hz. Thus, attenuation distortion includes the low-frequency and high-frequency
rolloffs which determine the effective bandwidth of a telephone connection, as well as in-band variations in loss
as a function of frequency. The loudness loss and articulation of a telephone connection are respectively a
function of the attenuation distortion. Even when the loudness loss is maintained at a constant value, opinions of
the transmission quality as determined by subjective tests usually get worse as the amount of attenuation distortion
increases.

The effect of attenuation distortion on loudness is greater at the lower end of the frequency band than at
the higher end. The effect of attenuation distortion on sound articulation is, on the contrary, more marked at the
higher frequencies. For both loudness and articulation impairments due to bandpass characteristics, it can be
assumed that the impairment values due to highpass and lowpass characteristics add directly if each attenuation
distortion slope is greater than 15 dB/octave.

The effect of attenuation distortion on listening and conversation opinion scores decreases noticeably as
the overall loudness loss of a connection increases, particularly when circuit noise also exists. The effect of
attenuation distortion on opinion scores is typically less than that of loudness loss, particularly at high values of
loudness loss, but may be comparable to that of noise when the values of loudness loss and noise are both low.

The current network performance objectives for attenuation distortion in the electrical transmission
elements of a worldwide 4-wire chain of 12 circuits are given in Recommendation G.132 but, of course, the
frequency characteristics of the telephone sets themselves have some influence.

Note — Further information on the effects of attenuation distortion on transmission quality are provided
in Annex B.

2.7 Group-delay distortion

Group-delay distortion is characterized by the group delay at other frequencies relative to the group delay
at the frequency where the group delay has its minimum value. Although the effect of group-delay distortion is
usually a more significant impairment for data transmission than for speech transmission, large amounts of
group-delay distortion can cause noticeable distortion for speech signals.

The effect of group-delay distortion at the upper and lower edges of the transmitted band can be described
as “ringing” and “speech blurred”, respectively. In the absence of noise or attenuation distortion, the effect is
conspicuous throughout the entire range of typical loudness loss values. However, the effect in a typical 4-wire
circuit chain is usually not serious since the group-delay distortion is normally accompanied by closely related
attenuation distortion which tends to reduce the effect.

The current performance objectives for group-delay distortion for a worldwide chain of 12 circuits are
given in Recommendation G.133.

Note — Further information on the effect of group-delay distortion is provided in Annex C.
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2.8 Absolute delay

Values of absolute delay typical of those present in terrestrial transmission facilities have little effect on
speech transmission quality if there is no talker or listener echo (4-wire connections, for example) or if the talker
and listener echo are adequately controlled. Satellite facilities introduce larger amounts of delay (approximately
300 ms in each direction of transmission) and, again, the available opinion data indicates that there is little effect
on the transmission quality of connections with a single satellite circuit, provided talker and listener echo are
adequately controlled. Less data are available on the effects of one-way delays of approximately 600 ms (two
satellite circuits in tandem) and the results are not entirely consistent. Therefore, caution is recommended with
regard to the introduction of one-way absolute delay significantly greater than 300 ms.

Note — The effects of echo, echo control and propagation time are under study in Question 27/XII.

29 Talker echo

Talker echo occurs when some portion of the talker’s speech signal is returned with enough delay
(typically more than about 30 ms) to make the signal distinguishable from normal sidetone. Talker echo may be
caused by reflections at impedance mismatches or by other processes such as go-to-return crosstalk. The effect of
talker echo is a function of the loss in the acoustic-to-acoustic echo path and the delay in the echo path. In
general, customer satisfaction is decreased as the loss of the echo path is decreased or the delay of the echo path is
increased.

The overall loudness rating of the echo path is here defined as the sum of:

— the loudness rating in the two directions of transmission of the local telephone system of the talking
subscriber (assumed to have minimum values of loudness rating);

— the loudness rating in the two directions of transmission of the chain of circuits between the 2-wire
end of the local telephone system of the talking subscriber and the 2-wire terminals of the 4W/2W
terminating set at the listener’s end;

— the mean value of the echo balance return loss at the listener’s end.

Echo tolerance curves are provided in Figure 2/G.131 which indicate the recommended LR of the echo
path to control the probability of objectionable echo.

Note — The effect of echo and propagation time is under study in Question 27/XII.

2.10  Listener echo

Listener echo refers to a transmission condition in which the main speech signal arrives at the listener’s
end of the connection accompanied by one or more delayed versions (echoes) of the signal. Such a condition can
occur as the result of multiple reflections in the transmission path. A simple, yet common, source of listener echo
is a low loss. 4-wire transmission path which interconnects two 2-wire subscriber lines. In such a connection,
reflections can occur as the result of impedance mismatch at the hybrids at each end of the 4-wire section. A
portion of the main speech signal can thus be reflected at the far end of the 4-wire path, return to the near end
and be reflected again. The result is a listener echo, whose magnitude, relative to the main signal, depends on the
two return losses and the two-way loss or gain of the 4-wire transmission path. The delay of the echo is
determined primarily by the two-way delay of the 4-wire transmission path. For small delays, the listener echo
results in a change in the spectral quality of the speech. For longer delays, the echo is more pronounced and is
sometimes referred to as a “rain barrel” effect.

Listener echo may be characterized by the additional loss and additional delay in the listener echo path
relative to that in the main signal path. The minimum value of the additional listener echo path loss over the
frequency band of interest provides .a margin against instability or oscillation. As a result, listener echo is
frequently referred to as near-singing distortion. Recommendation G.122 provides guidance on the influence of
national networks on stability in international connections.
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2.11 Nonlinear distortion

Nonlinear distortion, in its most general sense, occurs in systems in which the output is not linearly related
to the input. A simple example is a system in which the output signal can be represented, as a function of the
input signal ¢;(¢), by a power series of the form:

e, (1) = aiei(t) + amei(t) + aze(t) + ...,

which, in the case of a sinusoidal input, creates second, third and higher order harmonics in the output signal. For
more complex signals, the nonlinear terms are frequently referred to as intermodulation distortion. Nonlinear
distortion is normally a more significant impairment for data transmission than it is for speech transmission, but
it can also be important for speech.

Up until now, one of the major sources of nonlinear distortion in telephone connections has been
telephone sets using carbon microphones. Although carbon microphones are now being rapidly replaced by linear
microphones, additional potential sources of nonlinear distortion are being introduced, e.g. by the use of digital
encoding schemes, especially at low bit-rates. Theses schemes introduce quantizing distortion (see § 2.12) which is
a particular form of nonlinear distortion. In addition, other devices such as syllabic compandors and overloaded
amplifiers may be significant contributors.

Further information relevant to carbon and linear microphones is provided in Annex D, while Annex F
contains information on the subjective effects of nonlinear distortion in general.

Note — Nonlinear distortion (and especially the definition of a suitable objective measurmg method) is
being studied under Question 13/XII.

2.12  Quantizing distortion

Quantizing distortion occurs in digital systems when an analogue signal is sampled and each sample is
encoded into one of a finite set of values. The difference between the original analogue signal and that which is
recovered after quantizing is called quantizing distortion or quantizing noise. For many digital encoding
algorithms, such as A-law or p-law PCM, which have a nearly-logarithmic companding law, the subjective effect
of quantizing distortion can be approximated by adding signal-correlated noise (white noise which has been
modulated by the speech signal). Such a signal can be generated in a modulated-noise reference unit which can be
adjusted to provide a reference signal with a selected and nearly constant signal to signal-correlated-noise ratio.
Recommendation P.70 describes the modulated-noise reference unit recommended by CCITT for use in evaluating
digital codecs for telephone speech applications. The signal to signal-correlated-noise ratio, when expressed in
decibels, is called Q. The effective Q of an unknown digital system can be determined by subjective comparison
with the modulated-noise reference unit. (Supplement No. 14 provides guidelines on use of the modulated noise
reference unit of Recommendation P.81.)

Subjective test results have been reported by some Administrations which have evaluated the effects of
both circuit noise and Q on customer opinion. Results from tests of this type permit estimates to be made of the
circuit noise level, which could provide approximately the same transmission quality ratings as a given level of
quantizing distortion.

Note — Further information is provided in Annex E. The transmission performance of digital systems is
under study in Question 18/XII.

2.13  Phase jitter

Phase jitter occurs when the desired signal, during transmission, is phase- or frequency-modulated at a
low-frequency rate. If such distortion is present in sufficient quantity, the transmission quality is degraded.
Table 4/P.11 summarizes the threshold data for single-frequency phase jitter which have been reported by one
Administration. The results are in terms of the mean threshold expressed in terms of the signal-to-first
order-sideband (C/SB) ratio in decibels. The average standard deviation across subjects was about 4 dB.

2.14  Intelligible crosstalk

Intelligible crosstalk occurs when the speech signal from one telephone connection is coupled to another
telephone connection such that the coupled signal is audible and intelligible to one or both of the participants on
the second telephone connection. Although the level of the intelligible crosstalk may be high enough to degrade
the transmission quality, the major concern is the loss of privacy.
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TABLE 4/P.11

Phase jitter Mean threshold C/SB ratio (dB)
modulation rate _

(Hz) ‘ Male talkers Female talkers
25 109 13.8
80 14.4 16.3

115 12.3 18.3

140 13.8 20.0

200 17.0 18.0

A number of factors influence the intelligibility of a signal which is coupled from one telephone
connection to another. They include the characteristics of the telephone apparatus (including sidetone), circuit
noise, room noise, the coupling loss, the interfering talker’s speech level and the hearing acuity of the listener.

Information is provided in Recommendation P.16 on the intelligibility threshold for crosstalk and on
methods for calculating the probability of intelligible crosstalk. Design objectives for the various apparatus in
telephone connections should be selected such that the probability of intelligible crosstalk is sufficiently low.
Typically, objectives are intended to keep the probability below one percent in connections where the interfering
and interfered-with parties are unlikely to know each other and unlikely to suffer the same coupling again. A
more stringent objective of 0.1 percent is typical for use in local equipment such as subscriber lines where the two
parties may be neighbours.

3 Effect of multiple impairments and the use of opinion models

Transmission performance of a practical connection can be affected by several transmission impairments
which are likely to coexist. Although results for customer opinion in the form described in § 2 are useful in many
studies involving one or two types of transmission impairments, they become increasingly cumbersome as the
number of impairments under study increases. This has led to the study of more extensive analytical models of
customer opinion which can be based on the composite results of a number of individual tests and studies. The
formulation and use of these more comprehensive models are aided by the availability of modern digital
computers. Ideally, such models might eventually include the effects of all or most of the significant types of
transmission impairment mentioned in § 2 above.

Note — Although some Administrations have reported on efforts directed toward this goal, the subject of
models for predicting transmission quality from objective measurements is still under study in
Question 7/XII [11]. Examples of opinion models used by Bellcore, British Telecom, NTT and CNET are given in
Supplement No. 3 at the end of this Volume.

ANNEX A

(to Recommendation P.11)

Transmission quality index

Al Introduction

This annex which was prepared as part of the reply to Question 4/XII (1985-1988) describes a simple
conversation opinion model for predicting the combined effects of overall loudness rating (OLR) in terms of
Recommendation P.79 and psophometric noise in dBmp. It also includes the efforts of sidetone masking rating
(STMR), room noise in dBA and attenuation distortion.
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A2

A3

Connection parameters used in the model

The following list gives the connection parameters and their range of values..

OLR
CN

RN

Q
STMR(T)
STMR(L)
FL

FU

Connection parameters

Overall loudness rating in dB

Circuit noise at 0 dB, RLR in dBmp

Room noise in dBA

Signal/quantizing distortion in dB

Sidetone masking rating (talker end) in dB
Sidetone masking rating (listener end) in dB
Lower cutoff frequency (10 dB) in Hz
Upper cutoff frequency (10 dB) in Hz

Basic model for transmission quality index

I
I(S/N)

OLRe

OLRp
NT

Nt
RNE(L)

RNE(S)

NF
NQ
I(BW)

IST)

Il

I(S/N)I(BW)I(ST)

Index for loudness loss and circuit noise

1.026 — 0.013)/(OLRe — OLRp)® + 4 — 0.01( NT + 80)
Effective OLR with effect of STMR(T) on speech level

OLR for STMR(T) > 12 dB
OLR + [12 — STMR(T))/3 for STMR(T) < 12 dB
Optimum value of OLR as function of CN and RN

10 — (NT + 80)/10

Circuit noise equivalent of all noise in dBmp

Nl (+) NF(+) N(Q)

Circuit noise equiv>a1ent of circuit noise and room noise in dBmp
CN (+) RNE (L) (+) RNE(S)

Circuit noise equivalent due to room noise and earcap leak in dBmp
RN — 116

Circuit noise equivalent due to room noise and sidetone path in dBmp
RN — 100— STMR(L) — D

Sidetone rating for room noise — STMR(L)

15 — 0.006 (RN — 30)? (Carbon Transmitter)

3 (Linear Transmitter)

Apparent noise floor

—70 dBmp (default value)

Circuit noise equivalent of quantizing distortion in dBmp

—3 — OLR - 22Q

Index for bandwidth

[1 — 0.0008(FL — 200)] [1 — 0.00022(3400 — FU)]

Index for sidetone

1 — 0.00003(OLRe) [STMR(L) — 15P

Range

0to 40
—80to —40
30to 70

0 to 100
0 to 20
0 to 20
200 to 600
2500 to 3400

(A-1)

(A-2)

(A-3)

(A-4)

(A-5)

(A-6)

(A7)

(A-8)

(A-9)

(A-10)

(A-11)

(A-12)

(A-13)
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FI = 721-2

X = 0.96(Ff — 2) + 0.041(FI - 2)}

MOS = 4 exp(X)/[1 + EXP(X)]

%(G + E)= 100/{1 + exp(— QA4)]

QA = 15957741 + 0.04592 42 — 0.000368 4* + 0.000001 A5)
A = FI-25

%P + B)= 100 — 100/[1 + exp(— OB)]

QB = 159577 B(1 + 0.04592 B? — 0.000368 B* + 0.000001 B¢)
B - FI-15 |

G = Good

P = Poor

E = Excellent

B - = Bad

(A-14)
(A-15)
(A-16)
(A-17)
(A-18)
(A-19)
(A-20)
(A-21)
(A-22)

A4 Typical results
Typical results from the model in terms of mean opinion score (MOS) are shown in- Figures A-1/P.11 to
A-7/PA1.

26
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Overall loudness rating

FIGURE A-1/P.11

Transmission quality index as a function of overall loudness rating and circuit noise
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Mean opinion score as a function of circuit noise with OLR = 10 dB
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Mean opinion score as a function of quantizing distortion
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Mean opinion score as a function of room noise and sidetone with a carbon microphone
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Mean opinion score as a function of lower and upper cutoff frequencies
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ANNEX B

(to Recommendation P.11)

Effects of attenuation distortion on transmission performance

B.1 Effect of attenuation distortion on loudness and articulation

The effect of attenuation distortion on loudness is more marked at a lower frequency band than at a
higher one.
The effect of attenuation distortion on sound articulation is, contrary to loudness, more marked at a

higher frequency band than at a lower one. Attenuation distortion equivalent values (IL) and articulation
equivalent loss values (I5) are equivalent loss difference values referred to a system without frequency band

restriction.

For both attenuation distortion equivalent and articulation equivalent loss values due to bandpass
characteristics, it can be assumed that an additivity law of impairment values due to highpass and lowpass
characteristics holds true, if each attenuation slope is steeper than 15 dB/octave.

These phenomena are induced based on the calculation and subjective test study results as shown in
Figures B-1/P.11, B-2/P.11, B-3/P.11 and B-4/P.11.

Note — Attenuation distortion equivalent and articulation equivalent loss described here are determined
in reference to a complete telephone speech path without attenuation distortion junction.

B.2 Effect of attenuation distortion on listening and conversation opinion scores

The effect of attenuation distortion on listening and conversation opinion scores increases noticeably as
the overall loudness loss of a connection decreases. This tendency can be more marked when circuit noise exists.

The effect of attenuation distortion on opinion scores is somewhat less than that of loudness loss, which is
always dominant at any, particularly high overall loudness loss. However, its effect seems to be comparable to, or
even larger than, that of noise under certain conditions, especially in connections of lower overall loudness loss.

See Figures B-S/P.ll‘, B-6/P.11, B-7/P.11 and Table B-1/P.11.
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FIGURE B-1/P.11
Cutoff frequency effect on loudness
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TABLE B-1/P.11

Opinion test conditions

No. Item‘

Conditions of conservation
opinion test using local
telephone systems

Note

1 Junction loss

3,13, 23,29 dB

Measured at 800 Hz

2 Circuit noise level

ICNy® = —48.5 dBmp
(14 000 pWp)
—54.5 dBmp
(3500 pWp)
—60.5 dBmp
(900 pWp)
—78.5 dBmp
(14 pWp)

Including exchange noise:
—8 dB/octave spectrum
characteristics

3 Room noise

50 dBA

4 Sending and receiving end

Local telephone systems
Telephone: Model 600

Subscriber line: 0.4 mm &,
7 dB at 1500 Hz

Feeding bridge: XB exchange
(220 + 220 @)

Junction impedance: 600 Q

SCRE + RCRE = 9.3 dB"Y

5 Attenuation distorsion

D1, D2, D3, D4
(Figure B-5/P.11)

3 Injected circuit noise referred to the input of a telephone receiving end with 0 dB receive corrected reference equivalent.

» SCRE = sending corrected reference equivalent, RCRE = receiving corrected reference equivalent.
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Attenuation distortion effect on conversation opinion score

34 Volume V — Rec. P.11



100 -
I~ | l
\\.~ ~.o Room noise 50 dBA
~ o ICNg: —54.5 dBmp
~ N
” N, | 02 N\
\ .
oy . \ \ \
\ \
2 AN
L-II: \\ \ \
& oso ‘\ \
: R
5 « (\\\
\ .
AN
2% AN N,
v MR
\\\ \
\ Y
\1
0 -—
-5 0 ) 0 ) 2 25 % dB
Jonction loss ccnT - 3760
FIGURE B-7/P.11
Attenuation distortion effect on percent F, G and E in conversation test
B.3 Examples of attenuation distortion characteristics effect
TABLE B-2/P.11
Example of various methods to express attenuation
distortion characteristics
Characteristic parameters Equivalent loss (dB)
. Cutoff .
Attenuation Slope Insertion loss
distortion frequency (dB/oct) (dB) Aspect 1 Aspect 2 Aspect 3
(Hz)
fLio fH10 fuo f[-“o at 300 Hz |at 3.4 kHz| I Ia Is IYC lo.rGe
D4 150 3500 7.0 300 3.8 0 0 0 0 0 0
D3 210 3400 10.0 31.5 5.2 10 0.8 0.3 - 2.3 1.8
D2 280 3300 10.7 29.1 8.8 10 1.2 0.5 1.8 3.8 2.8
D1 420 3100 22.2 31.1 20.0 15 32 2.2 42 7.8 6.3

IL Attenuation distortion equivalent (calculated value).

Ia Articulation equivalent loss difference at 80% sound articulation (calculated value).

I,s MOS equivalent loss difference at Y g = 2.5.
Iy, MOS equivalent ldss difference at Y¢ = 2.5.

Iwrge Accumulated rating equivalent loss difference at 50% F, G and E.
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B.4 Evaluation method using the attenuation distortion unit (adu)

The attenuation distortion unit (adu) may be used for evaluation of the attenuation distortion effect.
However, a planning rule based on using an adu is not required.

Note — The attenuation distortion of a digital system is controlled by the existing planning rule based on
using a quantizing distortion unit (qdu) because the methods used to assign qdu’s to a digital system account for
the effect of attenuation distortion. Therefore, there is no need for a planning rule based on using an adu.

The definition of attenuation distortion for one adu is shown in Table B-3/P.11.

TABLE B-3/P.11

Definition of attenuation distortion for one adu

Frequency Loss .
(Hz) (dB)
200 1.57
300 0.40
400 0.12
500 0.08
600 0.06
800 0.01
1000 0
2000 —0.02
2400 0.05
2800 0.14
3000 0.17
3400 1.04

Note — This characteristic for one adu is
based on Table A-4/G.113.

; Sensitivity/frequency characteristics of local telephone systems (LTS) used to determine the effects of using
adu’s on speech quality are shown in Table B-4/P.11. These are intermediate reference system (IRS) characteristics
without- SRAEN filter characteristics. The IRS for each sending and receiving portion should be used as the
sending and receiving portions of the network. For an ordinary telephone set, the differences in sensitivity/
frequency characteristics are calculated from the IRS characteristics without SRAEN ﬁlter characteristics and
transformed to adu numbers by the adu number rating method.

A rating method for attenuation distortion characteristics with regard to the number of adu’s is described
by the following equation:

1 (4 A’ A’ A’
N= - ( 300 + 400 500 + 3000 )
4 \ A Aaoo Asoo A3000
where:
N is the number of adu’s
A’y is the attenuation distortion of characteristics to be rated at frequency f(dB)

Ay is the attenuation distortion of one adu at frequency f(dB).

Opinion equivalent loss values for various numbers of adu’s are shown in Figure B-8/P.11. Using the
frequency characteristics shown in Tables B-3/P.11 and B-4/P.11, the reference point and number of adu’s is
calculated by the adu number rating method. According to Figure B- 8/P11 thé total equivalent loss is
approximately 0.15 dB per adu and is proportional to the number of adu’s.
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TABLE B-4/P.11

LTS sensitivity/frequency characteristic
used to determine the effects of using adu’s

Source

o Annex A of this
Recommendation

O China [1]
A ATT [2]
e NTT [3]
¢ NTT [4]
A Total loss

Relative response (dB)
Frequency
(Hz) ) .
Sending Receiving
100 -22.0 -21.0
125 —18.0 —-17.0
160 —14.0 —13.0
200 —-10.0 -9.0
250 —6.8 -5.7
315 —4.6 -29
400 -33 —-1.3
500 -2.6 —0.6
630 -22 —-0.1
800 —-1.2 0
1000 0 0
1250 1.2 0.2
1600 2.8 0.4
2000 3.2 0.4
2500 4.0 -03
3150 4.3 -0.5
4000 0 —-11.0
5000 —6.0 —-23.0
6300 —-12.0 -35.0
8000 —18.0 —-53.0
dB
16
12 - //“A/,
: e
5 s %
®
E gz
)
4 /ﬁ%
0

10 20 30 40 50 60 70 80 90 100
Number of adu’s T1201530-88
Number of adu’s | 0 10 20 | 30 | 40 50 | 60 70 | 80
Junction
loudness rating 0 10118 (24 1]31(137 )43 ]51]569
Total loss 0 31148 |61 ) 75|89 [102{11.3|12.7

FIGURE B-8/P.11

Opinion equivalent loss value for various numbers of adu’s
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ANNEX C

~ (to Recommendation P.11)

Effects of group-delay distortion on transmission performance

The effect of group-delay distortion is described as “ringing” at the upper part of a transmitted frequency
band and as “speech blurred” at the lower part.

Absence of noise or attenuation distortion has such an influence as to hold the effect conspicuous
throughout the possible overall loudness range of a connection.

However, its practical effect in a 4-wire circuit chain does not seem serious, since it is usually
accompanied by closely related attenuation distortion.

See Figures C-1/P.11, C-2/P.11 and C-3/P.11.
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Note - The test conditions are the same as those for the attenuation-distortion opinion test. The circuits modelling junction group-delay -
distortions used in the test are free from attenuation distortion.

FIGURE C-1/P.11

Junction group-delay distortion of test connection
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ANNEX D

(to Recommendation P.11)

Effects of carbon and linear microphones
on transmission performance

Information on the performance of carbon microphones as opposed to linear (non-carbon) microphones
has been collected. The performance depends not only on differences in the content of non-linear distortion due
to harmonics and intermodulation products but also on differences in amplitude/frequency distortion (“linear
distortion™) and amplitude/amplitude distortion (level-dependent sensitivity) between the two types of micro-
phones.

Typical examples of results from comparative tests are given in Figure D-1/P.11. The diagrams show
transmission performance measured as articulation or mean opinion score (for conversation or listening only) as
functions of reference equivalent or speech level.

No general conclusion can be drawn from such results coming from different sources and dealing with
various makes of microphones, because the individual effects of non-linear distortion and of frequency and
amplitude-dependent sensitivity cannot be separated. Nevertheless, all three examples indicate some improvement
of the transmission performance when a carbon-type microphone is replaced by a linear microphone.

In the particular example ¢) there is a significant improvement at optimum listening level while there is no
difference (or even negative difference) at low listening levels. In that case, with room noise present and
insufficient sidetone loss (sidetone reference equivalent 1-4 dB for this test condition) the inferior sensitivity of the
specific type of carbon microphone to sound in the acoustic far-field may be an advantage.

For transmission over a bandwidth larger than the conventional telephone band — and in particular for
loudspeaker listening — it is likely that there is a more noticeable improvement in sound quality if linear
microphones are used instead of carbon microphones.
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ANNEX E

(to Recommendation P.11)

Quantizing distortion of digital systems

To enable network planning for telephone speech transmission, it is convenient to assign appropriate
weights to any nonstandard analogue/digital conversion process, transmultiplex pairs and processes introducing
digital loss. An appropriate method is to consider that 1 unit of impairment is assigned to an 8-bit A- or p-law
codec pair to cover quantizing distortion. A planning rule provisionally agreed is to allow 14 units of impairment
for an overall international connection, with up to S units for each of the national extensions and 4 units for the
international chain. Such a rule would allow 14 tandem unintegrated 8-bit processes.

A subjective opinion model (see Supplement No. 3 at the end of this Volume) provides results which
indicate that the Q2 for an overall connection with 14 unintegrated 8-bit systems in tandem is about 20 dB. The
same model shows that one 7-bit system has the same Q as about three 8-bit systems. (This is based on the finding
that subjective Q values for digital systems combine on a 15 log, basis, i.e. 2 digital systems each with a
Q = 24.5 dB would yield a Q = 20 dB when connected asynchronously in tandem.) It is recommended that until
further information is available, 3 units of impairment (3 qdu) be assigned to a 7-bit system on speech
transmission quality.

The provisional values given in Table E-1/P.11 for impairment unit assignment are recommended for
planning purposes. These assignments are based on telephone speech considerations.

Note — These preliminary conclusions are based on a limited amount of information and ‘the weights
may be revised if new information becomes available.

TABLE E-1/P.11

Impairment unit assignments for telephone speech transmission

Process Number of Tmpa1rment Remarks
units
One 8-bit A-law or u-law PCM 1 (Note 1)
7-bit PCM codec-pair (A-law or p-law) 3 (Note 1)
One digital pad realized by manipulating 8-bit
PCM code words 1 (Note 2)
One 32 kbit/s ADPCM-V 35 (Note 3)

Note I — For general planning purposes, half the values indicated -may be assigned to e¢ither of the send or
receive parts.

Note 2 — The impairment indicated is about the same for all digital pad values in the range 1-8 dB. One
exception is the 6 dB A-law pad which introduces negligible impairment for signals down to about
—30 dBmO and thus attracts 0 units of quantizing distortion.

Note 3 — ADPCM-V = ADPCM with adaptive predictor (Recommendation G.721).

2 Qs the ratio of speech power to speech-correlated noise power determined subjectively by using the MNRU (Modulated
Noise Reference Unit) (see the Recommendation P.81). Methods used for subjective assessment of codecs using the MNRU
are outlined in Supplement No. 14.
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ANNEX F
(to Recommendation P.11)

Effects of nonlinear distortion on transmission performance

The subjective effects of nonlinear distortion on real speech are highly dependent on the exact form of the
nonlinearity. Figure F-1/P.11 gives some guidance on the degration introduced in terms of mean opinion scores
obtained in actual subjective tests carried out by BNR in 1982 and 1986 and by NTT in 1986, for two forms of
generalized nonlinearity namely, quadratic and cubic.

The main point to note is that, for a given amount of distortion (expressed in terms of the percentage of
harmonic distortion of a sinusoidal signal having the same r.m.s. level as speech), the subjective effect of cubic
nonlinearity is considerably more severe than that of quadratic nonlinearity.

The information given in Figure F-1/P.11 was derived from experiments based on a talker-to-listener path,
and does not necessarily apply to nonlinear distortion occurring in a talker sidetone path, where there will be a
masking effect of the undistorted speech signal.
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c - -
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FIGURE F-1/P.11

Subjective ratings for nonlinear distortion
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Recommendation P.16

SUBJECTIVE EFFECTS OF DIRECT CROSSTALK;
TRESHOLDS OF AUDIBILITY AND INTELLIGIBILITY

(Geneva, 1972; amended at Geneva, 1976, 1980;
Malaga-Torremolinos, 1984; Melbourne, 1988)

1 Factors which affect the crosstalk threshold

The degree of audibility and intelligibility of a crosstalk signal depends on a large number of factors.

The main factors influencing the intelligibility of the vocal crosstalk signal are listed below.

1.1 Quality of transmission of telephone apparatus

The sending and receiving loudness ratings arre decisive factors. The same is true of the sidetone rating
when room noise is present. The use of modern telephone apparatus with smooth frequency response curves is
assumed.

1.2 Circuit noise

The circuit noise on the connection of the disturbed call must be taken into account. The noise level is
measured by a psophometer equipped with a weighting network for telephone circuits, as described in Recommen-
dation O.41. ‘

1.3 Room noise

Room noise affects the ear directly through earcap leakage between the ear and the receiver and indirectly
by sidetone. Sidetone also depends on operating conditions. Unlike circuit noise, the effect of room noise can be
reduced to some extent by the user of the telephone. For this reason, and to allow for unfavourable cases,
measurements on the audibility of crosstalk have been made with slight room noise as well as with negligible
room noise. Because the audibility threshold is very sensitive to masking effects, «negligible» room noise means a
noise level well below 10 dBA. The relatively low noise level of 40 dBA has a very marked masking effect and
may therefore serve as an example of “slight” room noise.

14 Telephone set noise

In addition to the masking effects on crosstalk by circuit noise and room noise, the internal noise of the
telephone set in the disturbed connection has to be considered. In modern telephone sets this noise is generated in
the electronic circuitry (amplifiers, etc.) while in older sets the origin is noise from the carbon microphone. The
internal noise can be expressed and treated as an equivalent circuit noise.

1.5 Conversation on the disturbed connection

During active speech on the disturbed connection, practical levels of crosstalk are inaudible. However,
before the conversation starts or during long pauses in the conversation, it is possible for crosstalk to be heard
and perhaps understood. In general, it would be unwise to plan on the basis that the disturbed connection is
always active; accordingly, the information given in this Recommendation assumes no conversation on the
disturbed connection.

1.6 Crosstalk coupling

The intelligibility of a vocal crosstalk signal depends largely on the nature of the crosstalk coupling, which
is generally a function of frequency.

The loudness rating of the crosstalk transmission path — from the speech signal present on the disturbing
line to the subscriber’s set subject to the disturbance — can be divided into the loudness loss of the crosstalk path
from the disturbing to the disturbed line and the receive loudness rating of the disturbed subscriber’s set.
Figure 1/P.16 illustrates this subdivision.
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FIGURE 1/P.16

Subdivision of crosstalk transmission path

For a given speech level V,, the intelligibility of the crosstalk signal depends on the loudness rating d + r.
In Recommendation G.111, § A.4.4.4, the crosstalk receive loudness rating is defined as:

XRLR = RLR(set) + L,

where RLR(set) refers to the disturbed telephone set.

The crosstalk loudness L, is computed as a loudness rating but with the exponent m = 1, which is valid
near the audibility threshold.

In the absence of further information, the value of L, may be approximately taken as the attenuation
measured or calculated at a frequency of 1020 Hz.

2 Median listener threshold of the audibility and intelligibility of vocal crosstalk

The curves in Figure 2/P.16 represent the crosstalk receive loudness rating corresponding to the threshold
of audibility and intelligibility (XRLR;) as a function of circuit noise. For planning purposes, it is recommended
that room noise be regarded as negligible, which represents the most unfavourable condition.
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FIGURE 2/P.16

Threshold value of crosstalk receive loudness rating as a function of circuit noise

The criterion for the threshold of audibility is that the presence of a speech signal is only just detectable
but that no part of the speech can be understood. The criterion for the threshold of intelligibility is that single
words or phrases can sometimes be understood while listening to a conversation.

The threshold curves represent median values for the two criteria such that in each case 50% of subscriber’s
opinions are respectively above and below the particular curve. The standard deviation for listeners has been
observed to lie in the range 4 to 6 dB and a value of 5 dB is recommended for planning purposes. Typical
response curves for a large sample of listeners for the threshold criteria are shown in Figure 3/P.16 (no circuit
noise). The difference in XRLR between the two curves is about 12 dB.

The results of the original experiments (from which the curves in Figure 2/P.16 were drawn) were
expressed in terms of speech level (e.g. in Volume Units (VU)) and on that basis showed a satisfactory degree of
coherence.

However, earlier versions of Recommendation P.16 were based on the assumption that there is a fixed
relationship between the sending loudness rating and the speech level on the line. This assumption required a
correction in the range of 11 dB and is therefore not justified. Furthermore, speech levels expressed in Volume
Units appear to differ systematically as measured in different countries on identical speech samples. Therefore, a
fixed speech level on the disturbing line is assumed, independent of the send loudness rating (SLR) of that circuit.

The thresholds given in Figure 2/P.16 are based on the assumption that the speech level V, under normal
conversational conditions is —18 dBV active speech level (measured according to Recommendation P.56) at the
terminal of the disturbing telephone set. This value is the estimated average of the conversational level in many
countries at the send end of a connection with fairly high overall loudness rating [between the optimum and the
maximum permitted (OLR)]. :
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Listener distribution of crosstalk receive loudness rating
required for different threshold definitions

The standard deviation of talking levels is fairly high. For calculation purposes a value of ¢ = 5 dB
should be used.

To calculate the threshold value for a speech level different from — 18 dBV, the XRLR, value should be
corrected by the amount of the difference, with its sigh (higher levels require higher XRLR values, and vice versa).

The value XRLR, is the sum of the crosstalk path loudness loss and the receiving loudness loss on the
disturbed line. In order to obtain the loudness loss of the crosstalk path, L., for a particular threshold value, the

RLR(set) value has to be subtracted.

In general, for any speech level and receiving loudness rating, L, is obtained from Figure 2/P.16 as:

L. = XRLR, — RLR(set) + (18 + V.)

3 Effects of room noise

Room noise reaches the listener’s ear both by leakage under the earcap of the telephone handset and by
the sidetone path. For a given sidetone the room noise can be converted to an equivalént circuit noise by means
of a transmission model such as described in Supplement No. 3. A family of conversion curves with sidetone loss

as parameter is found in Figure 2 of this Supplement.

As an example, with a fairly high sidetone loss (the same as used in the previous version of Recommenda-
tion P.16) a level of 40 dBA room noise is equivalent to a circuit noise level of —85 dBmp. This noise level
reduces the threshold XRLR value by about 8 dB. An additional reduction will in most cases be caused by earcap

leakage.

However, the importance of this effect cannot be generally predicted, since it depends both on the shape
of the earcap and on user habits.
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4 Crosstalk probability

While the curves in Figure 2/P.16 present the median values for various noise conditions, the curves ub
Figure 3/P.16 represent the probability of audible or intelligible crosstalk, in percent, for the negligible noise
condition. Similar probability curves can be derived from the median values for any circuit noise condition by the
use of cumulative normal distributions with a standard deviation of 6 dB.

In a more general case, the talker variance should also be added. The mean speech level used in the
calculations may be chosen to be lower than the relatively high level assumed in Figure 2/P.16, e.g. —20 dBV,
which is closer to the average level in the network. An example of such an overall probability calculation is given
in Annex A. .

The threshold values of crosstalk loudness rating given in this Recommendation can be used in different
ways. One possible interpretation is to require all normal telephone connections (i.e. faulty connections excluded)
to have crosstalk conditions between the two threshold criteria. This means that, on the one hand, there is no
point in requiring a higher crosstalk attenuation than the one corresponding to the audibility threshold and, on
the other hand, that the intelligibility threshold should not be exceeded.

Another interpretation is to set the requirement so that there is a given small probability (e.g. 5%) that
intelligible crosstalk can be encountered with negligible room noise and with the lowest circuit noise level found
in the network. In practice, noise conditions are more favourable in the sense that crosstalk quite often is masked
by room and circuit noise to the extent of becoming inaudible. For the average of all connections the risk of
intelligible crosstalk will therefore be much smaller than the given percentage for the most unfavourable condition.

Crosstalk requirements may not necessarily be the same for all parts of the network. Although the
maintenance of telephone secrecy is primordial, the subscriber is more likely to make a severe judgment on
crosstalk in a local call taking place in his immediate environment and in which indiscretion due to crosstalk may
have unfortunate social consequences. The problem of “social crosstalk” is dealt with in [1].

In practice, simultaneity of speaking on the disturbing line and listening on the disturbed line (during
conversation pauses) is not present in all cases. Information concerning this topic and showing how ti calculate
the probabilities concerned will be found in [2].

As guidelines, the probabilities of subscribers encountering potentially intelligible crosstalk should not be
worse (i.e. higher) than the following:

— own exchange calls: 1 in 1000,

— other calls: 1 in 100.

Note — The fundamentals of calculating crosstalk probability in general are considered in Recommenda-
tion G.105.

ANNEX A

(to Recommendation P.16)

Example of probability calculation

The probability of understanding single words of a conversation overheard by crosstalk may be calculated
for a listener chosen at random from a population of subscribers. The result of such a calculation can be used as a
basis for establishing rules for, inter alia, the minimum required crosstalk attenuation between subscriber lines in a
national network.

In order to demonstrate the method of using the information given in this Recommendation to calculate
the probability of encountering (intelligible) crosstalk, the following assumptions may be made:

Mean speech level V, = —20 dBV;

Receive loudness rating of telephone sets RLR(set) = —6 dB;

No room or circuit noise;

Standard deviation of talking levels 67 = 5 dB;

Standard deviation of listener response distribution 6, = 6 dB;

Standard deviation of RLR(set) o, = 1 dB.

The threshold value for crosstalk intelligibility without noise, taken from Figure 2/P.16 is XRLR, = 67 dB.
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. According to the formula at the end of § 2 and with the given assumptions, the required median crosstalk
path loudness loss becomes:

L,=67 +6—2=71dB.

The total standard deviation of the probability function is:
]/0-2T + o-i + 0-%9 = 7.87 dB

With these values of L, and o, a cumulative normal distribution function as in Figure A-1/P.16 can be
drawn. The function indicates the probability that a listener can understand single words if crosstalk for a specific
value of the crosstalk path loudness loss. For example, for L, = 75 the probability is 30%. On the other hand, to
obtain only 5% probability a crosstalk path loudness loss of 84 dB would be necessary. For 1% probability,
89 dBwould be required, as well as 95 dB for 0.1% probability. ‘ 5

This calculation was based on some typical values of speech level and receiving sensitivity under noise-free
conditions. Similar calculations can easily be made with other data, also including the effects of noise. For a
realistic estimation of the probability of intelligible crosstalk for subscribers in general, some statistical distribution
of circuit noise (and possibly of room noise at the subscriber’s locations) will have to be assumed.
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Probability of understanding single words of an overheard conversation
as a function of the (weighted) crosstalk path loudness loss L x
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SECTION 2
SUBSCRIBERS’ LINES AND SETS

Recommendation P.30

TRANSMISSION PERFORMANCE OF GROUP AUDIO TERMINALS (GATs)

(Melbourne, 1988}

1 Introduction

Group Audio Terminals (GATs) are terminals which have been specifically designed to be used by several
users. .

GATs cover a wide range of products ranging from the hands-free telephone when it is used by several
users, to the sophisticated teleconference studio.

The CCITT recommends that GATs satisfy the specifications ! in this Recommendation.

GATs must also comply with Recommendation P.34 as far as loudness is concerned, when they are
connected to the telephone network. If they use voice-activated circuits, Recommendation P.34 may also be
applied. Such terminals are sensitive to the acoustics of the location where they are utilized and they may resort to
sophisticated acoustical echo processing devices.

The first generation of GATs will operate mainly on 4-wire digital networks and will make use of the
wideband (WB) speech coding algorithm specified in Recommendation G.722. Such terminals urgently need
specifications that can be based on the present Recommendation.

A typical GAT configuration is represented in Figure 1/P.30.

Such a terminal includes one or several microphones, one or several loudspeakers, sending and receiving
amplification. Optionally, it includes a sound-managing and mixing device to the loudspeakers and from the
microphones, a coder-decoder for digital networks, a voice-activated gain processing device and an echo
processing device.

The location where the GAT is to be used is very important. Several measurements defined in this
Recommendation have to be made at the location where the GAT is to be used. These are referred to as “in situ”
measurements. They are to be made with the full complement of equipment in the conference room, but with no
conferees present. .

The present Recommendation is devided into three parts:

— interconnection specifications,

— transmit specifications,

— near-end specifications.

D 'The specifications in this Recommendation are subject to future enhancement and therefore should be regarded as
provisional.
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Group audio terminal configuration

Two test signals are used in this Recommendation:

— an acoustic test signal as defined in Recommendation P.50 (see Note): i.e. an artificial voice as
defined in Recommendation P.50 produced by a sound source (an artificial mouth) as described in § 2
of Recommendation P.51 and,

* — an electric test signal whose long-term spectrum is identical to the acoustic signal; when applied by a
source with a matched internal resistive impedance, it provides a level of —22 dBV.

Both test signals are filtered in the transmission system bandwidth.

Note — The preferred acoustic signal to be used in the measurements for the audio alignment is defined
in Recommendation P.50. However, other signals such as speech-shaped noise or pink noise may be used in some
applications.

2 Interconnection specifications

These specifications are the basic requirements for a GAT to be connected to a network and to allow
communication between several locations.

21 Sending sensitivity

2.1.1  Wideband GATs

For wideband applications, the transmission characteristics of the audio-channel shall be in accordance
with Recommendation G.722.

2.1.1.1 Send side alignment

The sound source is positioned over the edge of the conference table on the centre line of each conferee’s
position, as defined in Recommendation P.34 (see Figure 3/P.34), and delivers a signal which complles with
Recommendation P.64 [i.e. —4.7 dBPa at the mouth reference point (MRP)].

During the send side alignment the microphones of the GAT shall be positioned on the table as in real
use.

The microphone gain controls must be adjusted to achieve, for each position of the source, an output line
level of — 22 (* 2) dBV at point X (see Figure 1/P.30), assuming the signal recommended in Recommenda-
tion P.50 is used. This value takes account of an 18 dB peak factor of the speech signal and 6 dB for the
variations between speakers and the variations due to conferees’ movements.
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2.1.2  GATs connected to the public switched telephone network

Such terminals must comply with Recommendation P.34.

2.2 Stability test

The GAT shall have a minimum stability margin of 3 dB when the microphone and loudspeaker paths are
looped at reference point X in Figure 1/P.30 and the sound source is activated as described in § 2.1

During the measurement, the volume control shall be in maximum position.

3 Transmit quality specifications

These specifications limit the degradations induced on the network by a GAT.

3.1 Electro-acoustical specifications

3.1.1  Microphone

The electro-acoustical characteristics of the microhpones should conform to IEC Publication 581-5.

3.1.2  Octave band measurements

In situ measurement of the overall transmission frequency response characteristic is recommended. It is
defined as the difference between the octave spectra of the electrical signal at the X interface and the acoustic
excitation at the MRP. The artificial mouth is positioned as in § 2.1.1.

In order to prevent excessive fluctuations of the frequency response of the system, and since the
measurements are performed on site, octave band measurements are recommended in the range 125 Hz to 4 kHz.

The sum of the absolute differences between the measured values and their average should be as low as
possible. A practical target of 10 dB is achievable.

3.2 Echo performance

3.2.1  Acoustic echo control

To get satisfactory suppression of acoustic echoes it is necessary to provide the audio processor with either
an echo canceller or an echo suppressor. The echo cancellation technology is recommended if highest possible
speech quality performance is aimed at. However, it is recommended always to complement echo cancellation with
a mild echo suppression, in order to prevent the undue transmission of room background noises when no talkers
are active in the room. This condition should particularly be met in multi-conference environments.

3.2.2  Echo return loss

The echo return loss of the audio system shall be measured at reference point X of Figure 2/P.30, with the
volume control in maximum position. When the electric test signal, as specified in § 1, is applied to the input port
(receive in), the level measured at the output port (send out) shall not be higher than —62 dBV.

An acoustic echo loss of 40 dB includes a margin of 5 dB in order to provide an echo return loss of 35 dB
when several GATs are used in a conference situation. This value of 35 dB should be understood as a minimum
value. The long-term target value for the acoustic echo loss must be considered as being 45 dB (especially, to take
into account the case where a handset is connected to a hands-free terminal). This value is known to prevent any
subjective degradations due to delayed acoustic echo [1, 2]. The level measured at reference point X will then be
—72 dBV.

Note — The echo canceller shall permit double-talk with negligible speech quality degradation (under
study with Question 2/XII).

33 Electrical noise

The electrical noise emitted by the GAT at the reference point X should be less than —55 dBm, within the
transmission bandwidth. No component outside the band should exceed 20 dB above the noise level in the band.
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The measurement must be done with no conferees in the room and without incoming signals on the
receiving side of the equipment in order not to activate the microphone circuits. :

The noise emitted by the GAT at the reference point X when the microphones are active should be no
more than —50 dBm. It must be measured by forcing the system into the emission mode as if one speaker were
active in the room. : ‘ '

34 Reverberated field picked up by the microphone

For this measurement, the sound source is positioned in order that the distances between the sound source
and all the microphones greater than three times the distance between the microphone and the position defined
for the send side alignment. It is also recommended that the source be, at least, one meter from the walls. Then
the signal measured at point X shall be not more than —29 dBV (this accounts for a direct-field over
reverberated-field ratio of 6 dB [3]). It must be measured by forcing the system into the emission mode as if one
speaker were active in the room. The test must be performed for each microphone in the room.

Basic requirements for the choice of the conference room, for its acoustical treatment and for the
positioning of microphones and loudspeakers can be found in Supplement No. 16.
4 Near-end quality specifications

This part of the Recommendation tests the minimum specifications intended for the local users.

4.1 Electro-acoustical specifications

411  Louspeakers

The electro-acoustical characteristics of the loudspeakers should conform to IEC Publication 581-7.

4.1.2  Octave band mesurements

In-situ measurement of the overall reception frequency response characteristics is recommended. It is
defined as the difference between the octave spectra of the acoustic signal delivered by the loudspeaker(s) at the
listening positions and the input electric signal at the X interface.

The sum of the absolute differences between the measured values and their average should be as low as
‘possible. A practical value of 12 dB is achievable.

- 4.2 Receiving sensitivity

421  Volume control
The audio conference terminal shall be provided with a volume control. The gain at maximum position

should conform to § 4.2.2. The volume control should ideally be linked to the echo control mechanism.

4.2.2  Receiving side alignment

4.2.2.1 Wideband GATs

The electrical test signal is connected to the input port of the system. The receiving gain shall be adjusted
in order to reach a sound pressure level of at least 65 dB and 20 dB above the acoustical noise level at the MRP.
The alignment procedure should be performed with the volume control in the maximum position.

4.2.2.2 GATs connected to the analogue public switched telephone network

Such terminals must commply with Recommendation P.34.

References
[11 CCITT — Contribution COM XII-No. 170, Study Period 1985-1988
[2] CCITT — Contribution COM XII-No. 171, Study Period 1985-1988
[3] CCITT - Contribution COM XII-No. 172, Study Period 1985-1988
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Recommendation P.31

TRANSMISSION CHARACTERISTICS FOR DIGITAL TELEPHONES

(Melbourne, 1988)

, This Recommendation deals with sending and receiving loudness ratings, sidetone masking rating, listener
sidetone rating, and sending and receiving sensitivity/frequency characteristics. Other important characteristics are
still under study. »

1 Sending loudness rating (SLR) and receiving loudness ratings (RLR)

In view of Recommendation G.111, § 3.2, the following values are recommended:

— as a short-term objective, nominal values of SLR in the range 5 to 11 dB and nominal values of RLR
in the range —1 to 5 dB;

— as a long-term objective, the following nominal values for SLR, 8 dB and for RLR, 2 dB.

Note 1 — The recommended values for SLR and RLR do not imply that echo control in the network can
always be avoided.

Note 2 — The acoustic loss in the telephone set is an important factor in the echo path and will need
careful consideration. A volume control in the telephone set will decrease the echo loss by the same amount as the
gain is raised.

Note 3 — For digital telephones connected to a digital PABX (to which analogue telephones may also be
connected), values at the lower end of the ranges above might be needed. The reason is to give customers the same
receiving level as they are used to having with the analogue telephones. A receiving volume control might be
considered.

2 Sidetone masking rating (STMR) and listener sidetone rating (LSTR)

In view of the following considerations:

— the optimum STMR for conditions free from echo;

— the sidetone masking effect on talker echo at short delays;

— the difficulties of high ambient noise conditions;

— what subscribers are used to having with present analogue sets,

the following values are recommended 1):
— nominal values of STMR in the range 10 to 15 dB;
— nominal values of LSTR >15 dB, ’
(No maximum values for LSTR need to be imposed.)

Note — These values may be modified when information becomes available on the effects of short delay
echo (e.g. 10 ms).

3 Sending and receiving sensitivity frequency characteristics for digital telephones

In view of the following considerations:
— the compatibility with analogue telephones in a mixed analogue digital network;

— the absence of line-length-dependent frequency distortion to be compensated for as with analogue
telephones;

— the aim to achieve the best possible overall quality with the digital telephone,

) The specifications given here are subject to future enhancement and therefore should be regarded as provisional
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sending and receiving sensitivity/frequency characteristics as specified below are recommended:
— a substantially flat receiving frequency response S;g between 300 Hz and 3 400 Hz should be chosen;

— a nominal sending frequency response Sy rising with a slope within the area indicated in
Figure 1/P.31 should be striven for;

— below 200 Hz, the send slope should fall by at least 6 dB/octave.

Note I — S;g and Syy are normally estimated from measurements of S, and S, according to Recom-
mendation P.66.

Note 2 — An expansion of the lower frequency range to 200 Hz will increase the naturalness of the
speech.

Note 3 .— The normal considerations for anti-aliasing filters must be applied to the frequency responses.
Note 4 — Marked peaks in the responses might cause stability problems and should therefore be avoided.

Note 5 — The preferred curves for S,z and Sy defined in this way should be considered as a design
objective. Individual microphone and receiver curves will, for several reasons, deviate more or less from the
“ideal” curves. However, it is hardly possible to specify in a Recommendation concerning desirable frequency
characteristics how much and in which way individual response curves may deviate from the target curve, without
becoming unacceptable. For type approval of telephone sets, it is generally necessary to specify limits for the
shape of sending and receiving frequency curves nationally, in the same way as tolerance limits for loudness
ratings are usually specified. These limits are based on technical considerations as well as on cost of implementa-
tion, manufacturing tolerances and-other economic factors.
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Recommendation P.32

EVALUATION OF THE EFFICIENCY OF TELEPHONE BOOTHS
AND ACOUSTING HOODS

(Melbourne, 1988)

The purpose of this Recommendation is to define the methods of measurement to evaluate the efficiency .
of either acoustic hoods or telephone booths intended to improve the quality of telephone transmission in noisy
environments. In addition to the improvement of the transmission quality during a conversation between two
users, this Recommendation takes into consideration the need to guarantee speech privacy for the user speaking
from the acoustic hood or the booth with respect to a listener situated on the outside of the telephone booth.

1 Evaluation methods

The efficiency of a telephone booth or an acoustic hood can be evaluated using either subjective or
objective measurements.

The objective measurements suitable for that purpose are those based on the acoustic insulation (for
example in a reverberation chamber) resulting from the difference between the sound levels registered inside and
outside the telephone booth or vice-versa. As the acoustic characteristics vary outside and inside the telephone
booth, the acoustic insulation obtained in each case (noise source outside or inside the telephone booth) is not the
same. In addition, if we consider open telephone booths or acoustic hoods, the measurement of the acoustic
insulation gives results not correlatable to the ones obtained by means of a subjective evaluation of the booth
performance.

A subjective measurement of the efficiency of booths or acoustic hoods consists in determining the
intelligibility index inside the booth, in conditions of external noise (room noise, road noise, etc.). This
measurement can also be objectively obtained by calculating the articulation index, by using, for example, the
Kryter method as indicated in Annex A.

Another method used to measure subjectively the efficiency of booths and acoustic hoods consists in
evaluating the intelligibility threshold variation observed between the intelligibility inside and outside the booth
placed in a noisy ambient.

The performance of booths and acoustic hoods, related to the user’s privacy while speaking inside the
booth, can be subjectively evaluated by measuring the intelligibility of the coversation from the inside to the
outside of the booth or by using an objective measurement such as calculating the articulation index (according to
Kryter’s method for example) outside the booth under specific noise conditions.

Since the intelligibility inside the booth is also a function of the sidetone of the telephone set used, a
simple measurement of acoustic insulation which does not take into consideration the intelligibility reduction
caused by the sidetone cannot furnish correct evaluations on the improvement of transmission quality due to
telephone booths, or acoustic hoods.

Bearing in mind the following observations:

1) international telephone communication can be originated from telephone sets installed in noisy
ambients and protected by booths or acoustic hoods;

2) there are no measurement methods recommended for evaluating the transmission quality improvement
resulting from the use of the telephone booth;

3) an evaluation of the booth efficiency, based only on the acoustic insulation obtained by traditional
methods (acoustic attenuation of the panels of the booth) is not always correlated to the subjective
evaluation of the booth performance;

4) subjective measurements either of the intelligibility or of the intelligibility threshold variation give the
possibility of evaluating the efficienty of a booth, but are time-consuming and expensive and also
require a qualified and well-trained operator team;

5) there are no recommendations giving criteria relating the employment of the booths to the ambient
noise level, in order to determine an acceptable quality of transmission,

Volume V — Rec. P.32 57



methods of measurement as specified below are recommended!:

a) evaluating the efficiency of telephone booths and acoustic hoods taking into consideration the
intelligibility index, obtained from a listener inside the booth with the external ambient noise having a
certain acoustic spectrum;

b) calculating the intelligibility index inside the telephone booth or the acoustic hood by means of the
objective method defined in § 3, taking into consideration the acoustic attenuation of the booth and
the sidetone of the telephone set used. This objective method allows a rapid evaluation of the booth
performance, sufficiently precise for practical purposes;

¢) considering the logatom intelligbility as an evaluation criterion related to the booth performance,
calculated by means of the articulation index (AI). The conversion from Al to logatom intelligibility is
language-dependent and it shall be performed with the appropriate relation;

d) evaluating the booth and the acoustic hood at the conditions of utilization, that is, when a user is
speaking from the inside using a telephone set with a determined sidetone and with an external
ambient noise having an average intensity level and a certain acoustic spectrum, both already known.

2 Definition and descriptions of parameters of calculation

Telephone conversations taking place in conditions of ambient noise are affected by ambient noise through
three different paths:

1) acoustic noise (N,) at the ear which is not engaged in the telephone call;

2) acoustic noise (N,) at the ear which is engaged in the telephone call, determined by the acoustic leak
between ear and handset;

3) noise picked up by the microphone and directed by sidetone (N;) to the ear which is engaged in the
conversation.

The acoustic noise flowing through the acoustic leak between ear and handset has a spectrum which
changes as a function of the pressure of the handset against the ear. To evaluate the performance of booths, the
acoustic attenuation (Lgyg) of this path can be taken into consideration.

The noise N; is due to sidetone changes according to the telephone set used and it generally has a
spectrum which is different from that of N,. In spite of their mutual correlation, the power summation of the
respective spectra seems the best estimate of the global noise (N,) which affects the ear engaged in the
conversation.

In addition, the noises at the two ears (N,, N,) are generally different, both in level and in spectrum;
experimental intelligibility measurements [1] [2] have demonstrated that this disturbing effect can be evaluated by
subtracting 10 dB from the noise level (N,) at the free ear.

The aforesaid experiment measurements have also shown that the total equivalent noise Ny to be used in
intelligibility calculations is given by the amplitude sum of noise spectra at the two ears. Consequently, the total
equivalent noise Nris given from the relation:

Na

- 10
NT = 20 10g10 (10 20

N,
+ 10%) dB

The sidetone noise N; is a function of the mouth-to-ear sidetone loss Lygsr and it should be measured at
the actual noise level, typically 65 dB SPL, under diffuse field conditions. This is particularly important in the
case of telephone sets with carbon microphones or of electronic telephone sets with automatic gain control or
provided with noise cancelling microphones.

3 Calculation of the booth or acoustic hood efficiency

Given a particular telephone booth or an acoustic hood, the following procedure shall be followed for
determining the articulation index in actual operating conditions.

Calculate:

a) the noise spectrum N, inside the booth by subtracting the acoustic attenuation of the booth (L,) from
the external noise spectrum (N,). The attenuation should be measured in third octave bands, with a
person inside the booth (or a baffle providing an equivalent acoustic absorption) and in a diffuse field
condition; '

b) the spectrum of the noise N, by subtracting the leakage attenuation of the handset (Lgyg) from the
noise spectrum inside the booth N,;

) Documentation about the specifications in this Recommendation is not yet sufficient to confirm their validity, thus they are
subject to future enhancement and should be regarded as provisional.
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c) the sidetone noise spectrum N, by subtracting the acoustic sidetone attenuation Lgysr ? from the noise
spectrum inside the booth N,;

d) the spectrum of global noise N, at the ear pressed against the handset as the power sum of N; and N,;

e) the spectrum of total equivalent noise Ny as the amplitude sum of noises at both ears, after having
subtracted 10 dB from the noise spectrum at the ear not engaged;

f) the articulation index, AI by Kryter’s method [3], assuming a listening speech level of 70 dBA, a value
corresponding to the limit of the attenuation of the line loss distribution.

'

An example of application of the calculation method is shown in Appendix I.

4 Efficiency limits of booths and acoustic hoods

Efficiency of booths or acoustic hoods can be considered satisfactory if an Al equal to 0.6 is guaranteed.

This value corresponds for most languages to a logatom intelligibility of 80% inside the booth, according
to the results of French and Steinberg [4], in Figure 1/P.32. It can be assumed as the minimum acceptable limit of
performance, corresponding to the maximum external noise level that the booth can withstand in order to
guarantee a good quality of telephone transmission inside the booth.

Therefore, each booth can simply be classified by specifying a maximum external noise level (MENL),
which is the level that gives AI = 0.6.

The MENL that classifies the telephone booth shall be determined by repeating the calculation of the Al,
as is indicated in § 3, with different levels of external noise. By means of the curve representing the values of the
Al as a function of the outside noise level, the MENL corresponding to an AI = 0.6 can be determined. This
MENL depends not only on the acoustic attenuation of the booth or acoustic hood, but also on the received
speech level which is assumed to have a reference value of 70 dBA, and on the sidetone performances of the
telephone set which should be measured at a proper sound pressure level, (about 65 dB SPL) and in free field
conditions. '
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FIGURE 1/P.32

Relation articulation index and logatom intelligibility

2 It is important to determine the room noise sidetone sensitivity Lgysr which makes use of a diffuse room noise source within
the booth. It may also be necessary to include within the booth a manikin to simulate the presence of a subscriber.
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5 Speech privacy of telephone communications

The booth can also' guarantee speech privacy of conversation by reducing the vocal signals radiated
towards outside in order to make them unintelligible. Applying Kryter’s calculation method of the articulation
index of the speech signals transmitted through the booth to the external ambient at a predetermined noise level,
the distance at which the logatom intelligibility or Al falls to a pre-determined value (for example, AI = 0.3) can
be estimated. This method can be used to determine the curves of equal intelligibility (isophenes) in any direction,
increasing distance from the booth.

I
Note- — The quality improvement of the conversation for the subscriber at the other end of the telephone
connection, during a call with a telephone in a booth or acoustic hood has not yet been studied. The evaluation of
this aspect is required in any case to consider a number of other factors such as the natural increase of speech
loudness in noisy environments and the effective signal-to-noise ratio of transmitted signals.

ANNEX A

(to Recommendation P.32)

Example of efficiency calculation of a telephone booth

The articulation index (Al) is calculated according to Kryter’s method.

The acoustic attenuation of a telephone booth measured in an echo chamber at each one-third octave band
is reported in Table A-1/P.32, column 2. The total noise level outside the booth is 80 dBA and the sound level of
the noise at each centre frequency band is indicated in column 3. The sidetone response characteristics (Lgyst) Of
the telephone set used inside the booth is given in column 4.

The noise level inside the booth at each centre frequency band (N,) is obtained by subtracting column 2

from column 3 (column 5). It is supposed that the handset of the telephone instrument used in the booth has the
acoustic attenuation indicated in Figure A-1/P.32 and reported in column 6.
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FIGURE A-1/P.32

Acoustic attenuation of handset pressed against the ear
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The values of the noise (Np) due to acoustic leakage between ear and handset obtained by subtracting
column 6 from column 5 are reported in column 7.

The values, at each frequency band, of the sidetone noise (N;) obtained by subtracting column 4 from
column 5 are reported in column 8. The global noise at engaged ear (N,) is reported in column 9 as the power
sum of the levels indicated in columns 8 and 7. The total equivalent noise is obtained by adding the levels of
column 9 to the values of column 5 reduced by 10 db (column 10). The speech spectrum (B’) is reported in
column 11 and the signal-to-noise ratio corrected by 12 dB (considering the peaks of the speech signal) is
indicated, at each one-third octave band, in column 12. Kryter’s coefficients are indicated for each one-third
octave band in column 13.

The articulation index (AI) is obtained by multiplying the values of column 12 by those of column 13 and
adding the results. By repeating the calculation with other external noise levels, it is possible to draw the diagram
of the AI as a function of external noise levels for the considered booth, as shown in Figure A-2/P.32. It can be
seen that this booth is designed for withstanding a maximum external noise of about 77 dBA which is the MENL
value that classifies the booth.
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FIGURE A-2/P.32

Articulation index as a function of external noise levels

(MENL of the booth = 77 dBA)
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TABLE A-1/P.32
Central Acoust.ic Afcoustic Noise inside Acoust.ic Noise due to ] Gl.obal Total ]
freguency attenuation Ex.temal su:letor_le the booth, attenuation acoustic Sl(.ietone noise at equivalent Speech , w Kryte'r’s Products
one-tl:rd octave |of the booth,| noise, N, |attenuation, N, of handset, leakage, N, noise, N engaged noise, Ny spectrum, B Noise coefficient | (13)x(12)
and L, Lpnst Lpne ear, N,
(Hz) (dB) (dB SPL) (dB) (dB SPL) (dB) (dB SPL) (dB SPL) | (dB SPL) | (dB SPL) (dB SPL)
M 2 3 “@ (%) (6) N ® ®) (10) 1 12) (13) (14)
=(3)-Q2) =(5)-(6) =(5)-4) =(11)+12dB~(10)
200 10 77.5 12 67.5 3 64.5 55.5 65.0 68.1 61 49 0.004 0.0196
250 13 76.5 12 63.5 4 59.5 51.5 60.1 63.4 63 11.6 0.001 0.0116
315 13 73.5 11 60.5 5 55.5 49.5 56.5 60.0 64 16.0 0.001 0.0160
400 15 74.0 9 59.0 6 53.5 50.0 54.8 58.4 65 18.6 0.0014 0.0260
500 14 72.5 9 58.5 7 51.5 49.5 53.6 57.4 65 19.6 0.0014 0.0277
630 14 72.0 10 58.0 8.5 49.5 48.0 51.8 56.1 63 18.9 0.002 0.0378
800 16 72.0 12 56.0 10.0 46.0 44.0 48.1 531 62 209 0.0020 0.0418
1000 15 71.0 12 56.0 11.5 44.5 440 _ 47.3 52.7 61 20.3 0.0024 0.0487
1250 15 69.5 9 54.5 13.0 41.5 45.5 47.0 51.9 60 20.1 0.0030 0.0603
1600 15 68.0 9 53.0 14.5 38.5 44.0 45.1 50.1 58 19.9 0.0037 0.0736
2000 11 66.0 8 55.0 16.0 39.0 47.0 47.6 52.4 54 13.6 0.0037 0.0503
2500 11 64.0 10.5 53.0 17.5 355 425 433 49.2 49 11.8 0.0034 0.0401
3150 12 62.0 14 50.0 19.0 31.0 36.0 37.2 44.7 47 14.3 0.0034 0.0486
4000 12 61.5 14 49.5 20.5 29.0 35.5 36.4 44.1 39 6.9 0.0024 0.0166
TOTAL (dBA) 80.0 66.3 64.7 70.0 Al = 0.52

SPL Sound pressure level
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Recommendation P.33

SUBSCRIBER TELEPHONE SETS CONTAINING
EITHER LOUDSPEAKING RECEIVERS OR
MICROPHONES ASSOCIATED WITH AMPLIFIERS

(Mar del Plata, 1968; amended at Geneva, 1972 and 1980)

The CCITT,

considering
(a) that an increasing number of loudspeaker sets is being used in the telephone network,

(b) the complex nature of factors introduced by this equipment and affecting telephone transmission
performance,

(c) the need to help Administrations to determine the conditions in which the use of such equipment may
be authorized in telephone networks,

makes the following recommendation:

(1) In order to avoid overload of carrier systems, the mean long-term power of speech currents should
not exceed the mean absolute power level assumed for system design. In Recommendation G.223 [1] the value
adopted for this mean power level is —15 dBmO (mean power = 31.6 microwatts). Loudspeaker telephones having
a sending sensitivity that complies with Recommendation P.34 can be assumed to fulfil this Recommendation.
Furthermore, in order to avoid excessive crosstalk from high-level speech currents and/or inadequate received
volume from low-level speech currents, care should be taken to ensure that the variation of speech currents is not
substantially greater than that from modern handset telephones.

(2) Administrations should take the necessary precautions so that the person listening may be able to
break the sending circuit if oscillations occur, or provide for suitable methods so that a device controlled by the
voice may prevent oscillations.

Reference

(1] CCITT Recommendation Assumptions for the calculation of noise on hypothetical reference circuits for
telephony, Vol. 111, Rec. G.223.
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Recommendation P.34

TRANSMISSION CHARACTERISTICS
OF HANDS-FREE TELEPHONES

(Melbourne, 1988)

1 Introduction

The sending and receiving sensitivities of handset telephones, normally expressed as Loudness Rating (LR)
values, are used in most ‘countries in connection with their national transmission plan for the design of the
national network.

However, since it is possible to fulfil Recommendations such as G.121 by distributing LR values between
the telephone sets and the network in different ways, it is not possible to issue an international Recommendation
stating LR values of telephone sets alone — whether these are handset or hands-free telephones.

On the other hand, it is possible to recommend sensitivity values for hands-free telephones (HFTs) relative
to the standard handset telephone used nationally. The object of such Recommendations should be to obtain
equivalent performance with both types of telephones, at least with respect to send and receive loudness. This
means that the average user’s behaviour and preferences while talking and listening must be taken into account.
The relative sensitivities defined in §§ 2 and 3 are derived from performance tests aimed at fulfilling this
requirement. :

Other important features contributing to the quality of telephone calls made from hands-free telephones
cannot presently be dealt with by existing Recommendations and are studied within Question 2/XII [1].

For loudspeaking telephones (see Recommendation P.10) which do not provide full hands-free operation,
the relevant parts of this Recommendation may be referred to.

2 Sending sensitivity

The sending LR (SLR) of an HFT should be about 5 dB worse (i.e. higher) than the SLR of the
corresponding handset telephone (the actual value will depend on the type of handset used).

Note — Conversation tests in several countries have shown that comparable speech voltages are obtained
on the line when the sending loudness rating of the HFT is 5 dB higher than that of the handset telephone used.

The difference of 5 dB has several components:

a) ‘the average talking level for HFTs, which is about 3 dB higher than for handsets;

b) the output level from a handset telephone in conversational use, which is about 1-2 dB lower than
what is obtained in the speaking position specified for loudness ratings measurements;

¢) other minor differences such as different frequency response curves.

If the sending sensitivity is controlled by the room noise level, this control should be designed to
compensate the expected rise of the talking level with room noise.

It should not be possible for the user to adjust the sending sensitivity.

3 Receiving sensitivity

The receiving sensitivity of a hands-free telephone without automatic gain control should be adjustable
within a range of 15 to 30 dB. This range should span the value of the receiving loudness rating (RLR) which is
equal to that of the corresponding handset telephone, as well as a RLR value about 10 dB better.

Note I — Every precaution should be taken to ensure that the increase in gain due to the volume control
does not allow the overhearing of other telephone conversations due to crosstalk.

Note 2 — 1n principle, the RLR of the HFT should be equal to the RLR of the corresponding handset
telephone in a quiet room. The range of room noise levels met in normal office use necessitates, however, an
additional gain of at least 10 dB.
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For hands-free telephones equipped with an automatic gain control for the receive level (the gain being
controlled by the incoming speech voltage), loudness ratings may not be applicable. In this case, the HFT should
be designed so that the listening level at the maximum line length for which the HFT is intended to be used can
be preset to a value that may be considered as the best compromise between the levels required for listening in
quiet and noisy rooms.

Note 3 — The preferred listening level depends on the room noise level as well as on other external
conditions. There is, furthermore, a great variance between individual listeners.

The average preferred level for listening only appears to be a sound pressure level of about 65 dB for
45 dBA room noise, or 70 dB for 55 dBA room noise. However, to obtain maximum Mean Opinion Scores in
conversation tests, listening levels of about 5 to 10 dB higher may be required.

4 Frequency response curves

4.1 Sending

Available information indicates that the optimum slope of the sending response curve when measured with
the HFT on a table lies between 0 and +3 dB/octave, if the receiving response curve is flat.

Only under highly reverberant conditions may a somewhat higher preemphasis increase the intelligibility.
Therefore, if a frequency compensation for the probable cable attenuation is included, the sending curve should
not rise with frequency by more than 2-3 dB/octave.

Below 300 Hz there should be a gradual roll-off. The slope may be steeper below 200 Hz.

Note — The interval 200-300 Hz makes a significant contribution to the naturalness of the transmitted
speech and should therefore be included in the transmission band of the HFT.

Above 4000 Hz, a roll-off by at least —6 dB/octave (preferably — 12 dB/octave) is appropriate in order to
avoid interference by crosstalk to adjacent channels in certain types of long-distance circuits.

4.2 Receiving

The receiving response curve should be substantially flat in the frequency range of 200-4000 Hz.

The requirement refers to the sound pressure in the undisturbed field at the listener’s position with a set-up
including the table as described in § 6.

5 Switching characteristics ‘

Most loudspeaker and hands-free telephones contain voice-switched circuits whose main function is to
avoid singing through acoustic feedback. Such circuits insert a loss in either the sending or receiving direction in
various ways. Switching from one direction to the other occurs when a signal above a given threshold is applied
from the opposite direction, or when the control circuit, taking into account the relative levels and the nature of
the signals in both directions, allows the switching.

The fundamental voice-switching parameters of the switching function are defined as follows (see
Figures 1/P.34 and 2/P.34):
— threshold level Vry: minimum necessary signal level for removing insertion loss,

— build-up time T: time from the input signal going above the threshold level up to 50% of the
complete removal of the insertion loss,

— hang-over time Ty: time from the input signal going below the threshold level up to the insertion of
50% of the switched loss,

— switching time Tj: time from one transmission direction to the other (see Figure 2/P.34).
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By a suitable choice of parameter values, the degradation of speech quality that is introduced by voice
switching can be made negligible, while an inadequate choice of parameter values, switching times in particular,
may lead to serious clipping effects and loss of initial or final consonants in the transmitted speech.

Measurements of voice switching characteristics may be divided into those dealing with:

a) characteristics for alternate conversation, in which two parties communicate by alternating speech
spurts without interrupting each other. In this case, it may be assumed that the voice switch circuit
returns to an idle state before being activated by an input signal in either direction;

b) characteristics for simultaneous conversation, in which both parties may interrupt each other by
simultaneous talk, or where speech at one end of a connection is present simultaneously with noise at
the other end.

The first case is of fundamental importance, as its characteristics also affect simultaneous conversation
characteristics, and hands-free telephones should therefore always be checked in that respect.

A suitable signal for measuring the characteristics for case a) above consists of a periodic tone burst signal
(see Figure 1/P.34). The on/off times T1/T2 and the amplitudes H and L should be adjustable. For case b), in
order to switch alternately the hands-free telephone from sending to receiving state, the use of two out-of-phase
tone burst sequences is recommended (for instance acoustical 1 kHz, electrical 400 Hz). Switching characteristics
measured this way will probably be more readily used in the analysis of subjective conversation tests results.

There are three types of hands-free sets under consideration:

51 Type 1 — Hands-free telephone sets for which switching occurs when an absolute level Vyy is reached

In general, it is desirable to keep the threshold value low, the build-up time short and the hang-over time
long. On the other hand, in practical applications extremely short build-up times (about a few milliseconds) may
cause the voice-switching circuit to be operated by impulsive noises, while very long hang-over times are likely to
impede the natural switch-over in conversation. Furthermore, if the threshold level is more than 25 dB below the
active speech level, the voice-switching circuit will be activated too easily by ambient noise.

The following switching characteristics are recommended:
a) The build-up time Ty should be less than 15 ms, preferably below 10 ms.

b) The hang-over time Ty should be greater than 100 ms. If the threshold level is in the preferred range,
values of Ty between 150 and 250 ms are recommended. Hang-over times greater than 400 ms do not
improve the performance noticeably.

¢) The threshold level Vyy should be at least 20 dB below the active speech level. Levels between —20
and — 15 dB may be used if the hang-over time is greater than 300 ms. Levels above — 15 dB should
not be used.

In order to measure Vry, the amplitude is gradually increased from a low level until switching occurs.
By doing this, an absolute threshold value is obtained. Generally, the threshold is expressed as the
difference between this value and the average r.m.s. speech voltage present in the active state.

5.2 Type 2 — Hands-free telephone sets for which switching depends on the relative levels in both trans-
mission directions, and also in some cases on noise levels (acoustical and electrical), amplifiers gains,
automatic gain controls, previous transmission direction, etc.

The following values are recommended:

a) Tg should be less than 15 ms, preferably below 10 ms,

b) Ty can be less than 50 ms,

¢) Tsis recommended to be approximately 100 ms and is measured by using 2 excitation signals (see
Input 1 and Input 2 in Figure 2/P.34).

Note — Under highly reverberant conditions, some hands-free sets with such a Tg may operate in an
unsatisfactory way.

More information about measuring levels and methods can be found in the Handbook on Telephonometry
in § 3.5.
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5.3 Type 3 — Hands-free sets using echo cancellation techniques

Some indications about the evaluation of sets using echo cancellation are given in Recommendation P.30.

Note — For loudspeaking telephone sets, an insertion loss may be introduced in the receiving side to
avoid the acoustical coupling with the handset microphone. This insertion loss may be introduced when the
received level on the loudspeaker is too high, or when the signal from the handset microphone is sent onto the
loudspeaker at too high a level.

It is recommended that the delay of application and withdrawal of this insertion loss be limited to 20 ms
and its value limited to avoid any clipping effect on the received speech.

6 Conditions of measurement

For both subjective and objective measurements, physical test arrangements as described in this section
should be used.

6.1 Test table

During the measurements, the HFT is placed on a table defined as follows:

The surface of the table should be hard (e.g. polished marine plywood or suitable hardwood), flat, rigid
and horizontal to provide a sound-reflecting surface on which the HFT being tested rests. The dimensions of the
table should be such that the surface area is about 1 m? but not less than 0.96 m? and the width not less than
800 mm [2].

Note — This arrangement should be used for all measurements, including the recording of frequency
responses, although diffraction effects due to the table are likely to cause severe dips or peaks in the response
curve (see § 6.5.2). '

6.2 Test arrangements

The physical test arrangements of one- and two-piece HFTs [3] for subjective and objective measurements
is shown in Figure 3/P.34.

If the prdjections of the housing are not rectangular, the point B is positioned at the crossing of the centre
line through the housing and the outline of the vertical projection of the housing. .

The edge of the front of the box should be perpendicular to the line A-B.
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Physical test arrangements for subjective and objective measurements
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6.3 Test environment

When performing tests, the room acoustics must not have a dominating influence. It is recommended for
objective measurements that the test environment be practically free-field (anechoic) down to a lowest frequency
of 175 Hz, and be such that the test arrangement lies totally within the free-field volume.

Note — Satisfactory free-field conditions may be considered to exist where errors due to the departure
from ideal conditions do not exceed + 1 dB.

The tests should be made in an environment where the ambient noise level is negligible. For objective
measurements this is achieved if the Noise Rating (NR) of the Noise Criterion (NC) is lower than 15 [4, 5]. For
subjective tests, it may be sufficient to keep the sound level of ambient noise below 35 dBA.

6.4 Subjective determinations

Loudness rating should be determined in accordance with Recommendation P.78.

Note — Some information about reference equivalents can be found in the CCITT Red Book
(Vol. V 1985), or in the Handbook on Telephonometry.

6.4.1 Sending

The talking level for the measurement of sending loudness rating (SLR) of an HFT should normally be the
same as specified for measurements on handset telephones.

It is not necessary for the talker during the test to shift between the reference microphone guard-ring and
the guard-ring positioned relative to the HFT if the obstacle effect of the reference microphone can be assumed to
be negligible.

Normally the specified talking level and the use of a conventional test phrase or sentence should be
sufficient to ensure that a voice-switched HFT will be in the sending condition during the determination of SLR.
If this is not the case the talking level may be increased by up to 5 dB, which may be compensated in the
reference system to preserve the same listening level.

If the sending sensitivity is controlled by the room noise level the subjective measurement should be done
in a quiet environment (< 35 dBA). Further information about the HFT performance may then be estimated by
repeating the sending measurements with increasing levels of room noise, up to a maximum of 60 dBA.

6.4.2  Receiving

The talking level at the reference microphone for the measurement of RR25E or RLR shouid normally be
the same as specified for the measurement of handset telephones. This should normally ensure that when loudness
balance is achieved between the reference system and the test system path, a signal of sufficient magnitude is
present at the HFT to switch it into the receive condition.

Problems can sometimes occur when approaching the balance condition from the condition of high
attenuation in the balance attenuators, when the low level input signal may fail to switch the HFT into the
receiving condition. If this does occur the talking level may be increased by up to 5 dB in order to minimize the
difference in loudness.

Note — The listening level will thus also increase at balance, but in this case it will not be possible to
correct it by changing the reference system attenuator.

Obtaining the loudness balance for the receiving condition may be facilitated by use of a loudspeaking
intermediate reference system. The specification of such a system is, however, outside the scope of this
Recommendation.

6.5 Objective evaluations

Objective evaluations of loudspeaker and hands-free telephones concern:

— the sending and receiving frequency sensitivity curves measurements,

— the objective determination of loudness ratings according to the method described in Recommenda-
tion P.79.

Note — Other methods for calculating loudness ratings used by some Administrations for their own
internal planning purposes can be found in Supplement No. 19.
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6.5.1  Sensitivity measurements

6.5.1.1 Sending sensitivity measurements

The sending response curves of a looudspeaker and/or hands-free telephone is recorded at the output
terminals of the thetelephone with the same electrical connections as for the handset telephones. The acoustical
input to the telephone microphone is supplied from an artificial mouth in the position shown in Figure 3/P.34.

In such a case, the sending sensitivity of the local telephone system is expressed as follows:

Sn; = 20 logo ¥ dBrel 1 V/Pa

m

where V; is the voltage across a 600 ohm termination and P, is the sound pressure at the MRP.

The measuring level proposed in Recommendation P.64 may be used: —4.7 dBPa at the MRP
(Figure 3/P.34), which corresponds to —29 dBPa at 50 cm from the lip when there is no table nor set.

Note I — Some HFTs use “noise guard” circuits and therefore the source signal has to be modified. A
suitable method is to pulse the source signal at an adequate rate, e.g. 250 ms “ON” and 150 ms “OFF”. Sending
sensitivities determined for HFTs in this way are not suitable for use in calculating send loudness ratings (SLR).
For this purpose, the reference sound pressure should have a level at the MRP which is (on average, over the
frequency range of interest) 24.2 dB higher.

6.5.1.2 Receiving frequency sensitivity response measurements

The receiving sensitivity of a loudspeaker and/or hands-free telephone is expressed as follows:

Sy = 20 logyo 1/-”2— dB rel Pa/V
2 Ly

where ppg is the sound pressure at point C in Figure 3/P.34 and E; is the e.m.f in the 600 ohms source. V

6.5.2  Measure and computation of loudness ratings

6.5.2.1 Sending

_ The computation of the sending loudness rating may be performed according to Recommendation P.79 by
using the frequency sensitivity response measured between the electrical output of the set and the acoustical sound
pressure at the MRP (Figure 3/P.34).

Note — Other methods for calculating loudness ratings used by some Administrations for their own
internal planning purposes can be found in Supplement No. 19.

However, some care must be taken in the test design and the interpretation of the results. Results available
up to now concern only a limited number of sets and the measuring signal is of some importance. Under some
conditions, an artificial speech-like signal may activate the noise-guard circuits (by inserting some loss at the
sending side). Better results are expected by using an artificial voice satisfying Recommendation P.50 (temporal
characteristics of the signal closer to those of real speech).

6.5.2.2 Receiving

Objective measurements described in § 6.5.1.2 are made with a free-field microphone at point C
(Figure 3/P.34).

Loudness Ratings are computed following Recommendation P.79, provided the following phenomena are
taken into account:
— the diffraction effect of the listener head,

— an appropriate correction for the difference between one-ear and two-ears listening.
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These subjects are still under study under Question 2/XII.
Provisionally, a correction term of 14 dB should be subtracted in the computed loudness ratings.

Note — Other methods for calculating loudness ratings used by some Administrations for their own
internal planning purposes can be found in Supplement No. 19.
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Recommendation P.35

HANDSET TELEPHONES

(Malaga-Torremolinos, 1984; amended at Melbourne, 1988)

1 Transmission characteristics

The transmission plan for international telephone connections is given in Recommendation G.101.

Recommendations G.111 and G.121 deal with the transmission quality, i.e. loudness ratings for interna-
tional and national telephone connections, respectively.

These Recommendations permit administrations to split the requirements between analogue telephone sets
and the other parts of the network as long as the overall specifications are fulfilled.

Therefore no precise specifications can be given for analogue telephone sets, although some design
considerations can be provided. The latter are contained in Supplement No. 10.

Recommendations for digital telephones are found in Recommendation P.31.

2 Handset dimensions

The shape and the dimension of the handset have an important influence on both send and receive levels.
The earpiece must be capable of forming a good seal to the ear and the handgrip of the handset must be such that
it will encourage the user to hold it to the head in the optimum position.

Reference [1] is an ergonomic study which presents data on the distribution of the relevant. finger and head
dimensions.

A later head dimension study carried out in the People’s Republic of China is reported in [2]. A
subsequent investigation [3] shows that, for convenience in use, the mouthpiece of the handset should be somewhat
outside (e.g. 10-12 mm) a circle enclosing the centre of the lip of 80% of the subjects tested (over 4000). A handset
conforming to these dimensions (see Figure 1/P.35) will then be acceptable to more than 90% of users. When a
longer lip-to-mouthpiece distance is chosen, the signal-to-ambient-noise ratio will be worse and recommended
LSTR values will be more difficult to meet (see Recommendations G.121, P.11, P.76, P.79 and Supple-
ment No. 11). Therefore both signal-to-ambient-noise ratio and mouthplece position for convenient use must be
considered and probably a compromise must be made.
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K] Recommendation on handset

Based on the information given above, the CCITT recommends that handset telephones conform to the
dimensions outlined in Figure 1/P.35, with respect to mouthpiece positions and cheek-to-handset clearance.

Note — An earpiece with a design that forms a good seal to the IEC 318 ear (Recommendation P.51) will
facilitate testing both in laboratories and during manufacturing. Experience has shown that earpieces with a good
seal to the IEC 318 artificial ear also give in most cases a good seal to the human ear.

Minimum recommen-
ded cheek clearance
(for wide handsets
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Note 1 — Point A is located at the centre of circle X which enclosed 80% of lip positions of the subjects tested {2], [3].

Note 2 — The circle Y encloses the ellipse given in {1].

FIGURE 1/P.35
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Recommendation P.36

EFFICIENCY OF DEVICES FOR PREVENTING
THE OCCURRENCE OF EXCESSIVE ACOUSTIC PRESSURE
BY TELEPHONE RECEIVERS

(Malaga-Torremolinos, 1984; amended at Melbourne, 1988)

The use of devices for preventing the occurrence of excessive acoustic pressure by telephone receivers is
recommended in Recommendation K.7. Methods for checking the efficiency of such devices in response to short
duration impulses and for longer duration disturbances, such as tones, are given in this Recommendation. A
method is also given for checking that such devices do not have adverse effects on normal speech signals.

Preliminary Note — On the basis of the findings of scientific studies, several authors or organizations have
proposed ear-damage risk criteria based on variations in acoustic pressure, under impulse conditions for which,
parenthetically, there is no single definition. Likewise, ear-damage risk criteria have also been proposed for longer
duration acoustic disturbances, such as tones. However, these criteria cannot be directly transposed to the test
conditions and measurements described below. Nor could the results be cross-checked without introducing certain
hypotheses that are not specified in this Recommendation, the purpose of which is merely to describe a method
simple both in its application and in the analysis of the results obtained. The criteria recommended are based on
experience gained in several countries about the telephone receiver quality necessary to ensure the safety of users
and operators. Administrations may wish to adopt lower limiting levels to reduce user annoyance caused by
acoustic disturbances, but the limiting levels should not be so low as to have adverse effects on normal speech
levels.

1 Efficiency of protection against short duration impulses

In order to check whether a telephone set affords satisfactory protection against the risk of acoustic shocks
due to short duration impulses, it is recommended that its characteristics be examined as follows:

a) the entire telephone set, including the protective device, is placed in normal operating conditions as
regards current supply and its position for the exchange of a call (e.g. with the handset raised);

b) the earpiece of the handset earphone is applied in the normal way to an artificial ear conforming to
Recommendation P.51 (which corresponds to IEC Publication 318);

¢) the artificial ear is electrically connected to a precision sound level meter conforming to IEC
Publication 651, correctly calibrated and having the necessary circuits for measuring peak acoustic
pressure levels. This equipment must be of class 2 for prototype testing, and may be of class 3 for
checking mass-produced sets;

d) electrical impulses are applied to the telephone set by a suitable assembly which enables these
impulses to be superimposed on the d.c. supply without the latter short-circuiting them. These
impulses are produced by a generator which conforms with Figure 1/K.17, and whose components are
those described for symmetric-pair repeater tests (R; = 25 ohms, G = 0.2 uF, see Table 1/K.17). The
test voltage is between 0 and 1.5 kV;

e) the telephone set is also checked for self-generated acoustic impulses such as those produced by
operation of the hook switch or by dialing;

f) for both cases d) and e) above, the peak acoustic pressure level observed (maximum instantaneous
value) should be below 140 dB relative to 20 pPa. In the long term, Administrations are recommended
to limit this value to 135 dB for sets in common use.

Note — Administrations may deem it appropriate to use different limits for specific cases, for instance for
the headsets used by operators.
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2 Efficiency of protection against longer duration disturbances

In order to check whether a telephone set affords satisfactory protection against the risk of acoustic
hazards due to longer duration disturbances, such as tones, it is recommended that its characteristics be examined
as follows:

a) the entire telephone set, including the protective device, is placed in normal operating conditions as
regards current supply and its position for the exchange of a call (e.g. with the handset raised);

b) the earpiece of the handset earphone is applied in the normal way to an artificial ear conforming to
Recommendation P.51 (wich corresponds to IEC Publication 318);

c) the artificial ear is electrically connected to a precision sound level meter conforming to IEC
Publication 651, correctly calibrated to measure A-weighted sound pressure levels. This equipment
must be of class 2 for prototype testing, and may be of class 3 for checking mass-produced sets;

d) a 1000 + 20 HzD sinewave signal is applied to the telephone set and its amplitude is increased until
it reaches 10 V,,, across the set’s terminals or until the steady-state acoustic output from the telephone
receiver reaches its limiting value, whichever occurs first;

e) the telephone set is also checked for self-generated acoustic disturbances, such as tone dialing signals
fed back to the receiver; '

f) for both cases d) and e) above, the steady-state A-weighted sound pressure level should be below
125 dBA (“slow” response).

Note 1 — Tones or other disturbances which are inherently limited to less than 0.5 s duration should be
evaluated . as short duration impulses under § 1. Repetitive disturbances, such as those which might be produced
during automatic tone-type dialing, should be evaluated under § 2 using the sound level meter set for “slow”
response averaging.

Note 2 — Administrations may deem it appropriate to use different levels for specific cases, for instance,
for the headsets used by operators.

3 Effect on normal speech signals

It is recommended to check whether the strong-signal attenuation obtained by protective devices does not
cause deterioration of the normal speech signals, e.g. by nonlinear distortion. This may be done by conducting a
series of measurements using steady-state sine wave signals at a frequency of 1000 + 20 Hz and relating to the
following magnitudes:

N is an electric voltage level at the terminals of the set. N is determined by the relation:
° N=201lo Vims (dB) '
810 9775

where V,.s represents the r.m.s. value of the voltage across the terminals. The value of
Vims = 0.775 volts (—2.2-dBV) gives N = 0 and corresponds to a power level of 0 dBm into
600 ohms.

P(N) is an acoustic pressure produced by the telephone receiver under given conditions, (this may be
the pressure measured on an artificial ear in accordance with Recommendation P.51), corre-
sponding to the application of voltage level N across the terminals of the set.

A(N) is an attenuation of electroacoustic efficiency in relation to its reference value determined for
N = —20 dB. A(N) is determined by the relation:

P (—20)

A(N) = 20 logyo PV)

+ N+ 20 (dB)
[A(N) = 0 when N = —20 dB].

The values obtained for A(N) must match those in Table 1/P.36 which have been obtamed from
measurements carried out on several types of set fitted with various protective devices.

1) The ISO list of preferred frequencies includes 1000 Hz. It is a commonly used reference frequency in acoustic testing.
Recommendation 0.6 suggests 1020 Hz be used when testing PCM systems to avoid being at a submultiple of the 8000 Hz
sampling rate. This Recommendation may need to be considered when testing digital telephones.
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Note I — It may be useful to make a few additional measurements to ensure that, at frequencies between
200 Hz and 4000 Hz, the values observed for A(N) are of the same order.

Note 2 — Some sets of recent design have special features, such as electroacoustic sensitivity which
depends on the conditions of d.c. current supply or on the level of the speech signals received, quite apart from
the effect of the protective devices. In that case, Administrations intending to use such sets may have to adapt the
above conditions, taking care nevertheless to comply with their principles.

TABLE 1/P.36

N A(N)
(dB) (dB)
-20 0
-10 <05
0 <2

Recommendation P.37

MAGNETIC FIELD STRENGTH AROUND THE EARCAP
OF TELEPHONE HANDSETS WHICH PROVIDE FOR COUPLING
TO HEARING AIDS

(Malaga-Torremolinos, 1984; amended at Melbourne, 1988)

1 Introduction

Magnetic induction systems incorporated in telephone handsets generate an alternating magnetic field with
spatial characteristics which make the field detectable by hearing aids equipped with induction pick-up coils.

Reception of an audio-frequency signal via an induction pick-up coil can often allow an acceptable
signal-to-noise ratio to be achieved in cases where the acoustical reception would otherwise be degraded by
reverberation and background noise.

The magnetic field strength which enables induction pick-up coils in hearing aids to function effectively
must be high enough to produce an acceptable signal-to-noise ratio but not so high as to cause overloading of the
hearing aid.

The value of magnetic field strength recommended in this standard has been chosen so that these
requirements are met as far as possible.

2 Scope

This Recommendation applies to telephone handsets which provide a magnetic field for coupling to
hearing aids. It specifies the level linearity and frequency dependence of the magnetic field strength produced by
the handset and characteristics for a calibrated probe coil.

3 Explanation of terms

3.1 Level of magnetic field strength

The maximum value of the magnetic field strength is measured in accordance with § 4.2.

32 Plane of measurement

A plane parallel to the earcap plane at a distance of 10 mm.
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4 Magnetic field strength measurements and recommended values

4.1 Calibration of acoustic receive level

Using the measurement configuration shown in Figure 3/P.64, the drive level of the oscillator shall be
adjusted to produce a sound pressure level of 80 dB at 1000 Hz. This drive level shall be used for measuring the
level and frequency characteristics of the magnetic field strength.

42 Magnetic field strength level
Place (per § 5) the centre of the calibrated probe coil in the plane of measurement and circuit orientate it
for maximum coupling. Determine the magnetic field strength at 1000 Hz using the drive level as per § 4.1.
Recommended range of values for the magnetic field strength is:
—17 to —30 dB relative to 1 A/m.

Note — Hearing aids with magnetic pick-up coils primarily intended for coupling to magnetic loops in
auditoria in accordance with IEC Publication 118-4 are likely to have a sensitivity that corresponds to a field
strength in the upper end of the range recommended for coupling to telephones.

43 Linearity of the magnetic field strength

With the probe coil positioned as in § 4.2, increase the 1000 Hz drive level specified in § 4.1 by 20 dB and
measure the resulting magnetic field strength.

The field strength should increase by 20 dB + 1 dB, or if the telephone set has a higher linearity the
linearity of the magnetic field shall be equally as good.

4.4 Measurement of frequency characteristics

With the probe coil positioned as in § 4.2 and the drive level as in § 4.1, vary the frequency from 300 Hz
to 3400 Hz and measure the resulting field strength. The magnetic field strength frequency characteristics shall fit
within the template shown in Figure 1/P.37.
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Note — Preferred frequency characteristics are within the dotted lines (+ 3 dB). Range of acceptable characteristics is within the solid lines.

FIGURE 1/P.37

Magnetic field strength frequency characteristics
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5 Probe coil

5.1 Dimensions
For measuring the magnetic field strength, a calibrated probe coil having the following dimensions is
recommended:

Core: length (12.5 = 1 mm)
cross section (1 mm + 0.5 mm) X (2 mm % 0.5 mm)

Winding: length (10 mm #+ 1 mm)
cross section (2 mm + 0.5 mm) X (3 mm = 0.5 mm)

The winding shall be shorter than the core.

Note 1 — The magnetic field may be inhomogeneous within distances comparable to the length of the
probe coil. The introduction of a magnetic core material may also redirect the magnetic field contours, therefore
the magnetic material of the core may be of importance.

Note 2 — The probe coil may be combined with frequency correcting elements to obtain a flat frequency
response in the range of 300 Hz to 3400 Hz.
5.2 Calibration of the probe coil

The sensitivity as a function of frequency of the probe coil shall be measured with an accuracy
of £ 0.5 dB. ,

A method of producing a homogeneous magnetic field of known intensity is given in IEC Publica-
tion 118-1. The harmonic distortion of the magnetic field used for the calibration shall be less than 1%.
53 Distortion

The distortion of the probe coil shall be less than 2%, when measuring field strength up to +2 dB relative
to 1 A/m.

ANNEX A

(to Recommendation P.37)

Measurement of an acousto-magnetic adapter generating a
magnetic field

Al Scope

This annex specifies the measuring method for an acousto-magnetic adapter that converts the acoustic
output of an associated telephone receiver to a magnetic field, in accordance with §§ 4.1 and 4.2, that can be
received by the magnetic pick-up coil in a hearing aid.

A2 Definition of the adapter plane

The adapter plane is defined as the plane formed by the contacting points of a flat surface against the
surface of the acousto-magnetic adapter opposite the earcap connection.

A3 Definition of the plane of measurement

The plane of measurement is defined as a plane parallel to the adapter plane at a distance of 10 mm.

A4 Measurement procedures

Measurements are made in accordance with this Recommendation.

The output sound pressure level of the telephone receiver is measured against the artificial ear without the
acousto-magnetic adapter being mounted. '

The characteristics of the magnetic field of the acousto-magnetic adapter are measured when mounted on
the actual telephone receiver. '

Note — In reporting results, the type of telephone set used should be specified.
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A.S Magnetic field requirements

The magnetic field produced by the adapter when fitted to a handset should meet the level and frequency
characteristic requirements given in §§ 4.2 and 4.4.

A6 Physical properties

Desirable physical properties of the acousto-magnetic adapter are:
— easy to place on the earcap and remove again;

— a firm contact to the earcap so that the acousto-magnetic adapter and the telephone handset can be
used as an integrated unit;

— forming a good and well-defined acoustic coupling to the earcap (see Note);

— the surface of the acousto-magnetic adapter defining the adapter plane should be flat or should have a
shape easily defining the adapter plane;

— the adapter plane should be approximately parallel to the earcap plane;

— the magnetic field produced by the adapter should be orientated so that the magnetic coupling to the
hearing aid is only to a small extent dependent on the position of the hearing aid.

Note — The inner diameter of an acoustic seal is recommended to be equal to the edge diameter of the
IEC 318 artificial ear.
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Recommendation P.38

TRANSMISSION CHARACTERISTICS OF OPERATOR
TELEPHONE SYSTEMS (OTS)

The measurement methods adopted for measuring on operator telephone systems (OTS) which comprise a
headset, feeding circuit and subscriber’s line (the same principles can be applied to any system that uses a
headset), conform to the methods described in Recommendation P.64 with the following exceptions:

1 Sending sensitivities of OTS

In principle, the OTS is similar to the Local Telephone System (LTS) of Recommendation P.64 with the
exception that in a headset the earphone and microphone may not have a fixed relationship as has a conventional
telephone handset. Those headsets which are not adjustable in distance from the receiver to the microphone
should be positioned per Annex A of Recommendations P.76. For those which are adjustable, a modal position of
the input port of the mouthpiece must be specified by the manufacturer in 3-dimensional coordinates relative to
the lip, horizontal and vertical reference planes of the mouth as defined in Recommendation P.51.

This modal position is defined by the manufacturer to be representative of the position of normal usage.

Note — The term “corner of the mouth” used by some manufacturers in defining the normal use position
is assumed to be 21 mm from the centre 9 mm behind the lip plane. The sound field of the artificial mouth is not
defined behind the lip plane and therefore measurement points behind the lip plane are not recommended.

The sending sensitivity is then determined as per §§ 2, 4 and 6 of Recommendation P.64

The sending loudness rating (SLR) is computed as described in Recommendation P.79.
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2 Receiving sensitivities of OTS

21 For headsets using supra-aural earphones, the IEC 318 artificial ear is used.
The receiving sensitivity is determined as per §§ 3, 5 and 7 of Recommendation P.64.

The receiving loudness rating (RLR) is computed as described in Recommendation P.79 using the Lg
values of Table 4/P.79. '

2.2 For headsets using insert type receivers, the IEC 711 ear simulator is used.
The receiving sensitivity is determined as per §§ 3, 5 and 7 of Recommendation P.64.

23 The receiving sensitivity suitable for use in the calculation of loudness requires:

a) a transfer function (Spg) for the eardrum to the ear reference point (ERP) and is given in
Table 1/P.51, and

b) the Lgy values of Table 1/P.38 appropriate for insert type receivers.

The sensitivity is defined as:

Sye = S + Spe — Ly

where
Sie is the sensitivity from the junction to the real ear. _
Sia is the sensitivity from the junction to the 711 IEC ear simulator (eardrum).
Lgy is the ear coupling loss of insert type receivers (Table 1/P.38).
Spe is the transfer function from the eardrum to the ERP (Table 1/P.51).

The receiving loudness rating (RLR) is computed as described in Recommendation P.79 using S,z from the
above forrula. (Note — The Lg values of Table 4/P.79 have been replaced by the values Table 1/P.38.)

Note 1 — Study is still continuing under Question 8/XII, to evaluate intra-concha, circum-aural and
non-contact types of earpieces.

- Note 2 — Further information on the measurement of OTS can be found in § 3.4 of the Handbook on
Telephonometry. -

TABLE 1/P.38

Values of Lg () for insert type receivers

Frequency Lg
(Hz) (dB)
200 23.0
250 19.0
315 18.0
400 17.4
500 12.8
630 9.0
800 6.8
1000 32
1250 1.5
1600 14
2000 0.4
2500 -1.5
3150 3.0
4000 0.0
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SECTION 3

TRANSMISSION STANDARDS

Recommendation P.48 ‘

Summary

SPECIFICATION FOR AN INTERMEDIATE REFERENCE SYSTEM

(Geneva, 1976; amended at Geneva, 1980,
Malaga-Torremolinos, 1984, Melbourne, 1988)

This Recommendation intends to specify the intermediate reference system (IRS) to be used for defining
loudness ratings. The description should be sufficient to enable equipment having the required characteristics to be
reproduced in different laboratories and maintained to standardized performance.

1 Design objectives

The chief requirements to be satisfied for an intermediate reference system to be used for tests carried out
on handset telephones? are as follows:

a)
b)
<)
d)

€)

the circuit must be stable and specifiable in its electrical and electro-acoustic performance. The
calibration of the equipment should be traceable to national standards;

the circuit components that are seen and touched by the subjects should be similar in appearance and
“feel” to normal types of subscribers’ equipment;

the sending and receiving parts should have frequency bandwidths and response shapes standardized
to represent commercial telephone circuits;

the system should include a junction which should provide facilities for the insertion of loss, and
other circuit elements such as filters or equalizers;

the system should be capable of being set up and maintained with relatively simple test equipment.

Note — The requirements of a) to d) have been met in the initial design of the IRS by basing the sending
and receiving frequency responses on the mean characteristics of a large number of commercial telephone circuits
and confining the bandwidths to the nominal range 300-3400 Hz.

1) For other types of telephone, e.g. headset or loudspeaking telephone, a different IRS will be required. The IRS is specified
for the range 100-5000 Hz. The nominal range 300-3400 Hz specified is intended to be consistent with the nominal 4 kHz
spacing of FDM systems, and should not be interpreted as restricting improvements in transmission quality which might be
obtained by extending the transmitted frequency bandwidth. .
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Since the detailed design of an IRS may vary between different Administrations, the following specifica-
tion defines only those essential characteristics required to ensure standardization of the performance of the IRS.

The principles of the IRS are described and its nominal sensitivities are given in §§ 2, 3, 4 and 5 below;
requirements concerning stability, olerances, noise limits, crosstalk and distortion are dealt with in §§ 6
to 9 below. Some information concerning secondary characteristics is given in § 10 below.

Certain information concerning installation and maintenance are given in [1].

2 Use of the IRS

The basic elements of the IRS comprise:

a) the sending part,

b) the receiving part,-

¢) the junction.

When one example each of a), b) and ¢) are assembled, calibrated and interconnected, a reference
(unidirectional) speech path is formed, as shown in Figure 1/P.48. For performing loudness rating determinations,

suitable switching facilities are also required to allow the reference sendmg and receiving parts to be interchanged
with their commercial counterparts.

' |
|
|
A O 15

| |
| |
|JR ' ":l 8
Microphone | | | Earphone
of handset | | 'or handset
SmJ l ' X 37 SJ
1 ot ol ¢ !
! Sending part ! Junction T Receiving part ) L
{or junction circuit)
CCITT-44440
FIGURE 1/P.48
Composition of the complete intermediate reference system
3 Physical characteristics of handsets

The sending and receiving parts of an IRS shall each include a handset symmetrical about its longitudinal
place and the profile produced by a section through this plane should, for the sake of standardization, conform to
the dimensions indicated in Figure 1/P.35. In practice, any convenient form may be considered use being made,
for example, of handsets of the same type as those used by an Administration in its own network. The general
shape of the complete handset shall be such that, in normal use, the position of the earcap on the ear shall be as
definite as possible, and not subject to excessive variation.

The microphone capsule, when placed in the handset, shall be capable of calibration in accordance with
the method described in Recommendation P.64. The earcap shall be such that it can be sealed on the circular
knife-edge of the IEC/CCITT artificial ear for calibration in accordance with IEC 318, and the contour of the
earcap shall be suitable for defining the ear reference point as described in Annex A to Recommendation P.64.
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Transducers shall be stable and linear, and their physical design shall be such that they can be fitted in the
handset chosen. A handset shall always contain both microphone and earphone capsules, irrespective of whether
either is inactive during tests. The weight of a handset, so equipped, shall not exceed 350 g.

4 Subdivision of the complete IRS and impedances at the interfaces

Figure 1/P.48 shows the composition of the complete IRS, subdivided as specified in § 2 above. The
principal features of the separate parts are considered below.

4.1 Sending part

The sending part of the IRS is defined as the portion A-JS extending from the handset microphone A to
the interface with the junction at JS. The sending part shall include such amplification and equalization as
necessary to ensure that the requirements of §§ 5.1 and 7 below are satisfied.

The return loss of the impedance at JS, towards A, against 600/0° ohms, when the sending part is
correctly set up and calibrated, shall be not less than 20 dB over a frequency range 200-4000 Hz, and not less than
15 dB over a frequency range 125-6300 Hz.

4.2 Receiving part

The receiving part of the IRS is defined as the portion JR-B extending from the interface with the junction
at JR to the handset earphone at B. The receiving part shall include such amplification and equalization as
necessary to ensure that the requirements of §§ 5.2 and 7 below are satisfied.

The return loss of the impedance at JR, towards B, against 600/0° ohms, when the receiving part is
correctly set up and calibrated, shall be not less than 20 dB over a frequency range 200-4000 Hz, and not less than
15 dB over a frequency range 125-6300 Hz.

4.3 Junction

For loudness balance and sidetone tests, the junction of the IRS shall comprise means of introducing
known values of attenuation between the sending and receiving parts, and shall consist of a calibrated 600 ohm
attenuator having a maximum value of not less than 100 dB

(e.g. 10 x 10dB + 10 x 1 dB + 10 x 0.1 dB)

and having a tolerance, when permanently fitted and wired in position in the equipment, of not more than + 1%
of the dial reading or 0.1 dB, whichever is numerically greater. Provision shall be made for the inclusion of
additional circuit elements (e.g. attenuation/frequency distortion) in the junction. The circuit configuration of such
additional elements shall be compatible both with that of the attenuator and the junction interfaces. The return
loss of the junction against 600/0° ohms, both with and without any additional circuit elements, shall be not less
than 20 dB over a frequency range 200-4000 Hz, and not less than 15 dB over a frequency range 125-6300 Hz. For
these tests, the port other than that being measured shall be closed with 600/0° ohms.

5 Nominal sensitivities of sending and receiving parts

The absolute values given below are provisional and may require changes to some extent as a result of the
study of Question 19/XII [2].

5.1 Sending part

The sending sensitivity, S,,;is given in Table 1/P.48, column (2) (see [3]).

5.2 Receiving part

The receiving sensitivity, Sy, on a CCITT/IEC measured artificial ear (see Recommendation P.64) is
given in Table 1/P.48, column (3) (see [3]).
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TABLE 1/P.48

Nominal sending sensitivities and receiving sensitivities of the IRS

(These values were adopted provisionally)

Frequency St Se
(Hz)
- dB V/Pa dB Pa/V
1 ) (3)
100 —45.8 -275
125 —36.1 —18.8
160 —25.6 —-10.8
200 —-19.2 -2.7
250 —143 2.7
300 —11.3 6.4
315 -10.8 7.2
400 -84 9.9
500 —-6.9 113
600 —-6.3 11.8
630 —6.1 11.9
800 —-4.9 123
1000 -3.7 12.6
1250 -23 12.5
1600 -0.6 13.0
2000 0.3 13.1
2500 1.8 13.1
3000 1.5 - 125
3150 1.8 12.6
3500 -173 39
4000 -372 -31.6
5000 —52.2 —549
6300 —73.6 —67.5
8000 —-90.0 -90.0

6 Stability

Jhe stability should be maintained, under reasonable ranges of ambient temperature and humidity, at least
during the period between routine recalibrations. (See also [1).)

7 Shapes and tolerances on sensitivities of sending and receiving parts

The shape of the sensitivity/frequency characteristics of the sending and receiving parts of the IRS shall lie
within the limits of masks formed by Table 2/P.48 and plotted in Figures 2/P.48 and 3/P.48. The sending and
receiving loudness ratings shall both be set to 0 + 0.2 dB when calculated in accordance with the principles laid
down in Recommendation P.79.

Note — One excursion above or one éxcursion below the limits is permitted provided that:

a) the excursion is no greater than 2 dB above the upper or below the lower limit;

b) the width of the excursion as it breaks the appropriate limit is no greater than 1/10th of the frequency
at the maximum or minimum of the excursion.
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TABLE 2/P.48

Coordinates of sending and receiving sensitivity limit curves

Frequenc Sending sensitivity Frequenc Receiving sensitivity
Limite curve (c;{z) Y (dB with respect (qHz) y (dB with respect
to an arbitrary level) to an arbitrary level)
100 —41 100 —24
200 —16 200 0
300 +9
400 -6
Upper limit 500 +14
3400 +6 3400 +16
3600 +4 3600 +13
4500 —40
6000 —-60
Under 200 — o Under 200 — o0
200 -21 200 -20
300 +4
400 —11
Lower limit 500 +9
3000 -1
3200 +10
3400 -4 3400 +4
Over 3400 — Over 3400 —
dB
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FIGURE 2/P.48

Suggested IRS sending mask
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Suggested IRS receiving mask
8 Noise limits
It is important that the noise level in the system be well controlled. See [4].
9 Nonlinear distortion

In order to ensure that nonlinear distortion will be negligible with the vocal levels normally used for
loudness rating, requirements in respect of distortion shall be met.

10 Complete specifications

Certain secondary characteristics of an IRS may be included in Administrations’ specifications. Particu-
larly, special care must be given to adjustable components, stability’ and tolerances, crosstalk, installation and
maintenance operations, etc. Reference [1] gives some guidance on these points.
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[1] Precautions to be taken for correct installation and maintenance of an IRS, Orange Book, Vol. V,
Supplement No. 1, ITU, Geneva, 1977. :
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Supplement No. 1, § 9.2, ITU, Geneva, 1977.

[4} Ibid., § 5.
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SECTION 4
OBJECTIVE MEASURING APPARATUS

Recommendation P.50

ARTIFICIAL VOICES

(Melbourne, 1988)

The CCITT,

considering
(a) that it is highly desirable to perform objective telephonometric measurements by means of a
mathematically defined signal reproducing the characteristics of human speech;

(b) that the standardization of such a signal is a subject for general study by the CCITT,

recommends?

the use of the artificial voice described in this Recommendation.

Note 1 — For objective loudness rating measurements, less sophisticated signals such as pink noise or
spectrum-shaped Gaussian noise can be used instead of the artificial voice.

Note 2 — The artificial voice here recommended has not yet been exhaustively tested in all possible
applications; further studies being carried out within Question 14/XII.

1 Introduction

The signal here described reproduces the characteristics of human speech for the purposes of characterizing
linear and nonlinear telecommunication systems and devices, which are intended for the transduction or
transmission of speech. It is known that for some purposes, such as objective loudness rating measurements, more
simple signals can be used as well. Examples of such signals are pink noise or spectrum-shaped Gaussian noise,
which nevertheless cannot be referred to as “artificial voice” for the purpose of this Recommendation.

The artificial voice is a signal that is mathematically defined and that reproduces the time and spectral
characteristics of speech which significantly affect the performances of telecommunication systems [1]. Two kinds
of artificial voice are defined, reproducing respectively the spectral characteristics of female and male speech.

The following time and spectral characteristics of real speech are reproduced by the artificial voice:

a) long-term average spectrum,

b) short-term spectrum,

¢) instantaneous amplitude distribution,

d) voiced and unvoiced structure of speech waveform,

e) syllabic envelope.

) The specifications given here are subject to future enhancement and therefore should be regarded as provisional.
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2 Scope, purpose and definition

2.1 Scope and purpose

The artificial voice is aimed at reproducing the characteristics of real speech over the bandwidth 100 Hz —
8 kHz. It can be utilized for characterizing many devices, e.g. carbon microphones, loudspeaking telephone sets,
nonlinear coders, echo controlling devices, syllabic compandors, nonlinear systems in general.

The use of the artificial voice instead of real speech has the advantage of both being more easily generated
and having a smaller variability than samples of real voice.

Of course, when a particular system is tested, the characteristics of the transmission path preceding it are
" to be considered. The actual test signal has then to be produced as the convolution between the artificial voice and
the path response.

2.2 Definition

The artificial voice is a signal, mathematically defined, which reproduces all human speech characteristics,
relevant to the characterization of linear and nonlinear telecommunication systems. It is intended to give a
satisfactory correlation between objective measurements and real speech tests.

3 Terminology
The artificial voice can be produced both as an electric or as an acoustic signal, according to the system or

device under test (e.g. communication channels, coders, microphones). The following definitions apply with
reference to Figure 1/P.50.

Equalizer Artificial mouth

_/-J— T ﬁ o MRP (mouth reference point)

CCITT - 63340

—_-—

1: Electrical artificial voice
2: Artificial mouth excitation signal
3: Acoustic artificial voice

FIGURE 1/P.50

3.1 electrical artificial voice

The artificial voice produced as an electrical signal, used for testing transmission channels or other electric
devices.

3.2 artificial mouth excitation signal

A signal applied to the artificial mouth in order to produce the acoustic artificial voice. It is obtained by
equalizing the electrical artificial voice for compensating the sensitivity/frequency characteristic of the mouth.

Note 1 — The equalization depends on the particular artificial mouth employed and can be accomplished
electrically or mathematically within the signal generation process.

33 acoustic artificial voice

It is the acoustic signal at the MRP (Mouth Reference Point) of the artificial mouth and has to comply
with the same time and spectral requirements of the electrical artificial voice.
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4 Characteristics

4.1 Long-term average spectrum

The third octave filtered long-term average spectrum of the artificial voice is given in Figure 2/P.50 and
Table 1/P.50, normalized for a wideband sound pressure level of —4.7 dBPa. The table is calculated from the
theoretical equation reported in [2].

Note — The values of the long-term spectrum of the artificial voice at the MRP can be derived from the
equation:

S(f) = —376.44 + 465.439(log,0f) — 157.745(logio f)? + 16.7124(logyo f)? (1-1)

where S(f) is the spectrum density in dB relative to 1 pW/m? sound intensity per Hertz at the frequency f The
definition frequency range is from 100 Hz to 8 kHz.

The curve of the spectrum is shown in Figure 2/P.50. The values of S(f) at 1/3 octave ISO frequencies are
given in the fourth column of Table 1/P.50. The tolerances are given in the fifth column of Table 1/P.50. The
tolerances below 200 Hz apply onto to the male artificial voice.

The total sound pressure level of the spectrum defined in Equation (1-1) is —4.7 dBPa. However, this
spectrum is also applicable for the levels from —19.7 to +10.3 dPBa. In other words, the first term of Equation
(1-1) may range from —391.44 to —361.44.

dBPa : d8 (Pa/VHz)
- -10

-130 -30

\
-50 -50

\\&

Third octave spectrum level
[}
8
L}
&
Spectrum density level

- 60 -
\\ 60
Ny
-70 -0
0t 02 03 040506 08 1 2 3 4 5678910 kHz
. CCITT - 74462

a) Third octave spectrum [Column (3), Table 1/P.50].
b) Spectrum density {Column (3)-(2), Table 1/P.50].

FIGURE 2/P.50

’

Long-term spectrum of artificial voice
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TABLE 1/P.50

Long-term spectrum of the artificial voice

1/3 octave center Bandwidth Sound pressure Spectrum Tolerance
frequency correction factor level density
10 logyo AS (third octave)
(Hz) (dB) (dBPa) (dB) (dB)
) @ 3) 3 -2
100 13.6 —23.1 —36.7 —
125 14.6 —-19.2 —33.8 +3, -6
160 15.6 —16.4 -32 +3, —69
200 16.6 —14.4 -31 +3,—6
250 17.6 —-134 -31 +3.0
315 18.6 —-13.0 —-31.6 +3.0
400 19.6 —-133 -329 +3.0
500 20.6 —14.1 -347 +3.0
630 21.6 —-154 -37 +3.0
800 22.6 -17.0 —-39.6 +3.0
1000 23.6 —18.9 —425 +3.0
1250 24.6 -21.0 —45.6 +3.0
1600 25.6 —23.0 —48.6 +3.0
2000 26.6 —251 -51.7 +3.0
2500 27.6 —26.9 —54.5 +3.0
3150 28.6 —28.6 -57.2 +3.0
4000 29.6 —-29.8 —-59.4 +6.0
5000 30.6 -30.6 —-61.2 +6.0
6300 31.6 -30.9 —-62.5 +6.0
8000 32.6 —30.5 —63.1 -

3 The given tolerances apply to the long-term spectrum of male speech and must also be complied
with by speech shaped noises. However, they do not apply to the female speech spectrum, whose
energy content in this frequency range is virtually negligible.

4.2 Short-term spectrum

The short-term spectrum characteristics of the male and female artificial voices are described in Annex A.

43 Instantaneous amplitude distribution

The probability density distribution of the instantaneous amplitude of the artificial voice is shown in
Figure 3/P.50 [3].
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Instantaneous amplitude distribution

44 Segmental power level distribution

The segmental power level distribution of the artificial voice, measured on time windows of 16 ms, is
shown in Figure 4/P.50. The upper and lower tolerance limits are reported as well.

Note — The upper tolerance limit represents the typical segmental power level distribution of normal
conversation, while the lower limit represents continuous speech (telephonometric phrases) [4], [5].
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45 Spectrum of the modulation envelope

The spectrum of the modulation envelope waveform is shown in Figure 5/P.50 and should be reproduced
with a tolerance of = 5 dB on the whole frequency range.

AN
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Modulation envelope level
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Frequency CCITT-74490
FIGURE 5/P.50

Spectrum of modulation envelope

4.6 Time convergence

The artificial voice must exhibit characteristics as close as possible to real speech. Particularly, it should be
possible to obtain the long-term spectrum and amplitude distribution characteristics in 10 s.

5 _ Generation method

Figure 6/P.50 shows a block diagram of the generation process of the artificial voice. It is generated by
applying two different types of excitation source signals, a glottal excitation signal and a random noise, to a
time-variant spectrum shaping filter. The artificial voice generated by the glottal excitation signal and by the
random noise corresponds respectively to voiced and unvoiced sounds. The frequency response of the spectrum
shaping filter simulates the transmission characteristics of the vocal tract.

Glottal
excitation
Multiplier
Spectrum Artificial
shaping —»0 voice
: filter
_j I
1
I
Random noise [~ Low . 1
emphasis |
i
]
1 .
! Envelope Filter
H L
H generator — coefficients
1 memory
t
' 3 3
Voiced/ ¢ i
unvoiced F------ R i 4
switching T1202340-88
FIGURE 6/P.50
‘ Artificial voice generation process
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5.1 Excitation source signal

The artifical voice is obtained by randomly alternating four basic unit elements, each containing voiced
and unvoiced segments. While one unit element starts with an unvoiced sound, followed by a voiced one, the
other three elements start with a voiced sound, followed by an unvoiced one and end with a voiced sound again
(see also Figure 9/P.50). The ratio of the unvoiced sound duration T, to the total duration of voiced segments T,
for each unit element is 0.25. The duration T = T,, + T, of unit elements varies according to the following
equation: .

T = —3.486 (logo 1)

where r denotes a uniformly distributed random number (0.371< r < 0.609).

The time lengths of the voiced and unvoiced sounds of the four unit elements are as follows:
Element a: Unvoiced (T,,) ; Voiced (T;)

Element b: Voiced (7,/4) + Unvoiced (T,,) + Voiced (37,/4)

Element c¢: Voiced (7,/2) + Unvoiced (T,,) ; Voiced (T,/2)

Element d: Voiced (37,/4) + Unvoiced (7T,,) + Voiced (7,/4)

Unit elements shall be randomly iterated for at least 10 s in order to comply with the artificial voice
characteristics as specified in § 4.

52 Glottal excitation

The glottal excitation signal is a periodic waveform as shown in Figure 7/P.50. The pitch frequency (1/ Ty
in Figure 7/P.50) varies according to the variation pattern shown in Figure 8/P.50 during the period T,. The
starting value of the pitch frequency (F; in Figure 8/P.50) is determined according to the following relationships:

F, = F, — 31.82 T, + 39.4 R for the male artificial voice
F, = F, — 51.85 T, + 64.2 R for the female artificial voice

where F, and R respectively denote the center frequency and a uniformly distributed random variable
(-1 < R< 1). F,is 128 Hz for the male artificial voice and 215 Hz for the female artificial voice. In the
trapezoid of the pitch frequency variation pattern, the area of the trapezoid above F, should be equal to that
below F, (shaded in Figure 8/P.50). For the elements b), ¢) and d) in Figure 7/P.50 the pitch frequency variation
pattern applies to the combination of the two voiced parts, irrespectively of where the unvoiced segment is
inserted.

T, R
T \ .
" DC = 1.176/(16000T, — 23) for male
3 1.176/(16000T, — 11.5) for female
3 8
E 2
< 2
v K
-4 pa}
S N N
N
“A/ 2 '
oy % f DC
o
b e
c| [¢¥
b
—’P"— T1202350-88
a = 0375ms
b= 0.5 ms
c=¢e =03125ms
d= 0.1875ms
f = 0.625 ms

FIGURE 7/P.50

Glottal excitation signal
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Pitch frequency variation pattern

5.3 Unvoiced sounds

The transfer function of the low-pass filter located after the random noise generator (low emphasis) is
1/(1 — z_,), where z~! denotes the unit delay.

5.4 Power envelope

The power envelope of each unit element of the excitation source signal is so controlled that the short-term
segmental power (evaluated over 2 ms intervals) of the artificial voice varies according to the patterns shown in a)
to d) of Figure 9/P.50. This is obtained by utilizing the following relationship providing input and output signals
of the spectrum shaping filter:

12
Pin = Pout H (1 - k?)
i=1

where:
P, is the input power to the spectrum shaping filter
P,,, is the output power from the spectrum shaping filter
k; is the ith coefficient of the spectrum shaping filter.

The rising, stationary and decay times of each trapezoid of a) to d) of Figure 9/P.50 shall be mutually
related by the same proportionality coefficients (2 :3 :5) of the pitch frequency variation pattern shown in
Figure 8/P.50. For each unit element, the average power of unvoiced sounds (P,,) shall be 17.5 dB less than the
average power of voiced sounds (P,).

5.5 Spectrum shaping filter

The spectrum shaping filter has a 12th order lattice structure as shown in Figure 10/P.50. Sixteen groups,
each of 12 filtering coefficients (k; — ky;), are defined; thirteen groups shall be used for generating the voiced
part, while three groups shall be used for generating the unvoiced part. These coefficients are listed in
Table 2/P.50 both for male and female artificial voices.

The twelve filter coefficients shall be updated every 60 ms while generating the signal. More precisely,
during each 60 ms period the actual filtering coefficients must be adjourned every 2 ms, by linearly interpolating
between the two sets of values adopted for subsequent 60 ms intervals. In the voiced sound part, each of
13 groups of coefficients shall be chosen at random once every 780 ms (= 60 ms x 13), and in the unvoiced
sound part each of 3 groups of coefficients shall be chosen at random once every 180 ms (= 60 ms x 3).

Note — The described implementation of the shaping filter should be considered as an example and is not
an integral part of this Recommendation. Any other implementation providing the same transfer function can be
alternatively used.
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TABLE 2/P.50

Coefficients k;

a) k; for male artificial voice

ky k, ks ky ks ke ks ks ks kio ki ki

1 -0.471  -0.108 0.024 -0.048 0.140 0.036 0.054 0.004 0.123 0.044 0.099 -0.003

Unvoiced 2 -0.284 -0.468 0.030 0.090 0.124 -0.020 0.087 0.067 0.131 0.011 0076 -0.024
3 -0.025 -0.496 -0.176 0.162 0.236 -0.012 0.068 0.001 0.096 0.029 0.086 -0.018

1 0.974 0.219 0.025 -0.123 -0.132 -0.203 -0.103 -0.174 -0.079 -0.153 -0.010 -0.061

2 0,629 -0.152 -0.138 -0.142 -0.118 -0.135 0.147 0.019 0.077 -0.040 0.029 -0.007

3 0.599 -0.119 0.067 0.051 0.103 0.023 0.106 0.036 -0.006 -0.133 -0.052 -0.094

4 0.164 -0.364 -0.248 -0.076 0.168 0.072 0.103 0.045 0.112 0.010 0.048 -0.034

5 0.842 0.022 0.171 0.173 0.067 -0.057 0.089 -0.045 -0.039 -0.134 -0.034 -0.122

6 0933 -0.537 -0.137 -0.161 -0.216 -0.139 0.115 -0.042 0.027 -0.163 0.102 -0.107

Voiced 7 0937 -0.413 0.132 -0.059 -0.103 -0.134 0.047 -0.115 -0.105 -0.097 0.039 -0.108
8 0.965 -0.034 0.032 0.001 -0.107 -0.189 -0.057 -0.175 -0.109 -0.163 -0.003 -0.055

9 0.870 -0.476 -0.016 -0.136 -0.125 -0.107 0.091 -0.008 0.021 -0.128 0.042 -0.069

10 0.686 -0.030 0.178 0.197 0.155 -0.026 0.078 0.004 -0.001 -0.128 -0.004 -0.102

11 0.963 -0.232 0.086 -0.018 -0.147 -0.192 -0.040 -0.179 -0.144 -0.133 0.042 -0.042

12 0.930 -0.461 0.071 -0.144 -0.122 -0.096 0.034 -0.066 -0.021 -0.171 0.067 -0.091

13 0949 -0.334 0.143 -0.040 -0.112 -0.161 0.010 -0.156 -0.123 -0.119 0.049 -0.070

b) k; for female artificial voice
ky k ks ks ks ke ky ks ko ko ki ki

1 -0.488 -0.388 0.145 0.053 0.122 0.027 0.135 0.035 0.080 0.017 0.068 -0.028

Unvoiced 2 -0.093 -0.444 -0.102 0.121 0.154 0.009 0.102 -0.031 0.084 0.019 0.101  -0.020
3 -0.709 -0.179 0.134 0.007 0.142 0.027 0.099 0.000 0.115 0.007 0.075 -0.037

1 0355 -0.247 -0.092 -0.043 0.032 0.046 0.113  -0.023 0.071 -0.030 -0.000 -0.116

2 0.976 0.150 -0.062 -0.187 -0.172 -0.200 -0.122 -0.207 -0.054 -0.127 0012 -0.111

3 0.737 -0.324 -0.175 -0.197 -0.153 0.023 0.110 -0.018 0.040 -0.062 0.034 -0.091

4 0.598 0.234 0.126 0.011 -0.005 -0.026 0.131 0.032 0.073  -0.063 001t -0.088

5 0.808 0.118 0.262 0.139 0.063 -0.024 0.001 -0.184 -0.056 -0.100 0.014 -0.115

6 0914 -0.500 -0.051 -0.115 -0.211 -0.012 -0.077 -0.179 0.064 -0.102 0.037 -0.092

Voiced 7 0933 -0.359 0.089 -0.107 -0.178 -0.050 -0.137 -0.206 0.046 -0.088 -0.004 -0.074
8 0966 -0.023 0.044 -0.105 -0.178 -0.195 -0.150 -0.233 -0.045 -0.092 0.029 -0.097

9 0.870 -0.469 -0.244 -0.107 -0.140 -0.037 0.084 -0.131 0.021 -0.066 -0.003 -0.091

10 0.673 -0.292 0.392 0.158 0.143 0.160 0019 -0.281 -0.105 -0.195 -0.156 -0.185

11 0.962 -0.191 0.030 -0.089 -0.207 -0.133 -0.141 -0.263 0.007 -0.054 0.014 -0.074

12 0.879 -0.340 0.046 -0.049 -0.07t -0.024 -0.039 -0.188 0.017 -0.078 -0.014 -0.117

13 0941 -0.258 0.122 -0.073 -0.163 -0.089 -0.151 -0.250 0.025 -0.062 -0.006 -0.093
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ANNEX A

(to Recommendation P.50)

Short-term spectrum characteristics of the artificial voice

The artificial voice is generated by randomly selecting each of sixteen short-term spectrum patterns once
ever 960 ms (= 60 ms x 16 patterns). The spectrum density of each pattern is provided by Equation (A-1) and
Table A-1/P.50, and the short-term spectrum of the signal during the 60 ms interval occurring between any two
subsequent pattern selections varies smoothly from one pattern to the next.

Note — The spectrum patterns in Equation (A-10) and Table A-1/P.50 are expressed in power normalized
form.

1
12
Ay + 2 Y Ajlcos2mif)]

Jj=1

,i=1,2,...16 (A-1)

Spectrum density S;(f) =
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TABLE A-1/P.50

Coefficients 4;;

a) Aj for male artificial voice

0 1 2 3 4 5 6 7 8 9 10 11 12
1 2.09230 —1.33222 1.32175 —1.14200 0.99352 —0.94634 0.72684 —0.63263 0.41196 —0.42858 0.22070 —0.19746 0.10900
2 9.34810 —8.55934 7.35732 —6.35320 5.33999 —4.47238 3.62417 —2.85246 2.12260 —1.49424 0.93988 —0.44998 0.12400
3 11.69068 —10.91138 9.46588 —8.11729 6.94160 —5.90977 4.95137 —3.89587 2.88750 —-1.97671 1.14892 —0.50255 0.12100
4 12.56830 —11.81209 10.36030 —8.82879 7.37947 —6.01017 4.66740 —3.46913 2.42182 —1.60880 0.91652 —0.39648 0.12000
5 6.83438 —6.18275 5.59089 —4.71866 4.06004 —3.44767 2.65380 —2.12140 1.50334 —1.07904 0.64553 —0.31816 0.11500
6 12.37251  —11.52358 9.89962 —8.31774 6.99062 —5.86272 4.69809 —3.56806 2.53340 —1.70522 0.99232 —0.45403 0.13400
7 21.07637 —19.62125 16.56781 —13.67518 11.41379 —9.61940 7.93529 —6.32841 4.92443 —3.53539 2.09095 —0.86543 0.18100
8 30.77371  —29.17365 25.52254 —21.51978 17.80583 —14.30488 10.87190 —7.71572 5.14643 —3.20113 1.72149 —0.68054 0.14400
9 4.18618 —3.36611 3.36793 —2.92133 2.38452 —2.06047 1.57550 —1.34240 0.84994 —0.70462 0.38685 —0.21857 0.12100
10 14.12359 —13.14611 11.25804 —9.47510 7.97588 —6.70717 5.44803 —4.23843 3.10807 —2.12879 1.25096 —0.53230 0.12600
11 2636971 —24.95984 21.80496 —18.41045 15.30642 —12.49415 9.84879 —7.40287 5.29262 —3.43906 1.84980 —0.71546 0.14800
12 11.50808 —10.74609 9.34328 —7.91953 6.66959 —5.54500 4.34328 —3.27036 2.33714 —1.61333 0.96597 —0.44666 0.13500
13 5.32020 —4.61998 4.29145 —3.62118 3.01310 —2.67071 2.13992 —1.72147 1.22163 —0.93163 0.53317 —0.28989 0.11900
14 20.61945 —19.39682 16.80034 —14.14817 11.84307 —9.78712 7.73534 —5.77921 4.06200 —2.66324 1.49831 —0.59887 0.12600
15 30.02641 —28.42244 2475314 —20.70178 16.98199 —13.72247 10.81050 —8.20966 5.94148 —3.90501 2.11507 —0.81306 0.16400
16 27.62370 —26.17896 2293678 —19.42253 16.18997 —13.17171 10.19859 —7.42299 5.07437 —3.21481 1.73980 —0.67818 0.14000
b) Ay for female artificial voice
0 1 2 3 4 5 6 7 8 9 10 11 12
1 8.92953 —8.28905 7.23150 —6.06571 5.06663 —4.16883 3.34820 —2.64174 1.91152 —1.27122 0.74358 —0.35347 0.13100
2 9.11050 —8.29868 7.05018 —6.03862 5.02156 —4.15784 3.37442 —2.70084 2.04257 —1.41928 0.90339 —0.47240 0.14100
3 13.69058 —12.75539 10.87390 —8.98976 7.28838 —5.87662 4.78110 —3.72852 2.71831 —1.81828 1.06757 —0.48907 0.12900
4 6.95118 —6.29134 5.35757 —4.64910 3.87250 —3.23132 2.69856 —2.12367 1.58326 —1.13885 0.70609 —-0.37778 0.12800
5 2.73454 —1.80664 1.95283 —1.79464 1.43897 —1.31656 0.93268 —0.87398 0.53694 —0.47562 0.24159 —0.15438 0.11800
6 10.82358 —10.07808 8.78565 —17.43643 6.14765 —5.10041 4.10027 —3.23241 2.34220 —1.54676 0.91918 —0.45059 0.14200
7 21.58481 —19.92676 16.21532 —12.43566 9.61057 —7.93982 6.97363 —6.00866 4.68271 —3.12797 1.70804 —0.67499 0.14200
8 23.73912 —22.20897 18.74416 —15.03715 11.99248 —9.85513 8.27112 —6.72826 494335 —3.10450 1.60004 —0.61090 0.12900
9 497162 —4.27705 4.01380 —3.38500 2.78457 —2.45010 1.98057 -1.63020 1.18104 —0.80108 0.51528 ~0.29138 0.12500
10 13.37598 —12.45509 10.72295 —8.97928 7.35893 —6.05438 4.88819 —3.86108 2.85164 —1.88876 1.11490 —0.52260 0.13800
11 16.48817 —15.22287 12.62125 —10.23900 8.46966 —17.23692 6.24648 —5.09752 3.77465 —2.46950 1.37404 —0.57453 0.13200
12 18.22041 —17.17540 15.09489 —12.55171 10.24976 —8.45903 6.71874 —5.19063 3.52021 —2.10167 1.08066 —0.41880 0.14300
13 1.32602 —-0.31718 0.44277 —0.47070 0.32935 —0.41555 0.25775 —0.32079 0.13791 —0.23640 0.10103 —0.10136 0.11500
14 16.90640 —15.73723 13.30151  —10.82887 8.78690 —7.34521 6.21516 —5.11100 3.80281 —2.43990 1.33506 —0.55971 0.12900
15 21.73895 —20.42432 17.51117 14.44152 11.79131 —9.66735 7.90433 —6.19508 4.41275 —2.75545 1.46525 —0.59916 0.14000
16 21.04832 —19.72714 16.81197 —13.70183 11.07189 —-9.12707 7.57941 —6.08064 4.40471 —2.74320 1.43897 —0.58079 0.13300
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Recommendation P.51

ARTIFICIAL EAR AND ARTIFICIAL MOUTH

(amended at Mar del Plata, 1968, Geneva, 1972, 1976,
1980, Malaga-Torremolinos, 1984 and Melbourne, 1988)

The CCITT,

considering

(a) that it is highly desirable to design an apparatus for telephonometric measurements such that in the
future all of these measurements may be made with this apparatus, without having recourse to the human mouth
and ear;

(b) that the standardization of the artificial ear and mouth used in the construction of such apparatus is a
subject for general study by the CCITT,

recommends
(1) the use of the artificial ears described in § 1 of this Recommendation;
(2) the use of the artificial mouth described in § 2 of this Recommendation.

Note — Administrations may, if they wish, use devices which they have been able to construct for
large-scale testing of telephone apparatus supplied by manufacturers, provided that the results obtained with these
devices are in satisfactory agreement with results obtained by real voice-ear methods.

1 Artificial ears

Three types of artificial ears are defined:

1) a wideband type for audiometricand telephonometric measurements,

2) a special type for measuring insert earphones,

3) a type which faithfully reproduces the characteristics of the average human ear, for use in the
laboratory.

Type 1 is covered by IEC Recommendation 318 [1], the second IEC Recommendation 711 [2] and the third
is the object of further study in the IEC. _

It is recommended that the artificial ear conforming to IEC 318 [1] should be used for measurements on
supra-aural earphones, e.g. handsets, and that the insert ear simulator conforming to IEC 711 [2] should be used
for measurements on insert earphones, e.g. some headsets.

Note 1 — For the calibration of NOSFER earphones with rubber earpads (types 4026A and DR 701) the
method detailed in Annex B to Recommendation P.42 should be used. :

Note 2 — The sound pressure measured by the IEC 711 artificial ear is referred to the eardrum. The
correction function given in Table 1/P.51 shall be used for converting data to the ear reference point (ERP),
where loudness rating algorithms (Recommendation P.79) are based. The corrections apply to free field open-ear
conditions and to partially or totally occluded conditions as well. .
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2 Artificial onuth

21 Introduction

The artificial mouth is a device that accurately reproduces the acoustic field generated by the human
mouth in the near field. It is used for measuring objectively the sending characteristics of handset-equipped
telephone sets as specified in Recommendation P.64. It may also be used for measuring the sending characteristics
of loudspeaking telephones at distances up to 0.5 m from the lip plane, but the accuracy with which it reproduces

'

TABLE 1/P.51

Frequency Spe
(Hz) (dB)
100 0.0
125 0.0
160 0.0
200 0.0
250 0.0
315 -0.2
400 —-05
500 —-1.1
630 -1.0
800 -1.8
1000 -20
1250 -25
1600 —-4.1
2000 -7.2
2500 —10.6
3150 —-104
4000 —-6.0
5000 -2.1

Spe is the transfer function eardrum to ERP:

Spe = 20 log Pe (dB), where
Pp

Pr  sound pressure at the ERP

Pp sound pressure at the eardrum.

the sound field of the human mouth is slightly reduced.

2.2 Definitions

2.2.1  lip ring

Circular ring of thin rigid rod, having a diameter of 25 mm and less than 2 mm thick. It shall be
constructed of non-magnetic material and be solidly fixed to the case of the artificial mouth. The lip ring defines

both the reference axis of the mouth and the mouth reference point.

Note — The provision of the lip ring for locating the lip planes and the reference axis is not mandatory.
However, when not provided, adequate markings or other suitable geometric reference shall be alternatively

available.
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2.2.2  lip plane

Outer plane of the lip ring.

2.2.3 reference axis

The line perpendicular to the lip plane containing the center of the lip ring.

2.2.4 vertical plane

A plane containing the reference axis that divides the mouth into symmetrical halves. It shall be vertically
oriented in order to reproduce the acoustic field generated by a person in the upright position.

2.2.5 horizontal plane

The plane containing the reference axis, perpendicular to the vertical plane. It shall be horizontally
oriented in order to reproduce the acoustic field generated by a person in the upright position.

2.2.6 mouth reference point (MRP)

The point on the reference axis, 25 mm in front of the lip plane.

2.27 normalized free-field response (at a given point)

Difference between the third-octave spectrum level of the signal delivered by the artificial mouth at a given
point in the free field and the third-octave spectrum level of the signal delivered simultaneously at the MRP. The
characteristic is measured by feeding the artificial voice (see Recommendtion P.50) a speech-shaped random noise
or a pink noise.

2.2.8. reference obstacle

Disc constructed of hard, stable and on-megnetic material, such as brass, having a diameter of 63 mm and
5 mm thick. In order to measure the normalized obstacle diffraction, it shall be fitted with a %” pressure
microphone, mounted at the centre with the diaphragm flush on the disc surface.

2.2.9 normalized obstacle diffraction -

Difference between the third-octave spectrum level of the acoustic pressure delivered by the artificial
mouth at the surface of the reference obstacle and the third-octave spectrum level of the pressure simultaneously
delivered at the point on the reference axis, 500 mm in front of the lip plane. The characteristic is defined for
positions of the reference obstacle in front of the artificial mouth, with the disc axis coinciding with the reference
axis, and is measured by feeding the artificial mouth with a complex signal such as the artificial voice, a speech
shaped random noise or a pink noise.

2.3 Acoustic characteristics of the artificial mouth

2.3.1  Normalized free-field response

The normalized free-field response is specified at seventeen points: ten in the near field and seven in the
far field. Near-field points are listed in Table 2/P.51, while far-field points are listed in Table 3/P.51.

Table 4/P.51 provides the normalized free-field response of the artificial mouth, together with tolerances,
for the bandwidth between 100 Hz and 8 kHz. The requirements at each point not lying in the vertical plan shall
also be met by the corresponding point in the symmetrical half-space.

The characteristic shall be checked by using appropriate microphones, as specified in Table 5/P.51.
Pressure microphones shall be oriented with their axes perpendicular to the sound direction, while free-field
microphones shall be oriented with their axes parallel to the direction of sound.

Note — 1If a compressor microphone is used with the mouth, it (or an equivalent dummy) shall be left in
place while checking the normalized free-field response.
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TABLE 2/P.51

Coordinates of points in the near field

On-axis displacement Off-axis,
Measurement point from the lip plane perpendicular displacement
(mm) (mm)
1 12.5 0
2 50 0
3 100 0
4 140 0
5 0 20 horizontal
6 0 40 horizontal
7 25 ‘ 20 horizontal
8 25 40 horizontal
9 25 20 vertical (downwards)
10 25 40 vertical

TABLE 3/P.51

Coordinates of points in the far field

Distance from Azimuth angle Elevation angle
Measurement point the lip plane (horizontal) (vertical)
(mm) (degree) . (degree)
11 500 0 0
12 500 0 +15
13 500 0 +30
14 500 0 —15
15 500 0 -30
16 500 15 0
17 500 30 0
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Normalized free field response at points on axis in the near field

TABLE 4a/P.51

Frequency Measurement point
1 2 3 4 Tolerance

(Hz) (dB) (dB) (dB) (dB) (dB)

100 4.2 -5.0 -11.0 —13.6 +1.5

125 4.2 -5.0 —10.9 —-13.6 +1.5

160 4.2 -5.0 —-10.7 —13.6 +1.5

200 4.0 -5.0 —10.7 —133 +1.5

250 4.0 -5.0 —10.6 —-13.2 +1.5

315 4.0 -5.0 —-10.6 -13.2 +1.0

400 4.0 —-5.0 —-10.6 —-13.2 +1.0

500 4.1 -5.0 —10.6 —-13.2 +1.0

630 4.2 —49 —10.5 —-134 +1.0

800 4.2 —4.8 —-10.5 —-134 +1.0

1000 4.1 —4.8 -104 —-129 +1.0

1250 3.9 —4.38 —10.2 —12.7 +1.0

1600 3.8 —-4.38 -10.0 -12.7 +1.0

2000 3.6 —-4.7 —-10.0 —12.7 +1.0

2500 3.5 —4.6 -94 —123 +1.0

3150 3.6 —4.6 -9.4 —12.0 +1.0

4000 3.7 —4.6 -9.7 —12.3 +1.5

5000 3.7 —4.5 —-9.7 —12.6 +1.5

6300 3.8 —-4.5 -9.7 —-12.6 +1.5

8000 3.8 —49 -10.0 —12.7 +1.5

TABLE 4b/P.51
Normalized free-field response at points on axis in the near field
Frequency Measurement point
54 6 7 8 9 10 Tolerance

(Hz) (dB) (dB) (dB) (dB) (dB) (dB) (dB)
100 52 -1.7 —1.4 —4.0 —-1.6 —4.2 +1.5
125 5.2 -1.7 —-1.3 —3.8 —-1.5 —-4.2 +1.5
160 5.2 -1.7 —1.2 —-3.8 —-1.5 —-4.2 +1.5
200 52 —-1.7 —1.2 —-38 —-1.5 —4.2 +1.5
250 5.2 —-1.8 —-1.3 -3.8 —1.4 —42 +1.5
315 5.1 —1.8 —-1.3 —-3.8 -13 —42 +1.0
400 5.1 —1.8 —1.3 —-338 -13 —-4.0 +1.0
500 5.0 —-1.6 —-1.3 —3.8 -1.3 -39 +1.0
630 5.0 —-1.6 -1.3 -38 -13 -39 +1.0
800 5.0 —-1.6 —-1.3 —3.8 —-1.3 —4.0 +1.0
1000 4.8 -1.7 -1.3 -39 -1.3 - —4.1 +1.0
1250 4.8 —-1.8 —14 —4.0 -1.3 —43 +1.0
1600 4.7 -1.8 —14 -3.8 -13 —-4.0 +1.0
2000 4.7 —-1.8 —-1.2 -3 -1.3 -3.6 +1.0
2500 4.7 -1.9 —-1.0 -3.6 -1.1 —-3.5 +1.0
3150 4.7 -2.1 —-1.1 -35 —-1.2 —3.4 +1.0
4000 4.5 -29 —-1.5 —-4.1 —-1.3 —-3.0 +1.5
5000 3.8 —-3.6 —1.5 —4.8 = —-1.3 -3.7 +1.5
6300 3.2 —4.38 —1.8 —5.2 —-1.7 -3.7 +1.5
8000 2.5 -52 -2.0 —6.1 -22 —-4.2 +1.5

2 The measurements on the human mouth at point 5 are quite scattered, so the response at this point is only

indicatively provided and no tolerances are specified.
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TABLE 4c/P.51

Normalized free field response in the far field

Frequency range
100 Hz-8 kHz
Measurement point
Response . Tolerance
(dB) (dB)
11 —-24.0 + 3.0
12 ~24.0 + 3.0
13 —24.0 + 3.0
14 ~24.0 + 3.0
15 -24.0 + 3.0
16 —24.0 + 3.0
17 -240 + 3.0

TABLE 5/P.51

Recommended microphone types for free-field measurements

M . Microphone size Microbhone

easurement point o
(max.) equalization

1,2,5,6,7,8,9, 10 1/4" Pressure

3,4 172" Pressure

11, 12, 13, 14, 15, 16, 17 1” Free-field

MRP 1/4" Pressure

2.3.2  Normalized obstacle diffraction

The normalized obstacle diffraction of the artificial mouth is defined at three points on the references axis,
as specified in Table 6/P.51.

Note — If a compressor microphone is used with the mouth, it (or an equivalent dummy) shall be left in
place while checking the normalized obstacle diffraction.

23.3  Maximum deliverable sound pressure level

The artificial mouth shall be able to deliver steadily the acoustic artificial voice at sound pressure levels up
to at least +6 dBPa at the MRP. i

2.3.4 Harmonic distortion

When delivering sine tones, with amplitudes up to +6 dBPa at the MRP, the harmonic distortion of the
acoustic signal shall comply with the limits specified in Table 7/P.51.
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TABLE 6/P.51

Normalized obstacle diffraction

Frequency Measurement point
18 19 20 Tolerance
(Hz) (dB) (dB) (dB) (dB)
100 322 27.0 21.7 +2.0
125 32.0 27.0 21.4 +2.0
160 320 27.3 21.4 +2.0
200 31.2 26.5 20.6 +2.0
250 31.2 26.5 20.5 +2.0
315 319 27.0 21.0 +1.5
400 31.8 27.0 20.9 +1.5
500 31.3 26.4 © 204 +1.5
630 31.0 26.0 20.0 +1.5
800 30.1 251 19.4 +1.5
1000 29.3 244 18.8 +1.5
1250 29.0 24.3 18.8 +1.5
1600 28.9 24.5 19.6 +1.5
2000 28.6 25.2 20.5 +1.5
2500 29.0 26.3 23.2 +1.5
3150 29.0 26.5 21.8 +1.5
4000 29.6 273 . 22.8 +2.0
5000 31.2 26.9 224 +2.0
6300 31.7 26.0 22.5 +2.0
8000 30.0 23.0 18.0 +2.0

TABLE 7/P.51

Maximum harmonic distortion of the artificial mouth

Harmonic distorsion

2" harmonic

3" harmonic

100 Hz-125 Hz
125 Hz-200 Hz
200 Hz-8 Hz

< 10%
< 4%
< 1%

< 10%
< 4%
< 1%
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2.3.5  Linearity

A positive or negative variation of 6 dB of the feeding electrical signal shall produce corresponding
variation of 6 dB + 0.5 dB at the MRP for outputs in the range — 14 dBPa to +6 dBPa. This requirement shall
be met both for complex excitations, such as the artificial voice, and for sine tones in the range 100 Hz to 8 kHz.

2.4 Miscellaneous

2.4.1  Delivery conditions

The artificial mouth shall be delivered by the maufacturer with the mechanical fixtures required to place
the %" calibration microphone at the MRP, as specified in Recommendation P.64. Suitable markings shall be
engraved on the device housing for identifying the vertical plane position.

Each artificial mouth shall be delivered with a calibration chart specifying the free-field radiation and
obstacle diffraction characteristics as defined in this Recommendation

2.42  Stability

The device shall be stable and reproducible.

2.43  Stray magnetic field

Neither the d.c. nor the a.c. magnetic stray fields generated by the artificial mouth shall neither influence
. the signal transduced by microphones under test.

It is recommended that the a.c. stray field produced at the MRP shall lie below the curve formed by the
following coordinates:

Frequency Magnetic output
(Hz) (dB A/m/Pa)
200 -10
1000 —40
10 000- —40

It is also recommended that the d.c. stray field at the MRP be lower than 400 A/m.

Note — The recommended d.c. stray field limit of 400 A/m applies specifically to mouths intended for
measuring electromagnetic microphones. For measuring other kinds of microphones, a higher limit of 1200 A/m is
acceptable.

2.44  Choice of model

The results of measurements made on the BK 4219 source (no longer produced) and on the newer
BK 4227, with its mouthpiece replaced by the UA 0899 conical adaptor, show a satisfactory agreement between
the two models and compliance with the present Recommendation. The models actually used in tests shall always
be stated, together with the results of measurements.

Note — 1t should be noted that the BK 4227 artificial mouth generates a d.c. stray magnetic field at the
MRP which exceeds 400 A/m. It is then not suitable for measuring electromagnetic microphones.

References

1] International Electrotechnical Commission Recommendation, An artificial ear of the wideband type for the
calibration of earphones used in audiometry, IEC Publication 318, Geneva, 1970.

[21 . International Electrotechnical Commission Recommendation, Occluded ear simulator for the measurement
of earphones coupled to the ear by ear insert, IEC Publication 711, Geneva, 1981.
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Recommendation P.52

VOLUME METERS

The CCITT considers that, in order to ensure continuity with previous practice, it is not desirable to
modify the specification of the volume meter of the ARAEN employed at the CCITT Laboratory.

Table 1/P.52 gives the principal characteristics of various measuring devices used for monitoring the
volume or peak values during telephone conversations or sound-programme transmissions.

The measurement of active speech level is defined in Recommendation P.56. Comparison of results using
the active speech level meter and some meters described in this Recommendation can be found in Supplement

No. 18.

Note — Descriptions of the following devices are contained in the Supplements to White Book,

Volume V:

ARAEN volume meter or speech voltmeter: Supplement No. 10 [1].

Volume meter standardized in the United States of America, termed the “VU meter”: Supple-
ment No. 11 [2].

Peak indicator used by the British Broadcasting Corporation: Supplement No. 12 [3].

Maximum amplitude indicator Types U 21 and U 71 used in the Federal Republic of Germany:
Supplement No. 13 [4].

The volume indicator, SFERT, which formerly was used in the CCITT Laboratory is described in [5].

Comparative tests with different types of volume meters

A note which appears in [6] gives some information on the results of preliminary tests conducted at the
SFERT Laboratory to compare the volume indicator with different impulse indicators.

The results of comparative tests made in 1952 by the United Kingdom Post Office appear in Supple-
ment No. 14 [7]. Further results can be found in Supplement No. 18 of the present volume.
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TABLE 1/P.52

Principal characteristics of the various instruments used for monitoring the volume or peaks
during telephone conversations or sound-programme transmissions

Rectifier Time to Integratxon Time to return
. .. reach 99% of time
Type of instrument characteristic . a1 to zero
(see Note 3) final reading (milliseconds) (value and definition)
(milliseconds) (see Note 4)
(1) “Speech voltmeter” United Kingdom 2 230 100 equal to the
Post Office Type 3 (S.V.3) identical ’ (approx.) integration time
to the speech power meter
of the ’TARAEN
(2) VU meter (United States of America) 1.0to 1.4 300 165 equal to the
(see Note 1) (approx.) integration time
(3) Speech power meter of the “SFERT 2 around 200 equal to the
volume indicator” 400 to 650 integration time
(4) Peak indicator for sound-programme 1 10 3 seconds
transmissions used by the British (see Note 5) for the pointer
Broadcasting Corporation to fall to 26 dB
(BBC Peak Programme Meter)
(see Note 2)
(5) Maximum amplitude indicator used 1 around 80 5 1 or 2 seconds from
by the Federal German Republic (approx.) 100% to 10%
(type U 21) of the reading
in the steady state
(6) OIRT — Programme level meter: for both types: ) for both types:
type A sound meter less than 300 ms 105 1.5 to 2 seconds from
type B sound meter for meters with the 0 dB point which
pointer indication 60 £ 10 is at 30% of the length
_and less than of the operational
150 ms for meters section of the scale
with light
indication

Note 1 — In France a meter similar to the one defined in line (2) of the table has been standardized.

Note 2 — In the Netherlands a meter (type NRU-ON301) similar to the one defined in line (4) of the table has been
standardized.

Note 3 — The number given in the column is the index n in the formula [V} =V n] applicable for each half-cycle.
(output) (input)

Note 4 — The “integration time” was defined by the CCIF as the “minimum period during which a sinusoidal voltage should
be applied to the instrument for the pointer to reach to within 0.2 neper or nearly 2 dB of the deflection which would be
obtained if the voltage were applied indefinitely”. A logarithmic ratio of 2 dB corresponds to a percentage of 79.5% and a ratio
of 0.2 neper to a percentage of 82%.

Note 5 — The figure of 4 milliseconds that appeared in previous editions was actually the time taken to reach 80% of the final
reading with a d.c. step applied to the rectifying/integrating circuit. In a new and somewhat different design of this programme
meter using transistors, the performance on programme remains substantially the same as that of earlier versions and so does the
response to an arbitrary, quasi-d.c. test signal, but the integration time, as here defined, is about 20% greater at the higher meter
readings.

Note 6 — In Italy a sound-programme meter with the following characteristics is in use:
Rectifier characteristic: 1 (see Note 3).
Time to reach 99% of final reading: approx. 20 ms.
Integration time: approx. 1.5 ms.
Time to return to zero: approx. 1.5 s from 100% to 10% of the reading in the steady state.
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Recommendation P.53

PSOPHOMETERS (APPARATUS FOR THE OBJECTIVE MEASUREMENT OF CIRCUIT NOISE)
Refer to Recommendation 0.41, CCITT Blue Book, Volume IV, Fascicle IV.4

Recommendation P.54

SOUND LEVEL METERS (APPARATUS FOR THE OBJECTIVE MEASUREMENT OF ROOM NOISE)

(amended at Mar del Plata, 1968 and Geneva, 1972)

The CCITT recommends the adoption of the sound level meter specified in [1] in conjunction, for most
uses, with the octave, half, and third octave filters in accordance with {2].

References

[1] International Electrotechnical Commission Standard, Sound level meters, IEC Publication 651 (179),
Geneva, 1979. ‘

[2] International Electrotechnical Recommendation, Octave, half-octave and third-octave band filters intended

for the analysis of sounds and vibrations, IEC Publication 225, Geneva, 1966.

Recommendation P.55

APPARATUS FOR THE MEASUREMENT OF IMPULSIVE NOISE

(Mar del Plata, 1968)

Experiments have shown that clicks or other impulsive noises which occur in telephone calls come from a
number of sources, such as faulty construction of the switching equipment, defective earthing at exchanges and
electromagnetic couplings in exchanges or on the line. :

There is no practical way of assessing the disturbing effect of isolated pulses on telephone calls. A rapid
succession of clicks is annoying chiefly at the start of a call. It is probable that these series of clicks affect data
transmission more than they do the telephone call and that connections capable of transmitting data, according to
the noise standards now under study, will also be satisfactory for speech transmission.

Volume V — Rec. P.55 109



In view of these considerations, the CCITT recommends that Administrations use the impulsive noise
counter defined in Recommendation O.71 [1] for measuring the occurrence of series of pulses on circuits for both
speech and data transmission.

Note — At the national level, Administrations might continue to study whether the use of this impulsive
noise counter is sufficient to ensure that the conditions necessary to ensure good quality in telephone connections
are met. In those studies, Administrations may use whatever measuring apparatus they consider most suitable —
for example a psophometer with an increased overload factor — but the CCITT does not envisage recommending
the use of such an instrument.

Reference

[1] CCITT Recommendation Specification for an impulsive noise measuring instrument for telephone-type
circuits, Vol. IV, Rec. O.71.

Recommendation P.56

OBJECTIVE MEASUREMENT OF ACTIVE SPEECH LEVEL

(Melbourne, 1988)

1 Introduction

The CCITT considers it important that there should be a standardized method of objectively measuring
speech level, so that measurements made by different Administrations may be directly comparable. Requirements
of such a meter are that it should measure active speech level and should be independent of operator
interpretation.

In this Recommendation, a meter is a complete unit that includes the input circuitry, filter (if necessary),
processor and display. The processor includes the algorithm of the detection method.

In its present form, this meter can safely be used for laboratory experiments or can be used with care on
operational circuits. Further study is continuing on:

a) how the meter can be used on 2-wire and 4-wire circuits to determine who is talking and whether it is
an echo, and

b) how such an instrument can discriminate between speech and signalling, for example.

The method described herein maintains maximum comparability and continuity with past work, provided
suitable monitoring is used, e.g. an operator performing the monitoring function. In particular, the new method
yields data and conclusions compatible with those that have established the conventional value (22 microwatts) of
speech power at the input to the 4-wire point of the international circuit according to Recommendation G.223. A
method using operator monitoring can be found in Annex A.

This Recommendation describes a method that can be easily implemented using current technology. It also
acts as a reference against which other methods can be compared. The purpose of this Recommendation is not to
exclude any other method but to ensure that results from different methods give the same result.

Active speech level shall be measured and reported in decibels relative to a stated reference according to
the methods described below, namely,

~ Method A — measuring a quantity called speech volume, used for the purpose of real-time control of
speech level (see § 4);

— Method B — measuring a quantity called active speech level, used for other purposes (see § 5).
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Comparison of readings given by meters of methods A and B can be found in Supplement No. 18.

Note — This meter cannot be used to determine peak levels but sufficient information exists [1] giving the
instantaneous peak/r.m.s. ratio, provided the signal has not been restricted or modified in any way, e.g. peak

clipping.

2 - Terminology

The recommended terminology is as follows:

speech volume until now used interchangeably with speech level, should in future be used exclusively
to denote a value obtained by method A;

active speech level  should be used exclusively to denote a value obtained by method B;

speech level should be used as a general term to denote a value obtained by any method yielding
a value expressed in decibels relative to a stated reference.

The definitions of these terms [2], and other related terms such as those for the meters themselves [3],
should be adjusted accordingly.

3 General‘

31 Electrical, acoustic and other levels

This Recommendation deals primarily with electrical measurements yielding results expressed in terms of
electrical units, generally decibels relative to an appropriate reference value such as one volt. However, if the
calibration and linearity of the transmission system in which the measurement takes place are assured, it is
possible to refer the result backwards or forwards from the measurement point to any other point in the system,
where the signal may exist in some non-electrical form (e.g., acoustical). Power is proportional to squared voltage
in the electrical domain, squared sound pressure in the acoustical domain, or the digital equivalent of either of
these in the numerical domain, and the reference value must be of the appropriate kind (1 volt, 1 pascal, reference
acoustic pressure equal to 20 micropascals, or any other stated unit, as the case may be).

3.2 Universal requirements

For speech-level measurements of all types, the information reported should include: the designation of the
measuring system, the method used (A, B, or B-equivalent as explained in § 4, or other specified method), the
quantity observed, the units, and other relevant information such as the margin value (explained below) where
applicable.

All the relevant conditions of measurement should also be stated, such as bandwidth, position of the
measuring instrument in the communication circuit, and presence or absence of a terminating impedance. Apart
from the stated band limitation intended to exclude spurious signals, no frequency weighting should be introduced
in the measurement path (as distinct from the transmission path).

33 Averaging

Where an average of several readings is reported, the method of averaging should be stated. The mean
level (mean speech volume or mean active speech level), formed by taking the mean of a number of decibel values,
should be distinguished from the mean power, formed by converting a number of decibel values to units of power,
taking the mean of these, and then optionally restoring the result to decibels.

Any correction that has been applied should be mentioned, together with the facts or assumptions on
which any such correction is based. For example, in loading calculations, when the active levels or durations of
the individually measured portions of speech differ widely, 0.115 o is commonly added to the median or mean
level in order to estimate the mean power, on the grounds that the distribution of mean active speech levels
(dB values) is approximately Gaussian.
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4 Method A : immediate indication of speech volume for real-time applications
Measurement of speech volume for rapid real-time control or adjustment of level by a human observer
should be accomplished in the traditional manner by means of one of the devices listed in Recommendation P.52.

The choice of meter and the method of interpreting thé pointer deflexions should be appropriate to the
application, as in Table 1/P.56.

Values obtained by method A should be reported as speech volume; the meter employed, the quantity
observed, and the units in which the result is expressed, should be stated.

TABLE 1/P.56

Application Meter Quantity observed

Control of vocal level in live-speech ARAEN volume meter (SV3) Level exceeded in 3 s
loudness balances

Avoidance of peak limiting Peak programme meter Highest reading
Maintenance of optimum level in VU meter Average of peaks
making magnetic tape recording (excluding most extreme)
5 Method B: active speech level for other applications than those mentioned in method A
5.1 Principle of measurement

Active speech level is measured by integrating a quantity proportional to instantaneous power over the
aggregate of time during which the speech in question is present (called the active time), and then expressing the
quotient, proportional to total energy divided by active time, in decibels relative to the appropriate reference.

The mean power of a speech signal when known to be present can be estimated with high precision from
samples taken at a rate far below the Nyquist rate. However, the all-important question is what criterion should be
used to determine when speech is present.

Ideally, the criterion should indicate the presence of speech for the same proportion of time as it appears
to be present to a human listener, excluding noise that is not part of the speech (such as impulses, echoes, and
steady noise during periods of silence), but including those brief periods of low or zero power that are not
perceived as interruptions in the flow of speech [4]. It is not essential that the detector should operate exactly in
synchronism with the beginnings and ends of utterances as perceived: there may be a delay in both operating and
releasing, provided that the total active time is measured correctly. For this reason, complex real-time voice-
activity detectors depending on sampling at the Nyquist rate, such as those that have been successfully used in
digital speech interpolation, are not necessarily the most suitable for this application. Their function is to indicate
when a channel is available for transmission of information: this state does not always coincide with the absence
of speech; on the one hand, it may occur during short intervals that ought to be considered part of the speech,
and on the other hand, it may be delayed long after the end of an utterance (for reasons of convenience in the
allocation of channels, for example).

This Recommendation describes the detection method that meets the requirements. The method involves
applying a signal-dependent threshold which cannot be specified in advance, so that accurate results cannot be
guaranteed while the measurement is actually in progress; despite that, by accumulating sufficient information
during the process, it is possible to apply the correct threshold retrospectively, and hence to output a correct result
almost as soon as the measurement finishes. Continuous adaptation of the threshold level in real time appears to
yield similar results in simple cases, but further study is needed to find out how far this conclusion can be
generalized.
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5.2 Details of realization

The algorithm for method B is as follows.

Let the speech signal be sampled at a rate not less than f samples per second, and quantized uniformly
into a range of at least 2'? quantizing intervals (i.e. using 12 bits per sample including the sign).

Note — This requirement ensures that the dynamic range for instantaneous voltage is at least 66 dB, but
two factors combine to make the range of measurable active speech levels about 30 dB less than this:

1) Allowance must be made for the ratio of peak power to mean power in speech, namely about 18 dB
where the probability of exceeding that value is 0.001.

2) Envelope values down to at least 16 dB below the mean active level must be calculated: these values
may be fractional, but will not be accurate enough if computed from a quantizing interval much
exceeding twice the sample value; that is to say, it should not be expected that an active speech level
less than about 10 dB above the quantizing interval would be measurable.

Let the successive sample values be denoted by x; where i = 1, 2, 3,... Let the time interval between
consecutive samples be ¢ = 1/ fseconds.

Other constants required are:

v (volts/unit) scale factor of the analogue-digital converter

T time constant of smoothing in seconds

g = exp (—t/T) coefficient of smoothing

H hangover time in seconds
I=H/t rounded up to next integer
M margin in dB, difference between threshold and active speech level.

Let the input samples be subjected to two distinct processes, 1 and 2.

Process 1

Accumulate the number of samples n, the sum s, and the sum of squares, sq:

n= n_y + 1
S = Sit + X

2
$q; = $qi— + X7
where s, sqo and n, (initial values) are zero.

Process 2

Perform two-stage exponential averaging on the rectified signal values:

pi=g pi-1 + (1—-g)-| x|
qg=g g1+ ({(-g) p

where p, and g (initial values) are zero.
The sequence g; is called the envelope, p; denotes intermediate quantities.

Let a series of fixed threshold voltages ¢; be applied to the envelope. These should be spaced in geometric
progression, at intervals of not more than 2:1 (6.02 dB), from a value equal to about half the maximum code
down to a value equal to one quantizing interval or lower. Let a corresponding series of activity counts a;, and a
corresponding series of hangover counts, 4;, be maintained:

for each value of jin turn,

if ¢; > ¢jor g; = ¢, then add 1 to a; and set A, to 0;

if ¢; < ¢and h; < I, then add 1 to g;and add 1 to A;;

if ¢ < ¢ and h; = I, then do nothing.
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In the first case, the envelope is at or above the jth threshold, so that the speech is active as judged by that
threshold level. In the second case, the envelope is below the threshold, but the speech is still considered active
because the corresponding hangover has not yet expired. In the third case, the speech is inactive as judged by the
threshold level in question.

Initially, all the a; values are set equal to zero, and the h; values set equal to I

It should be noted that the suffix i in all the above cases is needed only to distinguish current values from
previous values of accumulated quantities; for example, there is no need to hold more than one value of sg, but
this value is continually updated. At the end of the measurement, therefore, the suffixes can be omitted from s, sq,
n, p, and q.

Let all these processes continue until the end of the measurement is signalled. Then evaluate the following
quantities:

Total time = n - ¢

Long-term power = sq - v¥/n.

Note — If it is suspected that there may be a significant d.c. offset, this may be estimated as s - v/n, and
used to evaluate a more accurate value of long-term power (a.c.) as ¥’ [sq/n—(s/n)?. However, in this case, the
effect of the offset on the envelope must also be taken into account and appropriate corrections made.

For each value of J» the active-power estimate is equal to sq - v/ a;

At this stage, the powers are in volts squared per unit time. Now express the long-term power and the
active-power estimates in decibels relative to the chosen reference voltage r:

Long-term level, L = 10 log (sq - v>/n)—20 log r

Active-level estimate, A4; = 10 log (sq - v*/a;) —20 log r

Threshold, G = 201log (¢;- v)—201log r

For each value of j, compare the difference 4; — C; with the margin M, and determine (if necessary, by
interpolation on a decibel scale between two consecutive values of 4; and of () the true active level 4 and

corresponding threshold C for which 4A— C = M. If one of the pairs of values 4; and G fulfils this condition
exactly, then the true activity factor is @;/n, but in all cases it can be evaluated from the expression 10(4=4/19,

For simplicity, the algorithm has been defined in terms of a digital process, but any equivalent process
(one implemented on a programmable analogue computer, for example) should also be considered as fulfilling the
definition.

53 Values of the parameters

The values of the parameters given in Table 2/P.56 should be used. They have been found suitable for the
purpose and have stood the test of many years of application by various organizations [4].

TABLE 2/P.56

Parameter Value Tolerance
f 694 samples/second not less than 600
T 0.03 seconds * 5%
H 0.2 seconds + 5%
M 159 dB + 0.5

Note — The value M = 15 dB might appear to be implied in [4], but the threshold level there
described equals the mean absolute voltage of a sine wave whose mean power is 15 dB below
the reference. The difference of 0.9 dB is 20 log (voltage/mean absolute voltage) for a sine
wave.
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The result of a measurement made by means of the above algorithm with parameter values conforming to
the above restrictions should be reported as active speech level, and the system should be described as using
method B of this Recommendation.

Note — Where noise levels are very high, as they are for example in certain vehicles or in certain radio
systems, it is often desirable to set the threshold higher (i.e. use a smaller margin) in order to exclude the noise.
This may be done provided the margin is also reported. The result of a such a measurement should be reported as
active speech level with margin M, and the measurement system described as using method B with margin M.

The activity factor should preferably be reported as a percentage, with a specification of the margin value
if this is outside the standard range.

6 Approximate equivalents of method B

Other methods under development use a broadly similar principle of measurement but depart in detail
from the algorithm given above.

It is not the intention to exclude any such method, provided it is convincingly shown by experimental
evidence to yield results consistent with those obtained by method B in a sufficiently wide range of conditions.
For this reason, a class of methods called B-equivalent methods is recognized.

A B-equivalent method of speech-level measurement is defined as any method that satisfies the following
test in all respects.

Measurements shall be carried out simultaneously by the method in question and by method B on two or
more samples of speech in every combination of the following variables:

VOICeS . . v v v e e e one male and one female voice

Speech material . ................. a list of independent sentences, a passage of continuous
speech, and one channel of a conversation, each lasting
at least 20 s (active time)

Bandwidth .. ... ................ 300 to 3400 Hz and 100 to 8000 Hz

Addednoise . . ........ .. ... . ..., flat within the measurement band at levels (M + 5) dB
and (M + 25) dB below the active speech level, where
M (the margin) is normally 15.9 dB, but smaller in
high-noise applications

Levels . ... ... ... .. ... ... ... at intervals of 10 dB over the range claimed for the
system in question.

From the results, 95% confidence limits for the difference between the level given by the method in
question and the active speech level given by method B shall be calculated for each of the above 24 combinations.

If, for every combination, the upper confidence limit of this difference is not higher than +1 dB and the
lower confidence limit is not lower than —1 dB, then the method shall be deemed to be a B-equivalent method.

This verification procedure is valid until a suitable speech-like signal has been recommended and found
suitable to perform this function (see Questions 12/XII and 13/XII).

Further, a method qualifies as B-equivalent if it gives results that fall within the specified limits when
corrected by the addition of a fixed constant, known in advance of the measurement and not dependent on any
feature of the speech signal (except possibly the bandwidth if this is known independently).

The results of measurements by such a method should be reported as B-equivalent active speech level, and
the activity factor as B-equivalent activity factor.

Certain measurement systems with fixed thresholds (instead of the retrospectively selected threshold as
described in § 5.3), may still give an active speech level according to the definition in cases where the margin turns
out to be within the specified limits.

7 Specification

A speech voltmeter normally consists of three parts, namely:
i) input circuitry,

ii) filter, and

iii) processor and display.
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Figure 1/P.56 shows a typical layout of such a meter.

Whether all or part of the components that make up i) and ii) are used will depend on where the meter is
to be used. However, it is recommended that a meter for general usage should conform to this specification.

Press-button
controls

1

\
o— I——-——I I——-I |——l Processor

General purpose

Batanced Filter Analogue- .
high to-digital interface bus
impedance converter
input

j T1202390-83

Display

FIGURE 1/P.56

Block diagram of a typical meter

7.1 Signal input

7.1.1  Input impedance

The meter is normally used as a bridging instrument and, if so, its impedance must be high so as not to
influence the results. An impedance of 100 kohm is recommended.

7.1.2  Circuit protection

It is recommended that the meter should withstand voltages far in excess of those in the measurement
range as accidental usage may occur and the circuit under test may have higher voltages than anticipated.
Examples of this are mains 110/240 V or 50 V exchange voltages.

7.1.3  Connection

It is recommended that the connection should be independent of polarity. The meter should have the
facility of connection in both balanced and unbalanced modes.

72 Filter

When measuring the speech levels of circuits in the conventional telephony speech bandwidth
(300-3400 Hz), it is often practical to use a filter that will reject unwanted hum, tape noise, etc. yet pass the
frequencies of greatest interest without affecting the speech level measurement. The set of coordinates in
Table 3/P.56 meet these requirements. Figure 2/P.56 gives an example of such a filter.

The following noise requirements should also be met:
Output noise level:

wideband (20-20 000 Hz) < —75 dBm

telephone weighted < —90 dBmp.
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TABLE 3/P.56

Frequency
(Hz) (dB)
Upper limit response relative to 1 kHz
16 —49.75
160 +0.25
7000 +0.25
70 000 —49.75
Lower limit response relative to 1 kHz
Under 200 — o0
200 —0.25
5500 —-0.25
Over 5500 —
dB
1 r
0 -
-1 %
£
@©
O
2 F
3 |
_4 | 1
100 1k 10k Hz
Frequency
a) Lower limit response
dB
0
-0 )
20 |
£
& =30
40 -
.50 |
'60 1 1 ! J
10 100 1k 10k 100k Hz
Frequency T1202411-38

b) Upper limit response

FIGURE 2/P.56

Filter passband response
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73 Speech level measurements

7.3.1  Working range for speech

The recommended working range for speech refers to the active level and should be at least 0 to —30 dBV.

Note 1 — The dynamic range of the instrument will depend on the analogue-to-digital converter (ADC).
If the ADC is set to a 10 volt maximum input level (i.e. the all 1 code) and 12-bit arithmetic is used, based on the
most significant bits from the ADC, then 1 sign bit + 11 bits magnitude provides a 66 dB range. The measurable
range sill be some 35 dB less when allowance is made for the peak/mean ratio of 18 dB (peaks of speech will
only exceed the maximum input level for less than 0.1% of the time [1]) and margin M of 15.9 dB; the largest
speech signal is therefore around +2 dBV with a smallest speech signal of —30 dBV. However, the practical
working range has been found to be +5 dBV to —35 dBV.

Note 2 — To cater for a wider range of speech levels, an attenuator or low noise amplifier may be
inserted in the input circuitry. Care must be exercised to maintain the input requirements of § 7.1.1.

7.3.2  Linearity

The linearity of the meter is specified for r.m.s. sine wave measurements since for speech the algorithm is
correct by definition, and only the precision or repeatability of measurements need to be considered; this is

specified in § 7.3.4.
Assuming that:
a) the measurement is for a minimum period of 5 s,
b) the sine wave is present for the whole of the measurement period, the linearity specified is:

Frequency Input range Accuracy
(Hz) (dBV) (dB)
100 to 4000 +16 to —45 + 0.1
4000 to 8000 +13 to —45 + 03

Note — The maximum input for the frequency range 4000 to 8000 Hz should ideally be the same as for
100 to 4000 Hz, but practical limitations in commercially available ADCs (due to the limited “slewing rate” of the
input circuitry) means that this cannot be obtained. However, as the power in the 8000 Hz band for speech is
30 dB down on the level at 500 Hz it is likely that any error will be extremely small.

7.3.3  Frequency response

The frequency response of the meter without filter when measured in the frequency range 100 to 8000 Hz
should be flat within the specified tolerances:

Frequency Input range Tolerance
(Hz) (dBV) (dB)
100 to 4000 +16 to —45 + 0.2
4000 to 8000 +13 to —45 + 04

Note 1 — Tolerances are referred to 1000 Hz.

Note 2 — The note of 7.3.2 applies.

7.3.4  Repeatability

When a given speech signal, having its active level within the recommended working range and its
duration not less than 5 s active time, is repeatedly measured on the same meter, the active- level readings shall

have a standard deviation of less than 0.1 dB.

118 Volume V — Rec. P.56



8 Routine calibration of method-B meter

The following routine calibration procedures, using non-speech-like signals, will ensure that the meter is
performing satisfactorily. The calibration can only be made using speech.

A suitable circuit arrangement is shown in Figure 3/P.56. Wherever suitable, measurements should be
made with two settings of the attenuator, 0 and 20 dB. All source signals are from a 600 ohm source and the
meter is terminated in 600 ohm,

no input

1000 Hz t
00 Hz tone ‘j\o— Meter
White noise, continuous —oO l |4
White noise, pulsed ———? T1202420-88

Attenuator
0-20 dB

FIGURE 3/P.56

Switching arrangement

8.1 No input signai

With no input applied the meter should display the following results:

Activity factor 0+ 0.5%

Active-level < —60 dBV

Long-term level < —60 dBV
8.2 Continuous tone

With a 1000 Hz sine wave calibrated to be 0 dBV, the meter should display the following results for the
two settings of the attenuator when applied for 12 + 0.2 s:

Attenuator = 0 dB Attenuator = 20 dB
Activity factor 100 to 0.5% 100 to 0.5%
Active-level 0 £ 0.1 dBV —20 £ 0.1 dBV
Long-term level 0 + 0.1 dBV —20 = 0.1 dBV

8.3 White noise

8.3.1  Without filter

With the meter having no filter in circuit and the white noise source calibrated to be 0 dBV, the meter
should display the following results for the two settings of the attenuator when applied for 12 + 0.2 s: '

Attenuator = 0 dB Attenuator = 20 dB
Activity factor 100 to 0.5% 100 to 0.5%
Active-level 0 + 0.5 dBV —20 + 0.5 dBV
Long-term level 0 £ 0.5 dBV —20 = 0.5 dBV
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83.2  With filter

With the meter having the filter in circuit and the white noise source calibrated to be 0 dBV, the meter
should display the following results for the two settings of the attenuator when applied for 12 4+ 0.2 s:

Attenuator = 0 dB Attenuator = 20 dB
Activity factor 100 to 0.5% 100 to 0.5%
Active-level —-69 + 0.5 dBV —269 + 0.5dBV
Long-term level —6.9 + 0.5 dBV —26.9 £+ 0.5 dBV

8.3.3  Pulsed noise

With the meter having no filter in circuit and the white noise source pulsed at 3 s “ON” and 3 s “OFF”
and calibrated to be 0 dBV when “ON”, the meter should display the following results for the two settings of the
attenuator when applied for 12 + 0.2 s:

Attenuator = 0 dB Attenuator = 20 dB
Factor activity - 55 £ 1.5% 55 £ 1.5%
Active-level 0 = 1dBV —-20 + 1 dBV
Long-term level —-27 £ 1dBV —22.7 £ 1 dBV

Note — 1t is possible that § 8 could be revised to calibrate both method B and B-equivalent meters when
a speech-like signal has been found suitable to perform this function.

ANNEX A

(to Recommendation P.56)

A method using a speech voltmeter complying
with method B in network conditions

A speech voltmeter complying with method B is not suitable in its present form for speech measurements
(see, for example, Recommendation G.223) on real connections since the meter is unable to distinquish between
speech coming from one or the other end of the connection.

However, if the meter is connected to a 4-wire point in a connection of the type 2-4-2 wire, then
measurements may be made using an operator monitoring the beginning and the end of the conversation. The
operator can perform this function using earphones (provided the subscriber’s permission has been obtained) or
by an auxiliary meter (for example conforming to P.52). The circuit arrangement is shown in Figure A-1/P.56.

The operator monitors the conversation, using the auxiiiary meter or earphones, and then by means of a
start/stop button can measure the beginning and end of the relevant conversation.
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FIGURE A-1/P.56
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SECTION 5
OBJECTIVE ELECTRO-ACOUSTICAL MEASUREMENTS

Recommendation P.61

METHODS FOR THE CALIBRATION OF CONDENSER MICROPHONES

(amended at Malaga-Torremolinos, 1984)

Primary and secondary calibrations of condenser microphones can be carried out using the methods
described below.

1 Primary calibration by the reciprocity method

The recommended procedure for primary calibration of condenser microphones is the reciprocity calibra-
tion technique. A precision method for reciprocity pressure calibration is described in [1]. A simplified method, .
suitable for calibration over the frequency range of interest for telephonometric measurements, is given in [2].
Although the methods described are specifically for one-inch microphones, similar methods are applicable to
half-inch microphones. Methods suitable for half-inch microphones are under study by IEC.

A precision method for free-field reciprocity calibration is given in [3]. Alternatively, the free-field
correction curves given in [4] may be applied to the pressure calibration of one-inch condenser microphones to
determine their free-field responses. The reciprocity free-field calibration method may in principle be extended to
half-inch microphones. Free-field correction curves have not been standardized for half-inch microphones.

2 Secondary calibration by the comparison method

The secondary calibration of a condenser microphone may be achieved by direct comparison with a
physically identical microphone having a known calibration. The procedure used is a modification of the “two
microphones and auxiliary sound source” method described in [1] to [3]. The output of the calibrated microphone
is first determined for a given drive level applied to the auxiliary sound source. The calibrated microphone is then
replaced by the microphone to be calibrated, and its output is determined for the same drive level applied to the
auxiliary sound source. The difference in level (in dB) between the outputs of the two microphones is then applied
to the known calibration of the first microphone to determine the calibration of the second. The procedure is
repeated at each frequency of interest.

3 Secondary calibration using pistonphones and other sound level calibrators

Secondary calibrations can also be made using pistonphones and other sound level calibrators which
produce a known sound level. Such devices are often used to check the calibration of a microphone at a single
frequency V. Care should be taken to follow the manufacturer’s instructions when using such devices; in particular,
it may be necessary to apply -corrections for barometric pressure, coupler volume, microphone type, etc.
Standardization of these calibrators is currently under study by the IEC.

) Calibrations with an accuracy of = 0.3 dB are possible.
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Recommendation P.62

MEASUREMENTS ON SUBSCRIBERS’ TELEPHONE EQUIPMENT

(amended at Malaga-Torremolinos, 1984 and Melbourne, 1988)

1 Measurement of the attenuation distortion of a telephone set

The curve of the variation of the absolute sensitivity of an item of telephone equipment (sending or
receiving system) as a function of frequency does not supply complete information on the manner in which this
equipment reproduces the human voice or music, although such a curve may often be called the frequency
characteristic.

However, the curve of variation of the absolute sensitivity of telephone equipment as a function of
frequency gives useful indications from the point of view of the transmission of speech. On the other hand, for the
transmission of music, in the absence of a precise criterion of the quality of transmission (corresponding to
articulation, or repetition rate, in commercial telephony) such curves should be sufficient to enable the quality of
the terminal equipment used (microphone or loudspeakers) to be appreciated.

For tracing sensitivity/frequency characteristics the methods described in Recommendation P.64 and its
associated Annex B may be used.

2 Measurement of the nonlinear distortion of a telephone set and of microphone noise

While the nonlinear distortion of telephone receivers is in general negligible, microphones (and particularly
carbon microphones of the type generally used in commercial telephone equipment) show considerable nonli-
nearity: the relationship between the variation of microphone resistance and the acoustic pressure on the
diaphragm is not linear. This nonlinearity becomes more important as the variation of resistance in relation to the
total resistance of the microphone increases, i.e. when the microphone is more sensitive. Furthermore, there may
be two supplementary effects:

1) The microphone is less sensitive to acoustic pressure lower than a certain value (threshold of
excitation).

2) As a consequence of the mechanical inertia of the carbon granules (delay in establishing electrical
contact between the granules), the various states of agitation of the carbon under the influence of
acoustic waves are not the same for all frequencies (for example, slow beats between two sounds are
in general enhanced in reproduction by a carbon microphone).
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Existing information on the general effect of harmonic distortion on telephone speech quality indicates
that the effect of second order distortion is considerably less than that of third order distortion. Absolute detection
thresholds obtained in different test are, however, difficult to compare because of differences in definition and
measurement of the distortion.

Note 1 — Summaries of information available in this area are given in [1] and [2]. It is clear that
measurements with sinusoidal signals can predict the speech transmission performance of nonlinear systems only
to a limited extent, particularly if the peak value of the test signal is much smaller than the transmitted speech
signal. A complex signal having the same spectral density at the same amplitude density function as real speech,
see Recommendation P.50, is therefore expected to be a more useful test signal.

Note 2 — The application of complex test signals or actual speech signals for the measurement of
nonlinearity in telephone circuits is studied under Question 13/XII [3].

Certain types of carbon microphones may produce an audible stationary noise, often depending on the
size of feeding current. The measurement of this kind of noise and its effect on transmission quality is the same as
for other kinds of additive circuit noise.

3 Objective measurement of loudness rating (LR)

Examples of apparatus that objectively measure LRs conforming to Recommendation P.65 are “CERF” of
the French Administration [4], “AURAL” of NTT [5], “TIGGER” [6] of British Telecom and “Loudness Rating
Meter” [7] of STL. Short descriptions of the apparatus named above can be found in Chapter 5 of the CCITT
Handbook on Telephonometry [8].
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Recommendation P.63

METHODS FOR THE EVALUATION OF TRANSMISSION QUALITY
ON THE BASIS OF OBJECTIVE MEASUREMENTS

These measuring methods are being studied by the CCITT under Question 7/XII [1]. Annexes A and B to
Recommendation P.11 and Supplements No.2 and 3, at the end of this Fascicle, describe methods used
respectively by British Telecom and AT&T. Attention is also drawn to methods for calculating loudness ratings
given in Recommendation P.79.
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Recommendation P.64

DETERMINATION OF SENSITIVITY/FREQUENCY CHARACTERISTICS
OF LOCAL TELEPHONE SYSTEMS TO PERMIT CALCULATION
OF THEIR LOUDNESS RATINGS

(Geneva, 1976; amended at Malaga-Torremolinos, 1984
and Melbourne, 1988)

See Recommendation P.76 for general principles concerning the determination of loudness ratings.

1. Introduction

The sending, receiving or sidetone sensitivity/frequency characteristic of a local telephone system (LTS) is
usually measured directly.

Note 1 — The sending, receiving or sidetone sensitivity/frequency characteristic can also be calculated
provided the relevant information of the telephone line and feeding bridge is known. Some of the information
required for sidetone is outside the scope of the existing Recommendations.

Note 2 — The same principles also apply to the measurement of microphones and earphones.

Since electro-acoustical measurements of the type being considered may be required for different purposes,
it is important to distinguish the following:

a) supplying the designer of a transducer with information concerning the success he has achieved in
aiming at a given sensitivity/frequency response;

b) checking that the manufactured product meets the specified requirements;

c¢) supplying sensitivity/frequency characteristics suitable for use in calculating loudness ratings, or
estimating other subjectivity-determined quantities.

The present Recommendation is concerned only with ¢) and, for this purpose, measurements under real
conditions must form the basis. Artificial mouths and artificial ears must be used with due regard to obtaining
good agreement between these measurements and those from real mouth and ear determinations. Measurements
under real conditions are complicated, time-consuming and not reproducible with great precision, especially when
carbon microphones are involved.

The present Recommendation describes measurement methods using recommended forms of artificial
mouths and artificial ears (see Recommendation P.51).

This Recommendation applies mainly to LTSs with handset telephones. However, the principles also apply
to other types of telephones. Specific considerations for headsets are described in Recommendation P.38, and for
loudspeaker telephones in Recommendation P.34.

2 Sending sensitivities of the LTS

For the present purposes, the sending sensitivity of a local telephone system is specified in terms of the
free-field sound pressure at a reference point in front of the mouth?, and the electrical output from the local
telephone system or the microphone as the case may be. The input sound pressure cannot be measured
simultaneously with the electrical output and therefore the measurement must be made in an indirect manner. The
sound pressure at the reference point is measured in the absence of the handset and, with the artificial mouth
source unchanged, the handset is placed in the defined position in front of the mouth and the output measured.
When a human mouth and voice are used, the source cannot be relied upon to maintain its output constant
between the measurement of free-field sound pressure and that of the electrical output from the microphone.
Artificial mouths suffer from imperfect representation of the source impedance and field distribution that applies
to real mouths.

) The mouth reference point used in the present Recommendation is defined in Annex A.
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In addition to providing the proper source conditions, it is necessary to ensure that the mouthpiece is
located for every design of telephone handset at the position that would be used in the real situation. This can be
achieved by locating the mouthpiece properly with respect to an ear reference point; this ensures that longer
handsets are measured with a greater mouth-to-microphone distance than is the case for shorter handsets. The
success of using a given handset measuring position for measurement of sensitivity/frequency characteristics can
be judged only by making comparisons, for handsets of different lengths, between real conversation test results
using the artificial mouth and real mouths under suitably controlled measuring conditions. For the present
Recommendation, the telephone handset shall be located as defined in Annex A of Recommendation P.76.

Special problems are encountered when making measurements with real mouths and real voices, even
under controlled talking conditions. Under such circumstances the sound pressure cannot be measured directly at
the required mouth reference point and therefore it has to be measured at some other point and referred indirectly
to the mouth reference point. Some previous determinations have made use of a measuring microphone 1 metre
from the mouth but this requires anechoic surroundings and is affected by obstruction from the handset under
test. Other methods have been also tried and none seems satisfactory so far.

When the sound pressure input to a carbon microphone is increased, the corresponding increase in output
voltage does not bear a linear relationship to the increase in sound pressure. This nonlinearity is a very
complicated function of applied sound pressure, frequency, feeding current, conditioning and granule-chamber
orientation. Reproducible results are obtained with an artificial mouth only if proper attention is paid to all these
factors.

3 Receiving sensitivities of the LTS

The IEC-318 model artificial ear (see Recommendation P.51) provides means for precise measurements of
the receiving sensitivities of the LTS. However, the sound pressures measured with it do not always agree well
with those existing at the ear reference point in real ears under the test conditions used when subjective
determinations of loudness ratings are being made. This can be attributed partly to the presence of appreciable
acoustical leakage (Lg) between the earphone and the real ear (such leakage is not represented in available
recommended forms of the artificial ear) and partly to an increase in enclosed volume between the forms of
earphone and the forms of real ear. Therefore, to use the results of measurements made according to the present
Recommendation, it is necessary to make a correction (see § 7 below).

Clearly, it would be very desirable if the artificial ear could be modified so as to avoid the need for the
correction. Some further work has been done on this matter but it is not yet clear whether a single modification to
the artificial ear would suffice for all types of telephone earphone. Further evidence is required, preferably from
several laboratories so that a much wider variety of types of earphone can be examined.

4 Artificial mouth and voice

The following properties are required:

a) the distribution in sound pressure around the orifice must be a good approximation to that around a
human mouth;

b) the acoustical impedance looking into the mouth must simulate that for human mouths, so that the
pressure increase caused by the obstruction effect of telephone microphones will be representative;

c) it must be possible to establish definite sound pressures at the mouth reference point as a function of
frequency. A convenient feature to embody in a practical artificial mouth is the linearity, over a
suitable range of sound pressures, of the ratio of sound pressure at the mouth reference point to the
voltage input to the artificial mouth. The ratio must be independent of frequency at least over the
range 200 to 4000 Hz but preferably 100 to 8000 Hz.

For the present purposes the mouth reference point (MRP) is defined by the point on the axis of the
artificial mouth located 25 mm in front of the equivalent lip position (see Annex A).

Recommendation P.51 defines the requirements for artificial mouths.

Note — However, the send loudness ratings calculated from the sending sensitivities measured when using
an artificial mouth do not always agree well with the loudness ratings determined subjectively using real mouths.
The subject is still under study in Questions 8/XII and 12/XII.
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In principle, the artificial voice defined in Recommendation P.50 should be used as the acoustic test signal.
However, sine waves at defined frequencies have been used satisfactorily so far as stable sets are concerned. Some
other signals with' continuous spectra, for example pink noise and Gaussian noise having the same long-term
spectrum as speech, can also be used as the acoustic test signal. Sine waves can also be used for the measurement
of some types of carbon microphones if appropriate techniques are used (see Annex B).

5 Artificial ear

The following properties are required:

a) the acoustical impedance presented to telephone earphones must simulate that presented by real ears
under practical conditions of use of telephone handsets;

b) the sensitivity of the artificial ear is defined as the pressure sensitivity of the measuring microphone. It
should be constant within + 0.5 dB over the frequency range 100-8000 Hz.

For a human ear, the ear reference point (ERP) is defined in Annex A. The corresponding point when the
ear-cap is fitted to an artificial ear will usually differ from the place at which the sound pressure is measured and
for this and other reasons certain corrections are necessary when the results are used for calculating loudness
ratings (see § 3 above). :

6 Definition of sending sensitivity of an LTS

The sending sensitivity of an LTS, depends upon the location of the handset relative to the equivalent lip
position of the artificial mouth. For the present purposes the speaking position defined in Annex A to
Recommendation P.76 shall be used. Usually, the sending sensitivity is a function of frequency.

The sending sensitivity of a local telephone system at a specified frequency or in a narrow frequency band
is expressed as follows:

Sms = 20 logo KJ dB rel 1 V/Pa

m

where V;is the voltage across a 600 ohms termination and p,, is the sound pressure at the mouth reference point.
Note that p,, must be measured in the absence of the “unknown” handset of the test item.

6.1 Measurement of telephone sets containing carbon microphones

It is intended that the Recommendation should apply for measuring systems containing carbon micro-
phones as well as those having noncarbon microphones. When measuring LTSs that contain linear items, it does
not matter at which sound pressure the measurements are made as long as it is known and does not cause
overloading. However, when carbon microphones are present, different sensitivities will be obtained depending
upon the sound pressure and characteristics of the acoustic signal used. For calculation of sending loudness rating,
these must be reduced to single values at each frequency and the method of reduction must take account of the
characteristics of human speech. At present, there is no single method that can be recommended for universal use.
The problem is being studied under Question 8/XII [1]. Until a suitable method can be defined, Administrations
may take note of the various methods that have been suggested and are undergoing appraisal; they are indicated
in Annex B.

¢

7 Definition of receiving sensitivity of an LTS

Usually, the receiving sensitivity is a function of frequency. The receiving sensitivity of a local telephone
system at a specified frequency or in a narrow frequency band, as measured directly with an artificial ear
complying with Recommendation P.51, is expressed as follows:

Sje = 20 logyo %p; dB rel 1 Pa/V
V]

where p, is the sound pressure in the artificial ear and % Ej; is half the emf in the 600 ohm source.
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Note — The receiving sensitivity suitable for use in calculation of loudness is given by:

S = Sre — Lg

where Lg is a correction explained above in § 3 and Sz is the receiving sensitivity determined using a large
number of real ears.

Further information on this topic is given in Recommendation P.79.

8 Definitions of talker and listener sidetone sensitivities of an LTS

The talker sidetone sensitivity of an LTS is a function of the sending and receiving sensitivities of the
telephone set, but also depends on a number of factors including the local subscriber’s line conditions, the
effective terminating impedance at the local exchange and the sidetone balance circuit within the telephone set.

The sidetone sensitivity as measured from an artificial mouth to the telephone earphone is expressed as:

Spest = 20 10ga ( 2] B

m

where p,, is defined in § 6 and p, is the sound pressure developed in the artificial ear with the handset in the
loudness rating guard ring position (LRGP).

The listener sidetone sensitivity as measured in a diffuse room noise field is expressed as:

Sgnst = 20 logio ( Pe ) dB
DPRN

where p, is the sound pressure developed in the artificial ear with the handset held at LRGP in front of an
unenergised artificial mouth, for a diffuse room noise sound pressure pgry measured at the MRP, but in the
absence of all obstacles (e.g. test head, handset, etc.).

9 Methods for determining S5, Sje, Smests SrnstT and Agy

When the sending, receiving and sidetone sensitivities of an actual local telephone system are required,
the measurements according to the definitions given in §§ 6, 7 and 8 above can be made as illustrated in
Figures 1/P.64, 2/P.64, 3/P.64, 4/P.64 and 5/P.64. These methods have been used by CCITT Laboratory and
elsewhere successfully.

When using fast Fourier transform (FFT) techniques for measuring the characteristics of non-linear LTS,
the measurement principle used, i.e. ratio of r.m.s. variables, or crosspectrum (coherent) method, should be
specified.

More detail may be found in Section 3 of the Handbook of Telephonometry [2].

Figure 1/P.64 shows the method of setting up the artificial mouth so that the sound pressure p, at the
mouth reference point is known at each test frequency or frequency band. It is recommended to provide
equalization in the artificial mouth drive circuit to maintain the free-field sound pressure constant at the MRP to
within + 1 dB over the frequency range 100 to 8000 Hz. In no case should the deviation exceed + 2 dB over the
frequency range 200 to 4000 Hz and +2/—5 dB over the frequency range 100 to 8000 Hz. It is recommended that
any deviations from the desired sound pressure level be taken into account when determining the sending or
sidetone sensitivity of a local telephone system. This is particularly true if the deviation exceeds + 1 dB.

For any test signal, p,, of —4.7 dBPa is recommended (see Note 2 to Annex B for information).
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Equalized pressure microphone Voltage
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(e.g. voitmeter,
, | signal
Measuring CCITT-44533 analyzer)
amplifier

FIGURE 1/P.64

Measurement of acoustic pressure pp, at the mouth reference point
25 mm from the artificial lip plane of the sound source

Figure 2/P.64 shows the measurement of output ¥V, from the local telephdne system when the handset is
placed at the appropriate position in front of the artificial mouth and the artificial mouth is energized in the same
manner as when the sound pressure p,, was set up in the absence of the handset under test (see Figure 1/P.64).

Sending part of a
commercial telephone

Frequency ‘:system (or IRS)
Oscillator meter
or signal Y
source N 24 ) v, Voltage
; measuring
. device
~~ . 3 D (e.g. voltmeter,
Equalized signal
sound 600 Q) analyzer)
source Arrangement for holding Measuring CCITT-44443

the handset in position amplifier
(see Annex A to
Recommendation P.76)

FIGURE 2/P.64

Voltage V;, measured across the terminals of a 600 ohms
pure resistance connected to the output of a sending system under test

Figure 3/P.64 shows the measurement of the sound pressure p, in the artificial ear when the local
telephone system is connected to a 600-ohm source of internal emf E;. Note that the definition of S, is in terms
of 1/2 E; and not the potential difference across the input terminals of the local telephone system; this potential
difference will, of course, differ from 1/2 E;, if the input impedance of the local telephone system is not
600 ohms. Care must be taken to ensure that there is no coupling loss (acoustic leakage) between the ear-piece of
the receiving system under test and the artificial ear. Usually E; = —12 dBV is recommended.

Note — Some receiving systems incorporate electronic circuits to provide special features, for example,
compression to limit the level of the received sound signal. Particular care must be exercised during the
measurement of such systems to ensure that the resulting sensitivity is correct and relevant. In some cases it may
be necessary to determine the receiving sensitivity over a range of input levels.
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Measurement of acoustic pressure p. in the artificial ear
developed by the receiving system under test
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Figure 4/P.64 shows the measurement of sidetone sensitivity. The resulting value of S,.sr is highly
dependent on the impedance connected to the telephone set terminals and therefore, under short line conditions,
on the exchange termination. As this impedance often deviates considerably from 600 ohms, particularly when

there is a complete connection present, 600 ohms is given only as an example.

>
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FIGURE 4/P.64
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Measurement of the sidetone sensitivity of a commercial telephone system
by determination of the sound pressure p, developed in an artificial ear
for a given sound signal at the MRP
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The determination of the room noise sidetone sensitivity Spysr is illustrated in Figure 5/P.64. For this
measurement, sine wave signals are unsuitable and it is necessary to make use of continuous spectrum sound
having, for example, a Hoth or pink noise spectrum (see § B.3). First, the magnitude of the diffuse field ppy is
determined and then the sound pressure at the artificial ear is measured. ‘
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;— ————————————————————————————————————————————————————————————— -
I
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_____________________________________________________________ - T1202121-88

b) Measurement of p ¢ at the artificial ear
due to diffuse sound field, p AN heard via the telephone sidetone path

FIGURE 5/P.64

Using the above method, the sound pressure developed at the artificial ear usually is very low. An
alternative way to determine Sgys7 is to measure the sending sensitivity S,,; using an artificial mouth and one of
the methods in Annex B, using a continuous spectrum signal (e.g. §§ B.3, B.4) and then to measure the room noise
sending sensitivity S,.;,zy using a diffuse field method such as described for room noise sidetone sensitivity above.
(A detailed description of the method is given in the Handbook on Telephonometry).
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The definition of Agy is
ASM = SMJ/RN - SMJ

where Sy is the real voice sensitivity.
However, for all practical purposes, when using the artificial mouth, we may consider that Agy is equal
to ASm : :
ASm = SmJ/RN - SmJ

so that Szys7 can be determined by the approximation:

SrNST = Smest + Asm

Note 1 — For an explanation of how Ag,, may be used in the determination of Listener Sidetone Rating
(LSTR) from Sidetone Masking Rating (STMR), see Recommendations P.76, P.79 and G.111.

Note 2 — In many cases, especially for carbon microphones, Ag,, , and hence also Sgysris a function of
the level of Ppy. It is recommended that in these cases the level of Pgry should be mentioned together with Ag,,.
Typical value of Pgy should lie within 40-65 dBA (see Handbook on Telephonometry, § 3.3).

Note 3 — Both S,; and S,;/gy should use the same techniques, e.g. wideband signals measured in
14 octave bands.

Note 4 — The approximate formulae for Sgysr can be deemed to be equal for linear systems.

ANNEX A

(to Recommendation P.64)

Definitions of mouth reference point and ear reference point

The definitions of mouth reference point (MRP) and ear reference point (ERP) are illustrated in
Figure A-1/P.64.

P
\
o\ -
_____ ’
T:\ _________ 742
(' Sy
e 77,7 ¢ Ear reference
LYY al Lo 4 .
LR " ".t’l point (ERP)

[}
Y / [(see Note 2)

[
\
Mouth reference v '

point (MRP) ‘' coT-ea560
(see Note 1)

Note 1 — The mouth reference point is located at a distance of 25 mm in front of the lips on the horizontal axis through the centre of
the opening of the mouth. It is defined in the absence of any obstruction.

Note 2 — The ear reference point is located at the entrance to the ear canal of the listener’s ear. It is defined as lying at the centre of the
front plane of a circular concave earcap when sealed to the ear.

Note 3 — The ERP should not be confused with the earcap reference point (ECRP) which is a point in the earphone reference plane used
as a handset reference parameter (see Recommendation P.10).

FIGURE A-1/P.64

Definitions of mouth and ear reference points
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ANNEX B

(to Recommendation P.64)

Measurement of local telephone systems containing
carbon microphones

For the measurement of local telephone systems containing carbon microphones, various methods have
been suggested and tried. The following gives, as examples, some of these methods. These same methods can also
apply to telephones using linear microphones.

Carbon microphones must be given appropriate conditioning treatment at suitable intervals during the
measurement (see Recommendation P.75).

Further information can be found in [3].

Note 1 — The efficiency of the artificial mouth used is not generally constant with frequency, so it is
necessary, for most of the methods described below, to insert appropriate equalization networks between the
electrical signal generator and the loudspeaker of the artificial mouth. It is the free field acoustical signal which
shall conform to the complex signal or the artificial voice specified.

v Note 2 — It has been found that for specific applications it may be advantageous to use speech levels
other than the —4.7 dBPa recommended below. This should only be done with care having due regard to the
particular application. Studies carried out during the Study Period 1985-1988 have shown that better agreement
with subjective test results are obtained with somewhat lower levels, e.g. over the range —4.7 to —7.0 dBPa.

B.1 The upper envelope method has been used in the CCITT Laboratory with success for some types of carbon
microphone but has been less successful with others. The upper envelope method is as follows:

a) Determine the sensitivity as a function of frequency at the sound pressure level of —4.7 dB relative to
1 Pa. This is somewhat higher than the mean power of active speech of a talker, emitting speech at the
vocal level used to determine loudness ratings in accordance with the subjective test method described
in Recommendation P.78;

b) Repeat a) but with the sound pressure level increased by 10 dB;
¢) Repeat a) but with the sound pressure level decreased by 10 dB;
d) Select from a), b) and c) the highest sensitivity at each frequency.

B.2 Sweeping frequency method

Some available types of objective instrumentation for measuring loudness-related ratings use a sweeping
frequency covering the range from 200-4000-200 Hz at a periodicity of 1 sweep per second; the instantaneous level
within any narrow frequency band varies as a function of frequency approximately in accordance with the
spectrum of speech emitted from the human mouth.

This method should not be used for determining Agy,.

B3 Pink-noise method

The handset containing the carbon microphone is placed in front of an artificial mouth producing at the
MRP pink noise (power spectrum density diminishing by 3 dB/octave) over 1/3rd octave frequency bands centred
on the preferred frequencies specified in ISO Standard 266-1975 at 1/3rd octave intervals in the range 100 to
8000 Hz with the band edges conforming to the filters described in IEC 225.

The total level of the signal, measured over the same bandwidth, should be —4.7 dBPa with a tolerance of
+ 1.0 dB.

Note — This may not be practical with all artificial mouths, and a narrower bandwidth of 200 to 8000 Hz
may have to be used for some types of artificial mouths.

The sensitivity/frequency characteristic is obtained by finding the ratio of the spectrum density of the
signal delivered by the telephone system to the spectrum density of the signal obtained using a small linear
microphone placed at the MRP under free-field conditions (after removing the handset).
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B4 Shaped gaussian noise method

The method uses shaped Gaussian noise at the MRP whose long-term average spectrum density is the same
as shown in Table 1/P.50. The total level of the signal should be —4.7 dBPa + 1 dB.

The sensitivity/frequency characteristic is obtained as in § B.3.

B.5 Real-voice calibration

This may be performed by measuring speech spectra emitted alternately or simultaneously from the carbon
microphone under test and a calibrated linear microphone. A very small linear microphone can be mounted on
the telephone being tested. Naturally the most appropriate results will be obtained when the talkers are conducting
telephone conversations, but it is then difficult to have reliable knowledge of the sensitivity/frequency character-
istic of the linear microphone. It is usually necessary to rely upon a suitable artificial mouth to provide the
calibration of the linear microphone.

B.6 Application of a wideband signal

The wideband signal is generated by a pseudo-random binary sequence and is then equalized to have a
long-term average spectrum density flat or as defined in Recommendation P.50. The output from the carbon
microphone is then processed by fast Fourier transform (FFT) techniques. This method, like the previous method,
requires calibration by a linear microphone of known sensitivity/frequency characteristic to determine the value
of p,. This method has the advantage that the frequency characteristic may be obtained with a sample of test
signal of very short duration (e.g. 50 ms).

B.7 Method using the artificial voice

The method uses the artificial voice, having spectral and time characteristics similar to those of speech.

The sensitivity/frequency characteristic is obtained as in § B.3 above, but with the artificial mouth
supplying the acoustic artificial voice, defined in Recommendation P.50.

References
[1] CCITT - Question 8/XII, Contribution COM XII-No. 1, Study Period 1989-1992.
[2] CCITT — Handbook of Telephonometry; ITU, Geneva, 1987.
[3] CCITT — Contribution COM XII-R 27, § B.2, Study Period 1985-1988.

Recommendation P.65

OBJECTIVE INSTRUMENTATION FOR THE DETERMINATION
OF LOUDNESS RATINGS

(Malaga-Torremolinos, 1984, amended at Melbourne, 1988)

1 Introduction

This Recommendation describes the essential features of objective instrumentation suitable for the
determination of loudness ratings. These features are drawn from current Recommendations relating to loudness
ratings, the principles of which are defined in Recommendation P.76.

It is possible to realize objective instrumentation for loudness rating purposes in a number of ways, for
example by the assembly of a number of separate instruments, each having its own defined function, and possibly
under some central control, or by means of a dedicated piece of apparatus specially designed for the purpose.
However, in order to ensure that loudness rating measurements made in different laboratories have an acceptable
level of agreement, say =+ 1 dB, it is essential that the Recommendations relating to the measurement of the
electro-acoustic performance of telephone systems should be followed.
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The relevant Recommendations are:
P.48 Specification for an intermediate reference system
P.51 Atificial ear and artificial mouth

P.64 Determination of sensitivity/frequency characteristics of local telephone systems to permit calculation
of their loundness ratings

P.75 Standard conditioning method for handsets with carbon microphones
P.76 Determination of loudness ratings; fundamental principles
P.79 Calculation of loudness ratings ).

2 Instrumentation

The four electro-acoustic sections that are required to be included in equipment intended for use in
determining loudness ratings are described below. In each case appropriate calibration is required as a function of
frequency, and calibration values recorded in the fifth section where the particular sensitivity/frequency charac-
teristic is derived and the loudness rating calculated. If the instrumentation is to include the measurement of
listener sidetone rating (LSTR), a sixth section must be provided, namely a diffuse room noise source together
with appropriate facilities for calibration, measurement and analysis in one-third octave bands.

It is necessary to provide certain auxiliary apparatus, such as feeding circuits, artificial subscriber cable
and exchange terminations, as required by the particular Recommendation(s) being followed for any given
measurement.

2.1 Artificial ear

See a) of Figure 1/P.65.

The artificial ear in the system should be in accordance with Recommendation P.51 and contain within it a
measuring amplifier so that the pressure p, occurring at the artificial ear cavity can be measured as a function of
frequency, or in frequency bands within the recording and measurement system, e) of Figure 1/P.65. Means must
also be available to calibrate the standard microphone used in the artificial ear employing, for example, an
acoustic calibrator or piston-phone.

22 Artificial voice -

See b) of Figure 1/P.65.

An artificial mouth complying with Recommendation P.51 must be part of the system and be able to
produce a prescribed sound field at the MRP 25 mm in front of the lip plane. A signal source will be part of the
artificial voice and this source may be sine waves (swept or discrete frequencies) or a wideband signal (e.g. the
artificial voice defined in Recommendation P.50, or shaped Gaussian noise as defined in Recommendation P.64,
§ B.4). Equalization and gain control should be part of the drive system to the artificial mouth such that the sound
pressure at the MRP can be controlled in accordance with the requirements of Recommendation P.64, §§ B.1
and B.4, or as appropriate.

Calibration of the sound pressure and/or spectrum at the MRP may be carried out using the standard
microphone used in the artificial ear of § 2.1 above, making use of the recording and measurement system of § 2.5
below to determine p,, as a function of frequency, or in frequency bands.

Mechanical means must be provided to hold the test handset in the LRGP (loudness rating guard-ring
position), in accordance with the requirements of Recommendation P.76, Annex A. If handsets having carbon
microphone are being tested, conditioning in accordance with Recommendation P.75 must be provided.

2.3 Electrical termination

See ¢) of Figure 1/P.65.

The system should contain a 600 ohm balanced terminating impedance with means for measuring the
terminating voltage, V; (see Recommendation P.64, §§ 6 and 9, as a function of frequency, or in frequency bands,
using the recording and measurement system of § 2.5 below. Calibration of this section may be carried out using a
calibrated voltage source.

1} Other algorithms are being studied by Study Group XII, under Question 15/XIL
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24 Electrical signal source

See d) of Figure 1/P.65.

An electrical signal source must be provided having a 600 ohm balanced impedance. The electrical source
need not be the same as that used for the artificial voice but should either be sine waves or a wideband signal.
There should be means for calibrating and adjusting the generator voltage, E;, to the requirements of
Recommendation P.64, §§ 7 and 9 over the frequency range 100-8000 Hz. This may be carried out using
calibration of the electrical termination of § 2.3 above.

2.5 Recording and measurement system

See e) of Figure 1/P.65.

In order to determine the sound pressure p, at the artificial ear or the voltage V; at the electrical
termination it will be necessary to provide a recording and measurement system. This measurement system may,
using hardware or software, contain filters in order to improve signal-to-noise ratio or for analysing the output of
the telephone set in 1/3rd octave frequency bands. Where a bank of 1/3rd octave filters is used these should be
centred on the preferred frequencies in accordance with ISO 266 and have the characteristics in accordance with
IEC Publication 225.

Within this part of the system there should be recording or storage facilities so that calibration and
measurement data may be used to derive the necessary sensitivity/frequency characteristics in accordance with
Recommendation P.64. The various loudness ratings are then computed in accordance with Recommendation P.79
from the sensitivity/frequency characteristics, taking into account any recognized adjustments, for example Lg or
Ly. Values for L and Ly may be fed into the calculation using default values (e.g. those listed for Lg in
Table 4/P.79) or from other more appropriate data sources when available.

2.6 Diffuse room noise source

See f) of Figure 1/P.65.

If LSTR is to be measured, a diffuse room noise source must be available, calibrated to provide a
prescribed sound field at the position to be occupied by the MRP in the absence of the test head and all other
obstacles, and as described in Recommendation P.64, § 9. Calibration of the diffuse sound pressure ppy may be
carried out using the standard microphone used in the artificial ear of § 2.1, making use of the recording and
measurement system of § 2.5 to determine pry as a function of frequency in the frequency bands.

Because of the nature of room noise sidetone, it will normally be appropriate to use a diffuse sound
pressure pry that is much lower than the value of —4.7 dBPa used for p,, in determining STMR and SLR. Typical
values for pry would lie in the range 40-65 dB SPL (—54 to —29 dBPa, A weighted), and it should have a
frequency spectrum appropriate for the application, for example as given in Supplement No. 13, § 2. The actual
level and type of noise should always be stated in quoting test results.

3 Measurements

Facilities should be provided to enable the various sections of the instrumentation to be connected
allowing the measurement of the necessary sensitivity/frequency characteristics and calculation of the loudness
ratings.

A summary of these interconnections, together with the sensitivity/frequency characteristics (SFC)
measured for particular loudness rating determinations, are given below.

3.1 Send loudness rating (SLR)

Source: b) of Figure 1/P.65
Load: ¢) of Figure 1/P.65
Send SFC given by:

S,,,J =20 logm KI dB

m
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FIGURE 1/P.65

Essential features of instrumentation for the determination of loudness ratings

Receive loudness rating (RLR)
Source: d) of Figure 1/P.65
Load: a) of Figure 1/P.65
Receive SFC given by:

Sy = 20 logy 1/2"; dB
By

Sidetone masking rating (STMR) (Talker Sidetone)

Source: b) of Figure 1/P.65
Load: a) of Figure 1/P.65
Sidetone SFC is given by:

Spest = 20 log;o 22 dB

m

Note — The quantity L,,.sr used in the calculation of STMR is given by:

LmeST = T OmeST dB

Listener sidetone rating (LSTR)

Source: f) of Figure 1/P.65
Load: a) of Figure 1/P.65
Room noise sidetone SFC is given by:

SRNST =20 logm & dB
PRN
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3.5 Overall loudness rating (OLR) (Overall Send + Receive (OSR))

Source: b) of Figure 1/P.65
Load: a) of Figure 1/P.65
Overall SFC given by:

Sme = 20 logyo 2¢ dB

m

3.6 JLR Junction loudness rating
Source: d) of Figure 1/P.65
Load: ¢) of Figure 1/P.65
Junction loss/frequency characteristics given by:

% E,

J

XJJ = 20 lOgIO dB

Note — Impedance terminations of 600 ohms are assumed.

Recommendation P.66

METHODS FOR EVALUATING THE TRANSMISSION PERFORMANCE
OF DIGITAL TELEPHONE SETS?

(Melbourne, 1988)

1 Introduction

The CCITT recommends the following method to evaluate the voice transmission performance of a digital
telephone set using encoding conforming to Recommendation G.711 (see also Recommendation P.31). A digital
telephone set is one in which the A/D and D/A converters are built in and the connection to the network is via a
digital bit-stream. This poses a fundamental problem in applying existing performance and measurement
techniques, such as Recommendations P.64, P.34 and P.38, since these are generally given in terms of a transfer
function of analogue input and output quantities, e.g. a frequency response. The principles involved in this
Recommendation are applicable to handset, headset and hands-free operation; however, at present only proce-
dures applicable to handset operation have been developed.

2 Approaches for testing digital telephones

There are two methods for evaluating the transmission performance of a digital telephone, the codec
approach and the direct approach.

In the short term, use of the codec approach is advocated since many Administrations already have some
experience with this methodology (see Recommendation O.133).

D The specifications in this Recommendation are subject to future enhancement and therefore should be regarded as
provisional.
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Digital telephone test arrangement
(codec approach)

2.1 Codec approach

In this approach, shown in Figure 1/P.66, a codec is used to convert the companded digital input/output
bit-stream of the telephone set to the equivalent analogue values, so that existing test procedures and equipment
can be used. This codec should be a high-quality codec whose characteristics are as close as possible to ideal
(see § 5).

2.2 Direct digital processing approach

In this approach, shown in Figure 2/P.66, the companded digital input/output bit-stream of the telephone
set is operated upon directly.

Note — This approach is still under study in Question 38/XII.
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Digital telephone test arrangement
(direct digital processing approach)
-3 Definition of 0 dB reference point

To preserve compatibility with existing codecs already in use in local digital switches, which are defined as
a 0 dBr point, the codec (A- or pu-law) sould be defined as follows:
— D/A converter: a digital test sequence (DTS) representing the PCM equivalent of an analogue
sinusoidal signal whose r.m.s. value is 3.14 dB (A-law) or 3.17 dB (u-law) below the maximum
full-loaded capacity of the codec will generate 0 dBm across a 600 ohm load;

— A/D converter: a 0 dBm signal generated from a 600 ohm source will give the digital test sequence
(DTS) representing the PCM equivalent of an analogue sinusoidal signal whose r.m.s. value is 3.14 dB
(A-law) or 3.17 dB (u-law) below the maximum full load capacity of the codec;

where DTS is defined as a periodic sequence of character signals as given in Tables 5/G.711
and 6/G.711.
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4 Definition of interfaces

The digital telephone test equipment will, in general, be connected to the telephone under test through an
interface.

Such an interface should be able to provide all the signalling and supervisory sequences necessary for the
telephone set to be working in all test modes. The interface must be capable of converting the digital output
stream from the tested set (which may be in various formats, depending on the specific type of telephone set,
e.g. conforming to Recommendation 1.412 for ISDN sets), to a form compatible with the test equipment.
Interfaces can be applied for sending and receiving separately, taking into account telephone sets which are
connected to various types of exchanges.

5 Codec specification .

5.1 Ideal codec

The ideal codec consists of an independent encoder and decoder whose characteristics are hypothetical and
comply with Recommendation G.711. The ideal encoder is a perfect analogue-to-digital converter preceded by an
ideal low-pass filter (assumed to have no attenuation/frequency distortion and no envelope-delay distortion), and
may be simulated by a digital processor.? The ideal decoder is a perfect digital-to-analogue converter followed by
an ideal low-pass filter (assumed to have no attenuation/frequency distortion and no envelope-delay distortion),
and which may be simulated by a digital processor?.

For the measurement of the sending side of a telephone set, the output digital signal is converted by the
decoder to an analogue signal. The electrical characteristics of this output signal are measured using conventional
analogue instruments. For the measurement of the receiving side of a telephone set, the analogue output from a
signal source is converted to a digital signal by the ideal encoder and fed to the receiving input of the digital
telephone set.

5.2 Reference codec
A practical implementation of an ideal codec may be called a reference codec (see Recommenda-
tion 0.133, § 4).

For the reference codec, characteristics such as attenuation/frequency distortion, idle channel noise,
quantizing distortion, etc. should be better than the requirements specified in Recommendation G.714, so as not to
mask the corresponding parameters of the set under test. A suitable reference codec may be realized by using:

1) at least 14 bit linear A/D and D/A converters of high quality, and transcoding the output signal to
the A- or p-law PCM format;

2) a filter response that meets the requirements of Figure 3/P.66.

5.2.1  Analogue interface

The output and input impedances return loss and longitudinal conversion losses of the analogue interface
of the reference codec should be in accordance with Recommendation 0.133, § 3.1.1.

5.2.2  Digital interface

The fundamental requirements for the reference codec digital interface are given in the appropriate
Recommendations (e.g. 1.430-Series Recommendations for ISDN telephone sets).

6 Measurement of digital telephone transmission characteristics

Use of the codec test approach means that test procedures for digital telephone sets in general follow those
for analogue sets (see Recommendation P.64). The reference codec should meet the requirements of § 5. An
important difference, however, concerns the test circuits themselves, see Figures 4/P.66 to 10/P.66.

The set is connected to the interface and is placed in the active call state.

Note — When measuring digital telephone sets, it is advisable to avoid measuring at sub-multiples of the
sampling frequency. There is a tolerance on the frequencies of + 2% which may be used to avoid this problem,
except for 4 kHz where only the —2% tolerance may be used.

2 This characteristic can be realized, for example, using oversampling techniques and digital filters.
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Attenuation/frequency distortion of the sending
or receiving sides of the reference codec .

6.1 Sending

6.1.1  Sending frequency characteristic

The sending frequency characteristic is measured according to Recommendation P.64 using the measure-
ment set-up shown in Figures 4/P.66 or 5/P.66, depending on the excitation signal used.
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Measurements of sending frequency characteristic
swept sine wave technique
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6.1.2
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Measurement of sending frequency characteristic —
wideband technique

Send loudness rating

This should be calculated from the sensitivity/frequency characteristic determined in § 6.1.1 by means of

Recommendation P.79.

Note — Other methods for calculating loudness ratings used by some Administrations for their own

internal planning purposes can be found in Supplement No. 19.

in [1].

6.2

6.2.1

Distortion

Under study in Question 38/XII, but a method used by several European Administrations can be found

Noise

Under study in Question 38/XII, but a method used by several European Administrations can be found

Linearity

Under study in Question 38/XII, but a method used by several European Administrations can be found

Discrimination against out-of-band input signal

Under study in Question 38/XII, but a method used by several European Administrations can be found

Receiving

Receiving frequency characteristic

The receiving frequency characteristic is measured according to Recommendation P.64 using the measure-

ment set-up shown in Figures 6/P.66 or 7/P.66, depending on the excitation signal used.
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6.2.2  Receiving loudness rating

This should be calculated from the sensitivity/frequency characteristic determined in § 6.2.1 by means of

Recommendation P.79.

Note — Other methods for calculating loudness rating used by some Administrations for their own

FIGURE 7/P.66

Measurement of receiving frequency characteristic —

wideband technique

internal planning purposes can be found in Supplement No. 19.

6.2.3  Distortion

Under study in Question 38/XII, but a method used by several European Administrations can be found

in [1].

6.2.4  Noise

Under study in Question 38/XII, but a method used by several European Administrations can be found

in [1].

6.2.5 Linearity

Under study in Question 38/XII, but a method used by several European Administrations can be found

in [1).
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6.2.6  Supurious out-of-band signals

Under study in Question 38/XII, but a method used by several European Administrations can be found

in [1).

6.3 Sidetone

Provision should be made for driving the microphone of the telephone set under test as described in § 6.1
and measuring the receiver output as described in § 6.2. The recommended method of measuring sidetone is with
the microphone and receiver mounted in the same handset, and using a test fixture which includes the artificial

mouth and the artificial ear located relative to each other in accordance with Recommendation P.64.

" Note — Care should be taken to avoid mechanical coupling between the artificial mouth and the artificial

ear.

6.3.1 Sidetone frequency characteristic

6.3.1.1 Talker sidetone frequency characteristic

The talker sidetone frequency characteristic is measured according to Recommendation P.64 using the
measurement set-up of Figures 8/P.66 or 9/P.66 depending on the excitation signal used.
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Measurement of talker sidetone frequency characteristic —
wideband technique
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6.3.1.2 Listener sidetone frequency characteristic

The listener sidetone frequency characteristic is measured according to Recommendation P.64 using the
measurement set-up of Figure 10/P.66.
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FIGURE 10/P.66

Measurement of listener sidetone frequency characteristic

6.3.2  Sidetone masking rating

This should be calculated from the sensitivity/frequency characteristic determined in § 6.3.1.2 by means of
Recommendation P.79.

6.3.3  Listener sidetone rating

This should be calculated from the sensitivity/frequency characteristic determined in § 6.3.1.2 by means of
Recommendation P.79. -

6.4 Echo return loss

Under study in Question 38/ XII, but a method used by several European Administrations can be found
in [1]. :

6.5 Delay
Under study in Question 38/XII, but a method used by several European Administrations can be found

in [1).
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SECTION 6

MEASUREMENTS RELATED TO SPEECH LOUDNESS

Recommendation P.75

STANDARD CONDITIONING METHOD FOR HANDSETS WITH CARBON MICROPHONES

(Geneva, 1972; amended at Malaga-Torremolinos, 1984, Melbourne, 1988)

1 Since the characteristics of carbon microphones are strongly dependent on conditioning techniques, it is
necessary to follow a consistent procedure prior to measuring sensitivity/frequency characteristics in or