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PRELIMINARY NOTES

1 This volume fully supersedes Volume V of the CCITT Yellow Book (Geneva, 1981).

It has been indicated (immediately after the titles of Recommendations or Supplements) whether the texts
are new ones approved by the Plenary Assembly of Malaga-Torremolinos, 1984 or are texts amended at the
same period. Texts without any such indication date from at least as far back as the Plenary Assembly of
New Delhi, 1960, when Volume V was divided into numbered Recommendations; certain of these texts may be
even older.

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

The indication “amended Malaga-Torremolinos, 1984” has not been affixed to those Recommendations in
which the only amendment has been an editorial change concerning units. '

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

3 The Questions entrusted to each Study Group for the Study Period 1985- 1988 can be found in
Contribution No. 1 to that Study Group.

4 In this Volume, the expressioﬁ “Administration” is used for shortness to indicate both a telecommunica-
tion Administration and a recognized private operating agency.
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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)

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 telephonek'transmitter, a telephone receiver and
the wiring and components immediately asociated 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 (téléephonique) a haut-parleur; téléphone a haut-parleur

S: aparato telefonico con altavoz; teléfono de altavoz

A telephone set using a loudspeaker associated with an amplifier as a telephone receiver.
722.04.10

04.04 hands free (telephone) set
F: poste (téléephonique) mains libre

S: aparato telefonico de manos libres; teléfono de manos libres

A loudspeaking telephone set which may be used without a handset.
722.04.11

0s. 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

21. Telephone calls description

21.01 call attempt (by a user)
F: (tentative d’)appel (par un usager)

S: (tentativa de) llamada (por un usario)

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
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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 (telefénicas)
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

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 faciliate the use of a telephone station by reducing the
ambient noise level.

722.32.03
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32.02 telephone booth
F: cabine téléphonique

S: cabina telefonica 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

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.77).

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
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42.03 artificial mouth
F: bouche artificielle

S: boca artificial

A device consisting of a loudspeaker 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 complex sound, usually emitted by an artificial mouth and having a power sound spectrum corres-
ponding to that of the average human voice.

722.42.15

42.05 local (telephone) system ; local (telephone) circuit
F: systéme (téléphonique) local; circuit (téléphonique) local

S: sistema (telefonico) 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 preférred.
722.42.15

42.06 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

42.07 SETED
F: SETED
S: SETED

A working standard using high-quality moving coil microphones and receivers with an orthotelephonic
response.,

42.08 balance return loss
F: affaiblissement d’équilibrage

S: atenuacion de equilibrado

Value of the return loss at a termination given by:

Zy + Z,
Zb_ Za

dB

20 ]Ogm

where:
Z, is the impedance of terminated line, or apparatus,

Z, is the impedance of network.
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42.09 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. ’

42.10 electrical artificial voice
F: voix artificielle électrique

S: voz eléctrica artificial

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

42.11 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.

42.12 acoustic artificial voice
F: voix artificielle acoustique

S: voz acustica artificial

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.

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.

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. It is defined in Annex A to Recommendation G.111.

722.43.17
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43.03 relative equivalent
F: équivalent relatif

S: equivalente relativo

The loss, expressed in decibels, which has to be introduced into a working standard in order to obtain in a
given direction the same loudness as the telephone call being considered, the acoustic speech power emitted by the
talker being the same in both cases.

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

Note 2 — The reference equivalent is approximately equal to the sum of the relative equivalent measured
with respect to a working standard and of the reference equivalent of this working standard.

Note 3 — The relative equivalent is strictly defined by the measuring method described in Recommenda-
tion P.72.

722.43.22

43.04 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 — The CCITT is studying how to implement the principles described in Recommendation P.76 so as
to overcome certain serious difficulties experienced in applying reference equivalents:

Note 2 — (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

43.05 R2S5 equivalent
F: équivalent R25
S: equivalente R25

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

43.06 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 equalent or
to a corrected reference equivalent with an accuracy which is sufficient for planning purposes.

43.07 band sensation level
F: niveau de sensation dans le 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.
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43.08 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.

43.09 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.

43.10 ear reference point (ERP)
F: point de référence oreille (PRO) _ -
S: punto de referencia oido (PRO)

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

43.11 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.

43.12 equivalent lip position
F: position équivalente des lévres

S: posicion equivalente de los labios

A plane perpendicular to, and on the axis of, an aritifical mouth 6 mm in front of the virtual source
position.

i

43.13 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.

43.14 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.

43.15 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. -
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43.16 modal gauge
F: jauge modale

S: calibré modal

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

43.17 modal position
F: position modale

S posicion modal

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

43.18 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). ,

43.19 no sidetone line impedance (Zg)
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.

43.20 occlusion effect
F: effet d’occlusion

S: efecto de oclusion

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

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

S: efecto de obstdaculo; 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. '

43.22 sidetone path loss
F: affaiblissement du trajet d’effet local

S: atenuacién del 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) and expressed as a loss compared with the speech at MRP. Symbols in common
use are:

Lmens for sidetone paths within a human head,
Lmest . for electro-acoustic sidetone paths within the telephone set,

Lmems for mechanical sidetone paths within a telephone handset.
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43.23 sidetone loudness rating (STLR)
F: affaiblissement pour la sonie de I'effet local (ASEL)
S: indice de sonoridad para el efecto local (ISEL)

The loudness of a telephone sidetone path compared with the loudness of the intermediate reference
system (IRS) overall.

43.24 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. :

43.25 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 Lygys as a masking threshold.

43.26 sidetone power rating (STPR)
F: affaiblissement d’effet local par addition de puissances (AELP)

S atenuacion del efecto local por suma de potencias (AELP)

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 Lygys by power addition.

43.27 speech volume penalty
F: pénalisation en volume sonore

S: penalizacion en volumen sonoro

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

43.28 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.

43.29 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.
43.30 virtual source function

F: fonction de source virtuelle

S: funcion de la fuente virtual

The change in virtual sources position as a function of some other parameter, e.g. frequency, proximity of
obstances.
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Recommendation P.11

EFFECT OF TRANSMISSION IMPAIRMENTS

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

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.74. In addition, Recommendation P.77 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.

§ 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

21 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.

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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2.2 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.

When Reference Equivalents (REs) have been used in Recommendations concerned with the loudness loss
of connections, they have typically been stated in terms of the planning value of the overall reference equivalent
of a complete connection which was defined for one direction of transmission as the sum of the following
quantities: '

— the nominal values of the reference equivalents of the sending and receiving local systems;

— the nominal value of the losses at 800 or 1000 Hz of the chain of lines and exchanges interconnecting
the two local systems.

Because difficulties have been encountered in the use of reference equivalents, the planning value of the
overall reference equivalent has been replaced by the Corrected Reference Equivalent (CRE) as defined in
Recommendation G.111. This has 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 currently under study. Eventually, these methods are expected
to eliminate the need for the subjective determinations of loudness loss in terms of the corrected reference
equivalent.

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.

TABLE 1/P.11

Planning value Representative opinion results®
of the overall corrected P t p
reference equivalent « ergenl . Percent
(B) good plus poor ?lus
. excellent bad”
5to 15 >90 <1
20 80 2
25 65 5
30 - 40 i 15

# Based on a composite opinion model (see Annex A).
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2.2.2  Recommended values of loudness loss

Table 2/P.11 provides further information on selected values of loudness loss which have been recom-

mended or are under study by the CCITT.

Note — Recommended values of loudness ratings are under study in Question 19/XII [1].

TABLE 2/P.11

Values (dB) of reference equivalent RE (g), corrected reference equivalent CRE ( y) and loudness loss LR
for various connections cited in Recommendations G.111 and G.121

Previously Presently recommended
recommended
RE (g) CRE (y) LR
Optimum range for a connection . min 6 5% 2%
(Rpec G.111 §g3 2) optimum 9 7% to 11 about 59
T i max 18 16 - 11
traffic weighted mean values
Long term objectives
— connection min 13 13 8
(Rec. G.111 § 3.2) max 18 16 11
— national system send min 10 11.5 6.5
(Rec. G.121 § 1) max 13 13 8
— national system receive min 2.5 2.5 -25
(Rec. G.121 § 1) max 4.5 4 -1
Short term objectives
— connection
(Rec. G.111 § 3.2) max 23 25.5 20.5
— national system send
(Rec. G.121 § 1) max 16 19 14
— national system receive
(Rec. G.121 § 1) max 6.5 7.5 2.5
Maximum values for national system send 21 25 20
(Rec. G.121 § 2.1) of an average-sized
country receive 12 14 9
Minimum for the national sending system
(Rec. G.121 § 3) 6 7 2

2 These values apply for conditions free from echo; customers may prefer slightly larger values if some echo is present.

» See Note 1 of Recommendation G.121, § 2.1. If Administrations find difficulties in applying the values of LR in their
network, they may report this in contributions to part B of Question 19/XII [1].
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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 at various points in telephone connections.

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 the loudness loss is greater than the preferred range, the effect of a given level of
circuit noise becomes more severe.

_ Note — The effect of circuit noise on transmission quality is under study in Question 4/XII [2] (see"
Annex A of this Recommendation for further information on the effects of circuit noise).

TABLE 3/P.11

Representative opinion results®
Circuit noise at point of
0 dB receiving CRE (dBmp)®) . Percent Percent
good plus “poor plus
excellent” bad”
-65 90 <1
-60 85 1
-55 , 70 ‘ 3
-50 . 50 10
-45 30 20

2) Based on a composite opinion model (see Annex A).

b The noise values apply for a receiving CRE = 0.46 dB which has been rounded off to 0 dB for simplicity and to take account of the
precision of the calculations.

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 reference equivalent (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.
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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 [3].

24 Sidetone loudness loss

Sidetone loudness loss is the loudness loss of the acoustic-to-acoustic transmission path from the telephone
microphone to the telephone receiver in the same telephone set. Thus, the sidetone loudness loss defines 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 ear cap leakage. The presence of these other paths affects the
customer’s perception of the sidetone loudness loss and consequently his reaction to it.

Sidetone loudness loss affects telephone transmission quality in several ways. Too little sidetone loudness
loss causes the returned speech levels to be too loud and this reduces customer satisfaction. Another aspect of
insufficient sidetone loudness 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 so make it easier for room noise to reach the ear through the resulting leakage path,
as well as reducing 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 loudness loss can
affect transmission quality adversely. As the sidetone loudness 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 loudness loss can be rated in much the same manner as connection loudness loss, and this is
frequently done in terms of sidetone reference equivalent (Recommendation P.73), but it may also be done in
terms of a sidetone rating method (Recommendation P.76) which takes into account the head conduction and
direct acoustic paths in terms of the overall effect on the customer, and appears to yield ratings which correlate
better with the subjective effects of talker sidetone than sidetone reference equivalent.

The sidetone loudness 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 loudness loss

Recommendation G.121, § 5 provides guidance on the sidetone reference equivalent. Tests have shown that
a value of at least 17 dB is desirable under some adverse conditions. This is not easily achieved and values
between 7 and 10.5 dB are to be expected in most cases.

Subjective test results of customer opinion as a function of sidetone loss in terms of reference equivalents
indicate a preferred range of 10 to 15 dB and for sidetone masking rating (STMR) of 7 to 10 dB (see Supplement
No. 11). Lower values cause a substantial reduction in customer opinion and should be avoided. High values, up
to 20 dB, are acceptable in the absence of talker echo. With moderate levels of talker echo, sidetone loss greater
than 10 to 15 dB tends to increase the adverse opinion due to talker echo [3].
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Note 1 — Suitable values for sidetone ratings in accordance with Recommendation P.76 (STMR) are
under study in Question 9/XII [4].

Note 2 — Sidetone subjective test results are presented in COM XII-No. 158 (1981-1984 Study Period)
and predictions for the effect of sidetone are included in the opinion model of Supplement No. 3 at the end of
this volume (see also Supplement No. 11).

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.

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 loudness loss is sufficiently low in
comparison with leakage past the earcap. 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 a 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.

Note 1 — The effect of room noise on customer opinion is under study in connection with circuit noise in
Question 4/XII [2]; the effect of noise in vehicles is under study in connection with Question 24/XII [5].

Note 2 — Supplement No. 13 at the end of this volume describes noise spectra which can be used in
evaluation of tranmission performance. Spectra for two different environments are described, one for room noise
and two for internal vehicle noise, depending on whether the vehicle is stationary or moving.

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.
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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. Recommended objectives are under study in Question 14/XII [6].

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.

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 Questions 6/XII and
11/X11 [7]. .

2.9 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.
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Loss in the echo path is frequently expressed in terms of the corrected reference equivalent (CRE) of the
talker echo path. This is defined in Recommendation G.131 as the sum of:

— the values of the transmission loss in the two directions of transmission between the 2-wire end of the
talking subscriber’s line in the terminal local exchange and the 2-wire terminals of the 4-wire — 2-wire
terminating set at the listener’s end;

— the value of the echo balance return loss at the listener’s end; and

— the simultaneous-minimum sending and receiving CREs of subscriber’s telephone sets and lines at the
talker’s local exchange.

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

Note — The effect of echo and propagation time is under study in Question 6/XII [7].

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.

Note — The study of listener echo, Question 5/XII for the 1981-1984 Study Period, was essentially
completed [8]. These results are taken into account in Recommendation G.122.

2.11 Nonlinear distortion

Nonlinear distortion 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 by, as a function of the input sighal e;(t), a
power series of the form, )

e(t) = aie(t) + amei(t) + aed () + ...,

which, in the case of a sinusoidal input, creates second and third harmonics in the output. For more complex
signals, the nonlinear terms are frequently referred to as intermodulation distortion. Nonlinear distortion is
normally more significant for data transmission than it is for speech transmission. At present, one of the major
sources of nonlinear distortion in telephone connections is from telephone sets with carbon microphones.
However, other devices such as syllabic compandors and overloaded amplifiers may be significant contributors.

. Note — Further information is provided in Annex D. Nonlinear distortion of telephone apparatus is
being studied under Question 13/XII [9].
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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 dB,
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.70.) ' ‘ ‘

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 [10].

213 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 dB. The average standard deviation across subjects was about 4 dB.

TABLE 4/P.11

Phase jitter Mean threshold C/SB ratio (dB)
modulation rate
(Hz) Male talkers Female talkers
25 10.9 13.8
80 . 14.4 } 16.3
- 115 12.3 18.3
140 13.8 20.0
200 17.0 18.0 .

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.

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.
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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 the Bell Communications Research, Inc. and by British
Telecom are described in Supplements Nos. 3 and 4 at the end of this Volume.

ANNEX A

(to Recommendation P.11)

Composite opinion model

Laboratory test results showing the subjective effects of circuit noise and overall reference equivalent were
received during the 1973-1976 Study Period from the United Kingdom Post Office (UK), Italy, the USSR
Telecommunication Administration (USSR) and the American Telephone and Telegraph Company (AT&T) (USA)
[12, 13, 14). (This ~information was contributed to the study of Question 4/XII, effect of circuit noise on
transmission performance.) These data were compared to each other to an AT&T opinion model for the effects of
circuit noise and overall reference equivalent [15]). This comparison led to the formulation of a composite opinion
model. ,

This Annex presents comparisons between performance estimates obtained using the composite opinion
model and the laboratory test data [16]. The comparison shows reasonably good agreement. For this reason, the
information is retained even though it is in terms of reference equivalents rather than corrected reference
equivalents now recommended for planning purposes by the CCITT Recommendation G.111. It is expected that
this annex will be revised when updated information in terms of corrected reference equivalents becomes
available. '

Test data from each of the four laboratory conversation tests are shown in Figures A-1/P.11 and A-2/P.11
in terms of percent of ratings which were “good plus excellent” and percent ratings which were “poor plus bad”
as a function of circuit noise. The overall reference equivalent for each test condition is also identified. The solid
curves show the corresponding results from the composite opinion model. These comparisons indicate that some
of the data points fall above the composite model while other data points fall below it. In some cases, the
differences are systematic for a complete test or for certain values of overall reference equivalent. As a result, a
first conclusion is reached that no single set of opinion curves will provide exact prediction of test results from
different tests and test groups in the various Administrations.
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The differences between the test data and the composite opinion model are in most cases less than 10 per
cent and the trends, as a function of circuit noise, are similar in the data and in the model. Thus, a second
conclusion ‘is that the composite opinion model for circuit noise and reference equivalent provides estimates of
opinion which are representative of those which can be expected in actual subjective tests. However, this
composite model should not be expected to accurately predict the results of any particular test and some

systematic differences should be anticipated between the model and test results from a particular test or a
particular Administration. .

If the opinions predicted by the composite opinion model are considered as representative, rather than
absolute, the model is judged to be acceptable and useful for estimating the incremental effects of loudness loss
and circuit noise on customer opinion. Therefore, this model can be recommended provisionally for studying
transmission performance of telephone connections, subject to the above conclusions and recognizing that the
model is in terms of reference equivalents. This Recommendation is not intended to preclude the use of other
models or data which may be judged to be more appropriate for specific subject groups or Administrations.
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The composite opinion model expresses overall reference equivalent and circuit noise in terms of
transmission ratio R,y The expression is given as Equation (A-1):

Ry = —3488 — 2257 y(L, — 8.2)* + 1 — 2.0294 N’z + 1.833 L, +.0.02037 L, N¢ (A-1)

where
L', is the reference equivalent of an overall teléphone connection (in dB)
N'p _is the total effective noise (in dBmp) obtained by the power addition of N’ and —62.63 dBmpé)
N’ circuit noise (in dBmp) at the input to a telephone set with a 0 dB receiving reference equivalent.

The expressions for the proportion of ratings in the categories “Good + Excellent (G + E)” and
“Poor + Bad (P + B)” are: ‘

A
G+ E= — Ie—'m B (A-2)

T

P+B =

‘ﬁ%
a

o tz
I e 5 dt (A-3)
B

For the composite opinion model:

4 R-62 p_ R-48 (A-4)
15 15

Values of percent G + E and P + B are given in Tables A-1/P.11 and A-2/P.11 respectively. These tables
were generated using Equations (A-1) to (A-4) above.

Contours of fixed percent G + E and P + B are given in Figures A-3/P.11 and A-4/P.11.

2 This value was determined from analysis of the conversation test results on which the original model was based. Lower or
higher values of this constant may be appropriate for very low or very high values of room noise (see Supplement No. 3 at
the the end of this Volume).

Volume V — Rec. P.11 _ 25



TABLE A-1/P.11

Percent “good + excellent” as a function of overall reference equivalent and circuit noise

Overall reference

Circuit noise ¥

(dBmp)

equivalent (dB) —80 ~175 -70 -65 -60 -55 -50 45 -40 -35 =30
0 77.66 7698 7494 69.25 5635 36.15 16.64 5.22 1.09 015 0.01

1 82.82 8225 8051 7555 6377 4377 2222 7.88 1.89 030 0.03
2 87.15 86.68 8524 81.07 70.69 51.62 28.73 1144 3.15 059 0.07
3 90.64 90.27 89.13 85.74 7691 5938 36.00 16.01 5.02 1.08 0.16
4 93.36 93.08 9220 89.54 8229 6674 43.78 21.60 7.66 190 032
5 95.41 9520 9454 9252 8675 7345 51.72 2812 11.21 3.18  0.63
6 96.88 96.73 96.25 94.75 9030 79.27 5943 3530 15.71 505 114
7 97.88 97.77 9743 96.33 9293 8396 6634 . 4257 20.90 754 195
8 98.42 98.33 98.07 9720 9447 8693 71.16 4822 2545 1002 2.86
9 98.41 98.33 - 98.06 97.21 9452 87.12 7168 49.10 2638 10.65 3.15
10 98.06 9796 97.66 96.67 93.65 85.62 69.53 4687 24.80 990 290
11 97.54 9742 97.05 9588 9239 8351 66.57 43.85 22.65 8.84 255
12 96.85 9671 -96.26 94.88 90.84 81.03 63.26 40.61 20.43 779 220
13 96.00 95.83. 9529 9365 89.03 7826 59.75 37.34 18.27 679 1.88
14 9495 9475 9411 9220 8694 7522 56.11 3411 16.23 589 1.60
15 93.68 9344 9270 9048 8457 7195 5238 3096 1433 5.07 135
16 92.17 9190 91.03 88.50 81.92 6847 4862 2794 1257 434 113
17 90.40 90.08 89.10 86.23 79.00 6480 4485 2505 10.97 3.69 094
18 88.35 8798 86.87 83.67 7580 6098 41.12 2232 9.51 313 0.78
19 8599 8558 8434 80.82 7236 57.04 37.47 19.77 8.20 263 0.65
20 83.33 8288 8151 77.68 68.69 53.03 3392 1740 7.03 221 053
21 80.36 79.87 7838 7425 6482 4899 3050 15.22 5.99 1.84 044
22 77.09 7656 7496 7057 60.78 4495 2724 13.22 5.07 1.53 036
23 73.54 7297 71.27 66.67 56.62 4096 24.17 11.41 427 126  0.29
24 69.72 69.12 67.34 6257 5239 37.06 21.29 9.79 3.58 1.03 023
25 65.66 6504 6320 5832 48.13 3329 18.62 8.34 2.98 084 0.19
26 6142 6079 5891 53.97 43.89 29.68 16.17 7.05 2.46 069 0.15
27 57.04 5640 5450 49.58 39.71 2625 13.94 5.93 2.02 055 012
28 5257 5193 5004 4519 3565 23.05 1192 4.95 1.65 044 0.10
29 48.06 4743 4558 4085 31.75 2007 10.12 4.10 1.34 036 0.08
30 4358 4296 41.17 36.62 28.04 17.34 8.53 3.38 1.08 028 0.06
31 39.18 38.59 36.87 3255 2455 14.85 7.13 2.76 0.87 022 0.05
32 3491 3435 3272 2868 2131 1262 5.92 2.24 0.69 0.18 0.04
33 30.83 3030 28.78 25.04 1833 10.63 4.87 1.81 0.55 0.14 0.03
34 2697 2648 2508 21.66 15.63 8.88 3.98 1.45 0.43 011 0.02
35 2336 2292 2165 1856 13.20 7.35 3.23 1.15 0.34 0.08  0.02

3 At input to set, with 0 dB receiving reference equivalent.

26 Volume V — Rec. P.11




Percent “good + bad” as a function of overall

TABLE A-2/P.11

reference equivalent and circuit noise

Overall reference

Circuit noise

(dBmp)

equivalent (dB) - 80 =75 -70 —65 —-60 —55 -50 —45 —40 -35 =30
0 2.13 2.25 2.62 3.84 7.69 18.08 38.28 6395 8477 9555 99.13
1 1.34 1.42 1.67 2.51 527 1335 3078 5583 79.09 93.02 98.41
2 0.82 0.87 1.03 1.59 3.51 9.56 2403 4748 7234 89.50 97.23
3 0.49 0.52 0.62 0.98 2.26 6.63 18.19 3925 64.68 84.87 9541
4 0.28 0.30 0.36 0.58 1.42 446 1335 3152 56.42 79.07 92.75
5 0.16 0.17 0.21 0.34 0.86 292 9.51 2459 4795 7221 89.08
6 0.09 0.09 0.12 0.19 0.51 1.87 6.61 1869 39.74 6456 84.34
7 0.05 0.05 0.07 0.11 0.31 1.19 4.57 1402 3239 56.76 178.77
8 0.03 0.03 0.04 0.07 0.21 0.84 340 11.08 2722 5055 73.74
9 0.03 0.03 0.04 0.07 0.21 0.82 329 1067 2627 49.14 7235
10 0.04 0.05 0.06 0.10 0.26 0.99 377 1174 2790 50.83 73.53
11 0.06 0.07 0.08 0.13 0.35 1.25 451 1331 3029 53.34 7533
12 0.09 0.09 0.11 0.19 0.47 1.60 542 1517 3299 56.08 77.25
13 0.13 0.14 0.16 0.26 0.63 2.03 6.51 17.26 3588 58.89 79.17
14 0.18 0.19 0.23 0.36 0.84 2.57 777 1957 3891 6171 81.02
15 0.26 0.27 0.33 0.50 1.12 3.23 9.23 2207 42.03 6449 82.79
16 0.36 0.39 0.45 0.68 1.47 403 1090 2476 4523 67.22 8445
17 0.51 0.53 0.62 0.92 1.91 498 1277 27.63 4847 69.87 86.02
18 0.70 0.73 0.85 1.23 2.46 6.11 1486 30.66 51.72 7243 8748
19 0.95 0.99 1.14 1.63 3.14 743 17.18 3384 5498 74.83 88.83
20 1.27 133 152 2.13 3.97 897 19.71 37.14 5820 77.21 90.08
21 1.69 1.77 2.01 2.76 498 1073 2246 40.54 6137 7942 91.22
22 2.23 2.32 2.62 3.53 6.17 1272 2543 4401 6447 8150 92.26
23 2.90 3.02 3.38 4.48 7.59 1496 2858 47.54 6748 8345 93.21
24 3.73 3.87 431 5.62 9.23 1745 3191 51.09 7039 8525 94.07
25 4.75 491 5.44 699 11.13 2020 35.40 54.63 73.16 86.92 94.83
26 5.97 6.17 6.79 8.59 1329 23.18 39.01 58.13 7581 88.46 9552
27 7.44 7.67 838 1045 1572 26.40 4272 61.57 7830 89.87 96.13
28 9.16 943 1025 1260 1843 29.83 46.50 6492 80.64 91.14 96.68
29 11.16 1146 1239 1503 2142 3345 5031  68.17 8282 9229 97.16
30 1346 13.80 1484 17.75 2467 3723 S4.12° 7128 84.84 9333 97.57
3 16.06 = 16.44 17.59 2077 28.16 41.14 5789 7423 86.69 9425 9794
32 1897 1939 2064 2407 3188 4514 61.60 77.03 8838 9507 98.26
33 2219 2264 2398 2764 3579 4920 6519 79.64 8991 9580 98.54
34 25.69 26.17 27.60 3146 39.86 5326 68.66 8207 9129 9643 98.77
35 29.47 2997 31.47 3548 44.04 5729 7197 8431 9253 96.99 98.98
2) At input to set, with 0 dB receiving reference equivalent.
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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"(A)_n‘loudness is more marked at a lower frequency band than at a
higher one.

The effect of attenuation distortion on sound articulation is, on the contrary to loudness, more marked at
a higher frequency band than at a lower one. Attenuation distortion equivalent values (I.) and articulation
equivalent loss values (I4) 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 'rvesults 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-5/P.11, B-6/P.11, B-7/P.il and Table B-1/P.11.
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TABLE B-1/P.11

Opinion test conditions

Conditions of conservation
No. Item opinion test using local Note
telephone circuits

1 Junction loss 3,13, 23,29 dB Measured at 800 Hz

ICNO?® = -48.5 dBmp
(14 000 pWp)

—54.5 dB
(3500 pwg;p Including exchange noise:

—8 dB/octave spectrum
('9‘ 333 \gg;“p characteristics

—78.5 dBmp
(14 pWp)

2 Circuit noise level

3 Room noise : 50 dBA

Local telephone circuits
Telephone: Model 600

: . Subscriber line: 0,4 mm &,
4 Sending and receiving end 7 dB at 1500 Hz SCRE + RCRE = 9,3 dBY

Feeding bridge: XB exchange
(220 + 220 Q)
Junction impedance: 600 Q

D1, D2, D3, D4

-5 Attenuation distortion (Figure B-5/P.11)

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

b SCRE = sending corrected reference equivalent, RCRE = receiving corrected reference equivalent.

32 Volume V — Rec. P.11



Conversation mean opinion score (Yc)

FIGURE B-6/P.11

dB8
" -
w 10
1723
o
c
L
=4
[}
w
£
5
0
or - 02 03 040508 08 1 2 3 4kAz
. CCITT-37610
Frequency
D1 12 4-wire circuits chain 95% limit characteristics, based on
Figure 1/G.232, Graph No. 2B
D 2 12 4-wire circuits chain characteristics, based on
Figure 1/G.132
D 3 Average characteristics of D4 and D2
D4 SRAEN filter (Recommendations G.111 and P.11)
FIGURE B-5/P.11 ‘
Junction attenuation distortion characteristics for test conditions
¢ R
Room noise 50 dBA
ICNO: —54.5 dBmp
04
]
] 02 1\. » <
o‘ ‘\1 \‘F\\ \
P~
s\‘\ \\N.
2 <.
) \\“
1
]
-5 0 s 10 30 ¢8
Jonction loss

CCITT - 37621

Attenuation distortion effect on conversation opinion score

Volume V — Rec. P.11

33



" 1
Room noise 50 dBA
ICNO: —54.5 dBmp
™
Q
+
w
+
w sg
€
8
&
a
25
0 -~
-5 0 ] 0 0 48
Jonction loss eIty - 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 method to express attenuation
distortion characteristics
Characteristic parameters Equivalent loss (dB)
Attenuation frfmg,?c Slope Insertion Aspect | Aspect Aspect
distortion ?lE;Z) ¥ (dB/oct) " loss (dB) 19 2% 32
fLio fio fLio fiyio  |at 300 Hz|at 3.4 kHz Iy [N Is Iyc I, 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 | 222 3.1 | 200 | 15 32 22 4.2 7.8 6.3
4 See Reference {31]. '
b Supplemented data to Reference [32]. )
I Attenuation distortion equivalent (calculated value).
Ia Articulation equivalent loss difference at 80% sound articulation (calculated value).
I,5 MOS equivalent loss difference at Y, g = 2.5.
Iy,  MOS equivalent loss difference at Y, = 2.5.
Iy, rge Accumulated rating equivalent loss difference at S50% F, G and E.
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ANNEX C

(to Recommendation P.11)

Effects of group-delay distortion on transmission performance

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

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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FIGURE C-3/P.11

Effect of group-delay distortion on listening opinion score
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ANNEX D

(to Recommendation P.11)

Effects of carbon and linear microphones
on transmission performance

Available information on the difference in performance between carbon and linear (non-carbon) micro-
phones has been collected. The difference 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
(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 larger bandwidth 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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FIGURE D-1/P.11
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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 5 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 Q3 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 impairment Notes
units
One 8-bit A-law or 1 .
p-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 3.5 ~Note 3

Note 1 — For general planning purposes, half the values indicated may be .
assigned to either 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 (Recommen-
dation G.721). ’

3) 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 70). Methods used for subjective assessment of codecs using the MNRU
are outlined in Supplement No. 14. ;
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Recommendation P.16

SUBJECTIVE EFFECTS OF DIRECT CROSSTALK;
THRESHOLDS OF AUDIBILITY AND INTELLIGIBILITY

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

1 Factors which affect the crosstalk thresholds

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

A simple and generally applicable method for estimating the required loss in the crosstalk path as a
function of the factors affecting the audibility or the intelligibility of the speech crosstalk signal can be obtained if
certain simplifications are made.

The main factors influencing the intelligibility of the vocal crosstalk signal are listed below.
1.1 Quality of transmission of telephone apparatus {1]
The sending and receiving corrected reference equivalents are decisive factors. The same is true of the

reference equivalent of sidetone when room noise is present. The use of modern telephone apparatus with smooth
frequency curves is assumed.

1.2 Circuit noise

The circuit noise on the connection of the disturbed call must be taken into account. This is measured by a
psophometer equipped with a weighting network for telephone circuits.
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1.3 Room noise

Room noise affects the ear directly through ear-cap 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 use of the telephone. For this reason and to allow for unfavourable cases, the
measurements were made with slight [40 dB (A)] room noise as well as with negligible room noise.

1.4 Conversation on the disturbed connection

While there is 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 and accordingly the information given in this Recommendation assumes no conversation on the
disturbed connection.

1.5 Microphone noise

The noise produced by the carbon microphone of the disturbed telephone may slightly reduce the
intelligibility of the vocal crosstalk signal owing to sidetone. Good quality modern microphones have been
assumed in this Recommendation. :

1.6 Crosstalk coupling

The intelligibility of a crosstalk signal also depends on the nature of the crosstalk coupling which is
generally a function of frequency. The corrected reference equivalent (CRE) of the crosstalk transmission path can
be conventionally divided into the sending CRE of the subscriber’s set causing the disturbance, the receiving CRE
of the subscriber’s set subject to disturbance, and the transmission loss of the crosstalk transmission path.
Figure 1/P.16 illustrates this conventional subdivision.

In the absence of further information, the corrected reference equivalent of the crosstalk coupling may be
taken to be the attenuation measured or calculated at a frequency of 1100 Hz, as advocated in Recommenda-
tion G.134 [2] for telephone exchanges.

Crosstalk
corrected reference
equivalent (CRE)

V) Psophomater CCITT-33630

e = sending CRE of the disturbing subscriber's set;

r = receiving CRE of the disturbed subscriber's set;

d = crosstalk path attenuation, so that: crosstalk CRE=e + d + r;

8 = terminals of subscriber’s set.

Disturbing and disturbed subscriber’s sets at the same end: near-end crosstalk.
Disturbing and disturbed subscriber’s sets at opposite ends: far-end crosstalk.

FIGURE 1/P.16
Conventional subdivision of crosstalk CRE

Volume V — Rec. P.16 41



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

The curves in Figure 2/P.16 represent the nominal overall reference equivalents of the crosstalk transmis-
sion path corresponding to the thresholds of audibility and intelligibility as a function of the receiving CRE. Their
parameter is the circuit noise; room noise is negligible or equal to 40 dB (having Hoth spectrum and measured
with A weighting). For planning purposes, it is recommended that room noise be regarded as negligible.
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The sidetone reference equivalent of the disturbed subscriber’s set appropriate to these curves is +13 dB.

Note 1 — The circuit noise is referred to the terminals of the subscriber’s set having the CRE indice.
Note 2 — The sending CRE of 0 dB corresponds to a vocal level of —10 VU.

FIGURE 2/P.16
Crosstalk corrected reference equivalent as a function of the receiving corrected reference equivalent and of circuit noise
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These curves represent median values for the various conditions such that in each case 50% of subscribers’
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.

The results of the original experiments (which form the basis of the curves in Figure 2/P.16) were
expressed in terms of speech level (e.g. in volume units) and on that basis showed a satisfactory degree of
agreement among themselves.

The thresholds are based on the assumption that a subscriber set with a sending CRE of 0 dB corresponds
in practice to a speech level of —10 VU at the subscriber set terminals with a load of 600 ohms.

However, in order for the results to be directly useful for planning purposes for networks designed and
characterized on the basis of CREs, it is necessary to introduce a factor (¢) which effectively establishes the
relationship between speech level and sending CRE.

The correction factor ¢ has been defined in the following manner:

c=V.— V., dB

where

V. = speech level in decibels under normal conversational conditions at a particular point on the
disturbing connection;

Vi, = speech level in decibels at the same point on the disturbing connection under conditions
corresponding to a speech level of —10 VU at the output of a subscriber set with a sending CRE
of 0 dB (i.e. it is assumed that the listening tests have been carried out at this speech level);

Vi = —(0 + a), if the actual CRE is a dB. Thus, ¢ = V., + 10 + a

Thus, the correction factor ¢ is positive for conditions in which the speech level on the disturbing circuit is
greater than that corresponding to —10 VU at the output of a subscriber set with 0 dB sending CRE. This
correction factor must be added to the value of nominal crosstalk CRE given in Figure 2/P.16. Thus, the
threshold more closely corresponding to working conditions becomes: e + r + d + ¢ = t + ¢

In general, the values of ¢ will be a function of the overall CRE and to some extent of the circuit noise
and sidetone reference equivalent on the disturbing circuit. Typical values have been estimated from speech level
measurements made by several Administrations and are given in Table 1/P.16 together with standard deviations.

TABLE 1/P.16

Mean values and standard deviations of the factor ¢ for various Administrations

Nominal overall Sllc);/ee‘;h Cortected reference Esgr_nated mean value stanf:::inz:tji(iltion
corrected reference equivalent (sending) C of the factor ¢ o. of the factor ¢
Administration equivalent of the
: -disturbing connection
(dB) ,
(VU) (dB) (dB) (dB)
13 -21 +11 0 4
AT&T 24 —-17 +11 +4 4
35 —14 +11 . +7 4
Switzerland 40 -~ 8 ) + 2 +4 4
6 —16 + 2 -4 5.3
Sweden 20 ~15 +2 -3 6.1
United Kingdom 13 B 12 + g +é :’8
Post Office 24 - + + 8
35 —14 + 8 +4 4.8
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As indicated in Table 1/P.16, the value of 'C lies within the range —4 to +7 dB and o, = 4 dB. The
value of 4 dB for the mean speech level is high. Thus, it is assumed that the disturbing talker is speaking over a
connection with a high overall CRE.

3 Crosstalk probability

The curves in Figure 2/P.16 represent median values for the various conditions. The probability of
crosstalk in percent can be determined for any crosstalk attenuation with the aid of the method shown in
Annex A.

Although the maintenance of telephone secrecy is primor,dial, the subscriber is more likely to make a
severe judgement on crosstalk in a local call taking place in his immediate environment and in which indiscretion
due to crosstalk may have unfortunate social consequences.

In practice, simultaneity of speaking on the interfering line and listening on the impaired line (during
conversation pauses) is not present in all cases. Information concerning this topic and showing how to calculate
the probabilities concerned will be found in [3].

Provisionally, it is recommended that the probabilities of subscribers encountering potentially intelligible
crosstalk should not be worse (more) than the following:

Own exchange calls: 1 in 1000

Other calls: 1 in 100.

ANNEX A

(to Recommendation P.16)

This Annex comprises:

1) an example illustrating the method of calculation;
2) a graph showing the probability of crosstalk;

3) an example of a local connection.

Al Example illustrating the method of calculation

In order to demonstrate the method of using the information given in this Recommendation to calculate
the probability of encountering (for example) intelligible crosstalk, a hypothetical reference connection given in
Recommendation G.105 [4] is needed. Figure A-1/P.16, based on Figure 3/G.105 [5], illustrates two connections
with crosstalk between them introduced by the international circuit.

4 0d8 (ER) ,
O—F Q1 e
N \’;‘/ T L 3 '
H—1—@—F—¢{] osunee
I Ne L 100 pWOp '
____________ SO pWp 100 pWp
X Crosstalk ratio 748 (ER)
Tttt TT ST T T T TS e 1 ' .
K }— A Disturbing
© ooy
100 pWOp CCITT-33650

FIGURE A-1/P.16
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The crosstalk path of interest may be redrawn as shown in Figure A-2/P.16.

1048,
8 X 0.5 ’ 5 3 3 (ER) 4
—i— ! it b '
T Tt 1 |
N, 00pWp S0pWp 00p%  coirT.33686

Local exchange Local line

FIGURE A-2/P.16

(The 50 pWp and 100 pWp sources prior to the X.-pad are ignored, for after transversing the X -pad, the

resultant noise power contributions will be negligibly small.)

The diagram may be further simplified by referring all the given noise powers to the input of a local
system having a corrected reference equivalent of 0 dB and summing (as far as possible) the various losses (see

Figure A-3/P.16).

) X, 5.5 ; 08
. T T T ' (ER)
T T r T
N B2 cciTT-33660

FIGURE A-3/P.16

Considering for the sake of example two specific cases, namely X, = 58 dB; N, = 500 pW0p and

X, = 62 dB; N, = 200 pWOp, the corresponding values of overall X and total N are:

Examples Corresponding values

studied X N
58 dB; 500 pWOp . 71.5 —63.7
62 dB; 200 pWOp 75.5 —64.7

which are associated with the arrangement in Figure A-4/P.16.

X 0d8

o ; a

CCITT-33670

FIGURE A-4/P.16
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Table A-1/P.16 records the values of the median threshold of intelligible crosstalk between an active talker
and a silent listener. The values have been taken from the curves given in Figure 2/P.16. .

TABLE A-1/P.16

Median listener thresholds if intelligible crosstalk as a function of the noise power level at the input to a 0 dB corrected reference
equivalent receiving end, for a variety of listening conditions (based on Figure 2/P.16)

T 0d8

L ﬁ_i
Median r .
talker : IM‘::""
(fixed level) istener
CCITT-33680
T dB, nominal overall corrected reference equivalent
N dBmp. of the crosstalk path
noise power
level at Negligible room noise
input to +40 dB(A) room noise
0dB RRE Without With with sidetone
sidetone sidetone i
- 100 76.5 75.0 65.1
-95 75.7 74.5 64.9
-90 74.0 73.0 64.2
-85 725 72.0 64.0
- 80 70.0 62.5
~75 67.0 ’ 60.5
-70 63.0 58.0
-65 59.0 55.0
-60 54.5 51.5
-55 ' 49.5 475
-50 44.0 43.0

Note — The sidetone reference equivalent is +13 dB. For intermediate values, use linear interpolation. It has been
assumed that the talker delivers — 10 VU from a 0 dB corrected reference equivalent end.

In order to take account of the distribution of real talker volumes a correction factor, ¢, is needed which,
being characteristic of national networks, at this present time must be supplied by the user. As indicated in
Table 1/P.16 the value of C lies in the range —6 to +5 dB and o, in the range 4 to 5 dB.

For this example we will use C = 4 dB, and 6. = 4 dB.

We do not have a distribution of crosstalk corrected reference equivalents to take account of at this time;
just two specific values.

The standard deviation of the listeners’ threshold about the median value is in the range 4 to 6 dB. We
will take the value o, = 5 dB in this example.

If ¢ is the threshold value for a particular listener, ¢ the speech volume correction factor for a particular
talker and x the actual value of the corrected reference equivalent of the crosstalk path between them, then when x
is less than ¢ + ¢, intelligible overhearing occurs. Denoting the difference x — (¢ + ¢) by z intelligible over-
hearing for this particular pair arises when z is zero or less.
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If x, ¢, and ¢ are each normally distributed (or may fairly be assumed to be so) with mean values

X, T, and C and standard deviations o,, o,, and o,, then z is also normally distributed with mean value,
Z = X — (T + C) and standard deviation o, = /(6% + 0% + ¢2).

The normal deviate at z = 0 is given by Z/g, and the probability of z < 0 can be found from tables of
the cumulated normal distribution (single upper tail).

The percentage figures of probability can be taken from the usual tables. The graph in Figure A-5/P.16
shows the relation between Z, o, and crosstalk probability.
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FIGURE A-5/P.16
Relation between o,, Z and the probability in %

Taking the particular case of 58 dB; 500 pWOp and considering +40 dB (A) room noise with +13 dB

sidetone then N = —63.7 gives T = 54.1 (by interpolation of Table A-2/P.16) so that

Z =X —(T+T)=715— (541 + 4,0) = 13.4

and

6,= 162+ 02+ 02 = (0 + 25+ 16) = /41 = 64.

Hence Z/c, = 13.4/6.4 = 2.10 corresponding to 1.8% risk of intelligible overheading.

Table A-2/P.16 displays. the results for each combination used in this example.

TABLE A-2/P.16
Probabilities of intelligible overhearing between active talkers and silent listeners
(0x=0;0,=5,0,=4;C=4)

, +40dB (A) room Negligible room
Example studied noise; noise; 13dB
13 dB sidetone sidetone (or no sidetone)”
58 dB; 500 pWOp 1.8 % 6.7%
62 dB; 200 pWO0p 05% 24%

3 With the values used in the examples, the presence or absence of sidetone has no effect.
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The values indicated in Table A-2/P.16 for probabilities of intelligible overhearing between active talkers
and silent listeners concern crosstalk couplings with negligible standard deviation. Such values can be applied to
determine the limits for circuits (channel transfer equipment, for example).

Another method of calculating the probability of intelligible crosstalk using Monte Carlo methods is
described in the CCITT manual cited in [6].

A2 General diagram concerning the probability of crosstalk

The graph in Figure A-6/P.16 is based on similar calculations as the example in § A.1, i.e. on the
assumption that the noise sources are concentrated in a single point from which the receive corrected reference
equivalent is 0 dB. It is further assumed that there is a Gaussian distribution of crosstalk attenuation. The
thresholds of audibility- and intelligibility-curves are similar in shape and have been combined into a single pair
of curves with different ordinates. :
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FIGURE A-6/P.16

Probability of (potentially) audible or intelligible crosstalk as a function of T+ Z =X - C,N and ¢
for room noise of 40 dB (A), and negligible room noise
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A3 Example of a local connection (based on the hypothetical reference connection given in Recommendation
G.105 [4]) (see Figure A-7/P.16)

3d8 ’
T {l :
Disturbed
1
H Xe
3dB
I O Disturbing
Local exchange
+4dB 3dB Xe 3dB -3dB
D- T T T u
1 I I

CCITT-33711
FIGURE A-7/P.16

For this type of connection, the sending corrected reference equivalent of the telephone set is taken to be
+4 dB and the receiving corrected reference equivalent —3 dB. The standard deviation of the telephone set at the
sending and receiving ends is 6, = 2 dB (total). See Table A-3/P.16.

X=X, +7dB 0d8

.

z
"
Z
Il

CCITT-33715

TABLE A-3/P.16

Probability of intelligible overhearing crosstalk (in % for specific values of X,) between active talkers
and silent listeners for a local connection

Room noise Negligible

Noise power E: ggvl?]gp 107% l_ogg 10 (;(())O

o. (total) 7 10 7 10 7 10

o. (diaphonie) 2 7.4 2 7.4 2 7.4

Xe.: 60 84 76 50 50 10 18
62 7 69 39 42 5.8 14
64 66 62 ' 28 34 32 9.7
66 56 54 20 27 1.6 6.7
68 44 46 13 21 0.8 4.5
70 , 34 38 7.6 16 0.34 2.9
72 24 31 4.4 11 0.13 1.8
74 16 24 22 79 0.06 1.1
76 10 18 1.1 5.5 0.02 0.6
78 6.2 13.6 0.5 3.6 0 0.35
80 3.1 9.5 0.2 23 0 0.2
82 | 1.6 6.7 0.1 1.4 0 0.1
84 0.8 4.5 0.03 0.8 0 0.05
86 ‘ .03 2.8 0.01 0.5 0 0.02
88 0.1 1.8 0 0.3 0 0.01
90 0.05 1.1 0 0.1 0 0
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SECTION 2

SUBSCRIBERS’ LINES AND SETS

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 since an increasing number of loudspeaker sets is being used in the telephone network,

(b) that in view of the complex nature of the effect of factors introduced by these equipments on
telephone transmission performance,

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

makes the following provisional 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 devise suitable methods so that a device controlled by the voice
may prevent oscillations.

Reference

11 CCITT Recommendatlon Assumptions for the calculatton of noise on hypothetical reference. circuits for
telephony, Vol. 111, Rec. G.223.
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Recommendation P.34

TRANSMISSION CHARACTERISTICS
OF LOUDSPEAKER TELEPHONES

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

1 Introduction

The sending and receiving sensitivities of handset telephones, normally expressed as Corrected Reference
Equivalent (CRE) or 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 CRE or LR, values
between the telephone sets and the network in different ways, it is not possible to issue an international
Recommendation stating CRE and LR values of telephone sets alone, regardless of whether they are handset or
loudspeaker telephones.

On the other hand, it is possible to recommend sensitivity values for Loud Speaker Telephones (LSTs)
relative to the standard handset telephone used nationally. The aim of such Recommendations should be to obtain
equivalent performance with both types of telephones, at least concerning send and receive loudness. That means
that the average user’s behaviour and preferences while talking and listening have to be taken into account. The
relative sensitivities defined in §§ 2 and 3 are derived from performance tests in order to fulfil this requirement.

Other important features contributing to the quality of telephone calls made from loudspeaker telephones
cannot presently be dealt with by Recommendations and are studied within the scope of Question 17/XII [1].

2 Sending sensitivity

The sending R25 equivalent (SR25E) or SCRE of a loudspeaker telephone should be about 9 dB worse
than the SR25E or SCRE of the corresponding handset telephone (the actual value will depend on the type of
handset used). The loudness rating should be about 5 dB worse for the LST than for the handset.

", - 'Note — Conversation tests in several countries have shown that comparable speech voltages are obtained
on the line when the sending reference equivalent of the LST is 8-11 dB higher than that of the handset telephone
used.

The difference of 8-11 dB is composed of several components:
a) the average talking level for LSTs, which is about 3 dB higher than for handsets;

b) the output level from a handset telephone in conversational use, which is about 3-7 dB lower than what is
obtained in the speaking position specified for reference equivalent measurements. This difference is reduced to
1-2 dB when the loudness rating guard ring position is used;

c) other minor differences to be considered, 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 loudspeaker telephone without automatic gain control should be adjustable
within a range of 15-30 dB. This range should span the value of the receiving R25 equivalent (RR25E) or
receiving loudness rating (RLR) which is equal to that of the corresponding handset telephone, as well as a
RR25E or RLR value about 10 dB better. The same values apply to loudness ratings.
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Note 1 — 1In principle the receiving R25 equivalent of the LST should be equal to the RCRE 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.

For loudspeaker telephones equipped with an automatic gain control for the receive level (the gain being
controlled by the incoming speech voltage), corrected reference equivalents or loudness ratings may not be
applicable. In this case the LST should be designed so that the listening level at the maximum line length for
which the LST 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 2 — 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 dB(A) room noise, or 70 dB for 55 dB(A) room noise. However, to obtain maximum Mean Opinion Scores in
conversation tests, about 5-10 dB higher listening levels 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 LST on a table lies between 0 and + 3 dB/octave, if the receiving response curve is flat.

Only under highly reverberant conditions a somewhat higher preemphasis may 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 LST.

Above 4000 Hz, a roll-off by at least —6 dB/octave, preferably —12 dB/octave, is appropriate in order
not to cause 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 telephones contain a voice-switched circuit which inserts a loss in either the sending or
receiving direction in order to permit sufficient gain in the active direction without risk of singing through
acoustic feedback. Switching from one direction to the other occurs when a signal above a given threshold is
applied from the opposite direction.

Fundamental voice-switching parameters are threshold level, build-up time and hang-over time, as defined
in Figure 1/P.34. 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, in particular, switching
times, may lead to serious clipping effects and loss of initial or final consonants in the transmitted speech.
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Note — The 50 % limit refers to a representation of the signal amplitude on a linear scale. With logarithmic amplitude representation, Tp and
Ty are counted to within —6 dB of the complete removal or insertion of the switched loss.

FIGURE 1/P.34

Definition of fundamental voice-switching parameters

In general, it is desirable to keep the threshold value low, build-up time short and hand-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, the voice-switching circuit will too easily be operated by ambient noise.

Therefore, the following switching characteristics are recommended for loudspeaker telephones:

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 Vry 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. :

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 LST 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 LST 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]. ‘ : :

54 Volume V — Rec. P.34



Note — This arrangement should be used for all measurements, including for 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 LSTs [3] for subjective and objective measurements is
shown in Figure 2/P.34.

If the projections 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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7777773

Front edge
of test table

FIGURE 2/P.34

Physical test arrangements for subjective and objective measurements

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 dB(A).

6.4 Subjective determinations

If reference equivalent determinations for LSTs are carried out on an LST they should be in accordance
with Recommendation P.72 using the R25 equivalent method. Loudness rating determinations should be deter-
mined in accordance with Recommendation P.78.

6.4.1 Sending

The talking level for the measurement of SR25E or SLR of an LST should normally be the same as
specified for measurements on handset telephones.
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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 LST 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 LST will be in the sending condition during the determination of
loudness related ratings (SRE or SLR). If this is not the case the talking level may be increased by up to 5 dB.

Note — To preserve the same listening level at balance the NOSFER attenuator may be increased from
25 dB to 30 dB.

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

6.4.2  Receiving

The talking level at the reference microphone for the measurement of RR25E or RLR should normally be
the same as specified for the measurement of handset telephones. This should normally ensure that when loudness
balance is achieved between NOSFER and the test system path, a signal of sufficient magnitude is present at the
LST 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 LST into the receiving condition. If this does occur the talking level may be increased by up to
5 dB.

Note — This will increase the listening level at balance, but in this case it is not possible to correct this by

changing the NOSFER 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 determinations

6.5.1 Sending

The sending sensitivity of a local telephone system (LTS) with the handset telephone replaced by the LST
is consistent with Recommendation P.64 and is expressed as follows:

Sy = 20 logio ¢ dB rel 1 V/Pa

s

where ¥, is the voltage across a 600 ohm termination and Ps is the sound pressure at 500 mm from the lip position
of the artificial mouth.

The sound pressure level (p,) is —20 dBPa and is measured in the absence of the LST and table.
Note 1 — The sound pressure level is consistent with a) in the Note of § 2.

Note 2 — The method of free-field measurement means that the diffraction effects of the table and LST
will be the same for the artificial mouth in the measuring position as for a real mouth in the same position (if
both sound sources have the same radiation pattern).
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Note 3 — Some LSTs 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 LSTs 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. Thus for SLR calculations the send sensitivity required is given by the
expression:

V,
Sy = 20 logo I—é dB rel 1 V/Pa at MRP

the sound pressure being 1.62 Pa (corresponding to 4.2 dBPa) in this case.

6.5.2  Receiving

The receiving sensitivity of a local telephone system (LTS) with the handset telephone replaced by the LST
is consistent with Recommendation P.64 and is expressed as follows:

Sy = 20 logso ‘/’% dB rel Pa/V

2 Ly
where pg is the sound pressure measured at point C in Figure 2/P.34 and %4 Ej is half the e.m.f. in the 600 ohms

source.

Depending on the mounting of the loudspeaker in the housing and its position relative to the table surface,
interference patterns may occur at the position of the measuring microphone. In order to investigate the receiving
performance of a loudspeaker telephone for a real listening situation, it may be advantageous to measure the
response at a number of microphone positions in a range + 10 cm from the recommended position. The average
of these measurements at any frequency can be used to represent the receiving response instead of a single
measurement at one point. '

An alternative method is to use a sufficiently wideband pink noise signal and analyze in % octave bands.

Note — Receiving sensitivities determined for LSTs in this way may not be used for the calculation of
receive loudness ratings (RLR). The subject of RLR calculations from objective measurements or LSTs is complex
and involves the difference between loudness judgements made monaurally and binaurally. This item is still being
studied under Question 17/XII.
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Recommendation P.35

HANDSET TELEPHONES

(Malaga-Torremolinos, 1984)

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

Recommendations on the transmission quality, i.e. connected reference equivalents and loudness ratings
for international and national telephone connections are given in Recommendations G.111 and G.121 respectively.

These Recommendations permit Administrations to split the requirements between analogue telephone sets
and the other parts of the network as long as the above-mentioned Recommendations are fulfilled.

Therefore no precise Recommendations can be given for analogue telephone sets. However, some design
considerations can be given. These considerations can be found in Supplement No. 10.

Recommendation P.36

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

(Malaga-Torremolinos, 1984)

The purpose of this Recommendation is to define methods for checking the efficiency of the devices for
protection against acoustic shocks, the use of which is recommended in CCITT Recommendation K.7.

The CCITT is also pursuing studies of methods more generally applicable to the qualification of devices
for preventing any dangerous or annoying acoustic pressure from telephone receivers.

1 Efficiency of protection against acoustic shocks

1.1 Electroacoustic measurements using impulses

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,
incidentally, there is no single definition. 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 in the telephone receiver quality necessary to ensure the safety of users and
operators.

In order to check whether a telephone set affords satisfactory protection against the risk of acoustic
shocks, 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);
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1.2

magnitudes:

d)

e)

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 values. This equipment must be of class 2 for prototype testing, and maybe of class 3 for
checking mass-produced sets;

electrical impulses are applied to the telephone set by a suitable assembly which enables them 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, C, = 0.2 uF, see Table 1/K.17). The test voltage is
between 0 and 1.5 kV; ‘

for the application of such an electric impulse, the peak acoustic pressure level observed (maximum
instantaneous value) should be below 140 dB V. In the long term, Administrations are recommended to
limit this value to 135 dB" for sets in common use.

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

Electroacoustic measurements using steady-state sinewave 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 non-linear distortion. This may be done by conducting a
series of measurements using steady-state sine-wave signals at a frequency of 800 Hz and relating to the following

N (dB): electric voltage level at the terminals of the set

I/l'.III.S
0.775

N=20 logw

where V., represents the r.m.s. value of the voltage across the terminals.

P(N): acoustic pressure produced by the telephone receiver under given conditions. (This fnay be the

pressure measured on an artificial ear in accordance with Recommendation P.51), corresponding
to the application of voltage level N across the terminals of the set.

A(dB): Attenuation of electroacoustic efficiency in relation to its reference value determined for

N = -20dB.

A(N) is determined by the relation:

A(N) dB = 20 logo PPS—_ZO—)

+ N+ 20
Ny

[A4(N) = 0 when N = —20 dB].

The values obtained for A(N) must match those in Table 1/P.36 which have been obtained from

measurements carried out on several types of set fitted with various protective devices.

1)

Note 1 — 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.

Relative to pPa.
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TABLE 1/P.36

N A(N)
(dB) (dB)
—20 0
—10 < 0.5
0 . <2
2 Efficiency of protection against other acoustical annoyances (hazards or discomfort)

The CCITT is at present studying methods for checking this type of efficiency.

Recommendation P.37

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

(Malaga-Torremolinos, 1984)

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 otherw1se 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 Scopé

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.

3.2 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.

44 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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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 I — 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 tange 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%.

5.3 Distortion

The distortion of the probe coil shall be less than 2%, when measuring field strength up to +2 dB relative
tol A/m.
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SECTION 3

TRANSMISSION STANDARDS

Recommendation P.42

SYSTEMS FOR THE DETERMINATION OF REFERENCE EQUIVALENTS

(amended at Mar del Plata, 1968; Geneva, 1980
and Malaga-Torremolinos, 1984)

Three systems are in existence for the determination of reference equivalents. These three systems should
comply with the conditions shown below and are designated as follows:

1) the new fundamental system for the determination of reference equivalents (NOSFER) (French
abbreviation of: Nouveau Systéme Fondamental pour la détermination des Equivalents de Réference);

2) primary systems for the determination of reference equivalents: (replicas or NOSFER);
3) working standard systems.
The NOSFER is the system used in the CCITT Laboratory. Formerly, reference equivalents were

determined by comparison with the European master reference system for telephone transmission (SFERT),
defined in [1].

Values of reference equivalents determined by comparison, directly or indirectly, with the SFERT remain
valid.

In the past, other telephone transmission reference systems were also used; these are described in [1].

1 Fundamental system for the determination of reference equivalents (NOSFER)

Two systems are currently in use, both designed to fulfill the same performance specification as detailed in
the following sections. In essence this is to achieve sending and receiving sensitivity/frequency characteristics for
NOSFER, substantially similar to those of SFERT and thus ensure the validity of reference equivalents previously
obtained by comparisons with SFERT.

These systems are:

a) the original NOSFER which was based on the components of the high quality transmission apparatus
(ARAEN) which is fully described in Recommendation P.41 (Yellow Book) (2] and [3], [4] and [5];

b) the NOSFER-1984, in which components readily obtainable as current production items are associated
with integrated circuits and active equalizers. A particular advantage of this system is the use of a
condenser microphone which greatly simplifies calibration processes.

In the following sections the Recommendation gives only the essential performance which is applicable to
both. Details of composition and setting-up procedures, including the necessary modifications to ARAEN to
achieve the original NOSFER, are given in Supplement No. 12.

\
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1.1 Basic representation of the complete NOSFER

The basic representation of the complete NOSFER is shown in Figure 1/P.42. A general description and
other essentials including sensitivity/frequency characteristics are given under separate headings for sending end,
junction and receiving end.

L Speech
Lip-ring voltmeter
NOSFER ' NOSFER
microphone Vs A receiver
- Sending Jg Cda Receiving
end Q Q end lj"\
MRP
iJTI.Omm 1z, | / 50 500 7 1z, ERP
25 mm
NOSFER send _Junction | NOSFER receive R
< + La!

CCITT-65781

Note 1 — MRP and ERP: mouth and ear reference points (see Recommendation P.64).
Note 2 — Junction input and output impedance is 600 ohm non-reactive.
FIGURE 1/P.42

Basic representation of complete NOSFER

1.2 NOSFER sending end

Basically this is specified as a highly stable and linear assembly of electro-acoustical equipment which
gives a sensitivity/frequency characteristic as shown in Table 1/P.42. In addition it requires facilities for coarse
and fine gain control, as given in Supplement No. 12. .

TABLE 1/P.42
Sensitivity of the NOSFER sending system

Frequency Sensitivity Frequency . Sensitivity
(Hz) [dB (V/Pa)] (Hz) [dB (V/Pa)]
100 6.80 (—6.6) 1000 12.00 (—1.4)
125 7.90 (-5.5) 1250 1230 (—-1.1)
160 8.40 (—5.0) 1600 1210 (-1.3)
200 8.60 (—4.8) v 2000 : : 12.50 (—0.9)
250 8.20 (—5.2) 2500 12.50 (—0.9)
315 7.80 (—5.6) 3150 13.90 (+0.5)
400 8.00 (—5.4) 4000 13.30 (-0.1)
500 8.80 (—4.6) 5000 9.20 (—4.2)
630 10.00 (—3.4) 6300 1.60 (—11.8)
800 11.00 (—2.4) 8000 —2.50 (—15.9)

Note 1 — Sensitivity dB (V/Pa) with voltage measured across 600 ohm junction input (Js)
and free-field sound pressure at the microphone.

Note 2 — Sensitivities shown in parenthesis are those related to sound pressure at the mouth
reference point (see Annex A to Recommendation P.64), required for the calculation of
reference equivalents, using an appropriate algorithm. '

Note' 3 — Tolerances are + 1 dB (0.1-4.0 kHz), 1 + 1.5 dB (4.0-6.3 kHz) and *+ 2 dB
(6.3-8.0 kHz). )
Note 4 — The values presented in the table were taken from the original United Kingdom
data and interpolated to ISO mid-frequencies of 1/3 octave bands; therefore they may differ
slightly from values shown in previous versions of Recommendation P.42 (e.g. the Yellow Book
version [3]). '
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When in use for reference equivalent determinations the talking distance for NOSFER is 140 mm,
measured between the plane tangent to the lip-ring nearest to the talker’s lips and the centre of the acoustic grid
of the microphone. The acoustic grid lies in a horizontal plane which is tangential to the central axis of the
lip-ring.

A volume meter, of the type used previously in ARAEN, is connected across the output of the NOSFER
sending system and the input of the junction (Js). This volume meter (speech voltmeter) was manufactured
originally for ARAEN in the United Kingdom as type SV 3 with principal characteristics as given in
Table 1/P.52. The “standard” speech volume used with NOSFER is defined in Recommendation P.72, § 4.2.1.

Figure 2/P.42 shows the sensitivity/frequency characteristic of the NOSFER sending end. Allowable
tolerances on-the shape of the curve are as shown in Note 4 to Table 1/P.42.

The composition of the sending ends of both systems is shown for the original NOSFER based on
ARAEN in Figure 4/P.42 and for the NOSFER-1984 version in Figure 5/P.42.

d8v/Pa
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-15 ‘

01 0¥ 025 04 063 1 16 25 4 63
0125 02 0,315 05 08 125 2 kA H 8 kHz
CCITT - 82480

FIGURE 2/P.42

Nominal sensitivity /frequency of the NOSFER sending system

13 NOSFER junction

The variable loss element connecting the sending and receiving ends of NOSFER is essentially composed
of two variable attenuators, both calibrated in 1 dB steps, with input/output non-reactive impedances of
600 ohms. Two attenuators are used in tandem as there is a need for a “hidden loss” element remote from the
operator adjusted attenuator. Occasionally there is also a need for an amplification in the adjustable loss path and
for this purpose a 600 ohm input/output amplifier with gain being set to 0, 10 or 20 dB is included in series with
the 600 ohm balancing attenuator.

1.4 NOSFER receiving end

As with the sending end, this is again specified in basic terms as a highly stable and linear set of
electro-acoustical equipment which gives a sensitivity/frequency characteristic as shown in Table 2/P.42. Facilities
for coarse and fine gain control are again detailed in the practical description of the NOSFER receiving end,
which is given in Supplement No. 12.

The sensitivity/frequency characteristic of the NOSFER receiving end is shown in Figure 3/P.42. Allow-
able tolerances on the shape of the curve are as shown in Note 2 to Table 2/P.42.
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TABLE 2/P.42

Sensitivity of the NOSFER receiving system

Frequency Sensitivity Frequency Sensitivity
(Hz) [dB (Pa/V)] (Hz) [dB (Pa/V)]
100 1.30 1000 6.60
125 2.10 1250 6.40
160 2.40 1600 6.70
200 3.30 2000 7.50
250 4.00 2500 7.70
315 4.80 3150 6.10
400 5.70 4000 4.10
500 7.30 5000 7.40
630 6.70 6300 12.5
800 6.50 8000 ° 2.0

Note I — Sensitivity dB (Pa/V) — sound pressure measured at ear reference point (see

Recommendation P.64) with constant voltage level applied across NOSFER junction output
(Jr). For the sound pressure measurement the NOSFER receiver is positioned on the IEC 318
artificial ear with flat plate (see Annex C).

Note 2 — Tolerances are + 1 dB (0.1-4.0 kHz), 1 + 1.5 dB (4.0-6.3 kHz) and + 2 dB

(6.3-8.0 kHz).

Note 3 — The values presented in Table 2/P.42 were taken from the original United Kingdom
data and were interpolated to ISO mid-frequencies of 1/3 octave bands; therefore they may
differ slightly from values shown in previous versions of Recommendation P.42 (e.g. Yellow

Book version [3]).
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FIGURE 3/P.42

Nominal sensitivity/frequency of the NOSFER receiving system
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The composition of the receiving ends of both systems is shown for the original NOSFER in Figure 4/P.42
and for the NOSFER-1984 version in Figure 5/P.42.

2 Physical representation of NOSFER

Figures 4/P.42 and 5/P.42 show the composition of the two NOSFER systems. Component details are
given in Supplement No. 12 together with setting-up procedures for voice-ear tests.

Note — In addition to the change from moving coil to capacitor microphone previously mentioned, it has
become necessary in recent years to specify a replacement receiver. CCITT agreement has been reached to use a
receiver type DR 701 (IWATSU, Japan) as an alternative to the type 4026A (STC, UK) on either system.
Previously it had been shown that both receivers when fitted with the specified rubber cushion had the same
impedance and substantially similar performance. It has been found useful to present in more detail the internal
construction of the NOSFER receiver and this is included for the receiver type 4026A as Annex D to this
Recommendation. The internal construction of the receiver type DR 701 is different from the type 4026A.
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Physical representation of the original NOSFER (ARAEN based model)
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Note — MRP and ERP: mouth and ear reference points (Recommendation P.64).

FIGURE 5/P.42

Physical representation of NOSFER-1984
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3 Normal adjustment of NOSFER

The normal adjustment of NOSFER is, in principle, a process covering:

a) periodic test of the long-term stability and i

b) simple every-day check that the system is aligned for use and that the specified performance is being
maintained.

The procedure previously applied to the original NOSFER is described in the Yellow Book version of this
Recommendation [3].

For both NOSFERs, although periodic checks of the microphone and receiver are still necessary, it is
nowadays considered preferable to calibrate the sending end and receiving end as complete units in the manner
detailed in Annex B.

Other relevant information on the normal adjustment of NOSFER as applied to the setting-up procedure
is given in Supplement No. 12.

Because the calibration of NOSFER earphones forms an important part of the above processes, the
method of measurement using the IEC-318 artificial ear is given as Annex C.

4 Primary systems for the determination of reference equivalents

“Primary system for the determination of reference equivalents” is the name given to:
a) a system consisting of a replica of NOSFER, '

b) a system conforming to the description given in [6].

It is assumed that such a system:

1) has its sending and receiving sensitivities identical with NOSFER, conforming to Table 1/P.42 and
Table 2/P.42 values; .

2) is defined by a detailed description, including the relevant method of objective calibration of the
physical parameters of the system;

3) has been compared directly with NOSFER.

5 Working standard systems for the determination of reference equivalents

It is admitted for the purposes of the application of Recommendations that the reference equivalent of a
commercial system may be determined by taking the sum of the relative equivalent of this commercial system
obtained by comparison with a working standard and the reference equivalent of the working standard system (see
Recommendation P.72). ,

By way of information, brief descriptions of the working standard systems are reproduced in Annex A.

Before being officially put in service, any working standard should be compared with the NOSFER or
with a primary system for determining reference equivalents.

This comparison is intended to define the transmission qualities of sending and receiving systems of the
working standard as compared with the corresponding systems of NOSFER or a primary system for the
determination of reference equivalents. It indicates in decibels the amount by which the respective sending or
receiving system of the working standard is worse or better relative to the sending or receiving system of
NOSFER (or a primary system for the determination of reference equivalents).

The measuring method used in the CCITT Laboratory is the so-called “two-operator, hidden-loss method”
(see Recommendation P.72).

The circuit diagrams showing the method of evaluation of sending and receiving systems of the working
standard in comparison with NOSFER are shown in Figures 1/P.72 and 2/P.72 respectively.

5.1 Periodic calibration of working standard systems

Working standard systems must be periodically compared against NOSFER or a primary system for the
determination of reference equivalents. Recommendations for forwarding such apparatus are contained in
Recommendation P.43.
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ANNEX A

(to Recommendation P.42)

Brief description of the working standard systems

Al Rules concerning the composition of working standards with subscribers’ equipment (SETAB)

Working standards with subscribers’ equipment consist of a sending system, an attenuator and a receiving
system. The sending and receiving systems consist respectively of subscribers’ sets of a commercial type with a
linear (non-carbon) microphone, associated with a subscriber’s line and a feeding bridge.

The attenuator connected between the sending and receiving systems should have a minimum loss of
40 dB, variable in 1 dB steps, and input/output impedances of 600 ohms.

The system should be completed with a volume meter to enable the vocal power used during telephonome-
tric tests to be maintained.

A2 Description of a working standard having an electro-dynamic microphone and receiver (SETED)

The SETED working standard was originally designed for use as a reference system for ratings based on
loudness and for articulation rating (AEN). A detailed description of this working standard is given in [3].
Basically it consists of a calibrated speech path, having a frequency characteristic similar to that which would be
given by a l-metre air path including the obstacle effect of the human head, but band-limited from 300
to 3400 Hz. It uses a moving coil microphone of a special type designed for close talking which is substantially
protected against the effects of breath moisture. To standardize the lip position a guard-ring is fitted to the
microphone at a distance of 25 mm.

SETED is provided with means for absolute calibration of its microphones and receivers and for this
purpose makes use of a calibrated quartz crystal microphone. In recent years it has become possible to confirm
calibrations with modern capacitor microphones.

The complete description of SETED can be found in_the Yellow Book version of Recommendation P.42
(Annex B) [3]. '

ANNEX B

(to Recommendation P.42)

Calibration of NOSFER using Recommendation P.79

Using an adaptation of the method of calculating loudness ratings (Recommendation P.79) it has been
shown that calculated send and receive loudness ratings of NOSFER relative to those of a system having the
specified sending and receiving sensitivities of Tables 1/P.42 and 2/P.42 yield reliable criteria for any departure
from specification which can be used to make fine adjustment to the sensitivities to give the desired NOSFER
performance.

For this purpose it was necessary to calculate a set of “W” weights incorporating the specified NOSFER
sensitivities rather than those used in Recommendation P.79 (which are based on the IRS 2 of Recommenda-
tion P.48). The “ W™ weights are shown in Table B-1/P.42; for W5 and Wy they apply to the condition where the
reference sound pressure is setup at the 140 mm point, i.e. the position used for the NOSFER sending system
calibration.

N

The calculation method, as used here, also assumes that the measured frequency characteristics of §§ 1.2
and 1.4, are within the required tolerances and that no allowance will be made for Lp as defined in
Recommendation P.79.
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TABLE B-1/P.42

“W?” weights for NOSFER calibration

Frequency Send Receive Overall Frequency Send Receive Overall
(Hz) Ws Wk Wo (Hz) Ws Wk Wo
100 123.0 i 117.5 124.3 1000 76.0 70.6 82.6
125 95.8 90.0 97.9 1250 84.0 78.1 90.4
160 80.1 74.1 82.5 1600 80.7 753 87.4
200 80.0 74.7 83.3 2000 91.8 86.8 99.3
250 74.0 . 69.8 78.0 2500 88.2 83.4 95.9
315 81.0 78.0 85.8 3150 106.6 98.8 112.7
400 67.2 64.9 72.9 4000 90.1 80.9 94.2
500 76.9 75.4 84.2 5000 102.3 100.5 109.7
630 73.9 70.6 80.6 6300 98.3 109.2 110.8
800 74.2 69.7 80.7 8000 93.8 © 983 95.8

Note I — Values based on reference sound pressure at the 140 mm point.

Note 2 — “W?” weights only valid for very similar- frequency characteristics; they should not be used to calculate reference or
R2S equivalents of telephone sets..

To apply the method, the sending and receiving sensitivities of NOSFER are first measured in the manner
of Tables 1/P.42 and 2/P.42. Calculations are then made to determine SLR, RLR and OLR (the latter, solely
when required, as a check) using the equations:

20

SLR = —57.1 logg 3, 10 {gi7) {sowtn - wen) (B-1)
I1=1
20 .
RLR = —57.1 logio 3, 10 (s73) swatr - waar) (B-2)
I=1
20 |
OLR = —57.1 logye D, 10 (577) (smwath + sty = ) (B-3)

I=1

Any deviations from zero in SLR, RLR or OLR are then taken up by appropriate adjustments to the gains
of send or/and receive amplifiers to restore all loudness ratings to within 0 + 0.2 dB.

ANNEX C

(to Recommendation P.42)

Calibration of NOSFER earphones with the
IEC-318 model artificial ear

The measurement results contained in [7] which coincide, moreover, with those given in [8] demonstrate
that the sensitivity of the NOSFER and former ARAEN receiver type 4026A with rubber cushion earpad may be
measured on either the IEC-318 model [9] or the formerly used ARAEN artificial ear, to yield substantially the
same result, providing the receiver is seated in each case on a flat plate flush with the rim of the artificial ear (see
Figure C-1/P.42).
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FIGURE C-1/P.42

NOSFER receiver applied to a platform mounted flush with
the top of the input cavity of the IEC-318 model artificial ear

Furthermore, it is known that the setting-up of the ARAEN receiving end was originally based on the
agreement between real ear calibrations of the receiver type 4026A with rubber cushion and the calibration
method used above with the ARAEN artificial ear. Also, that recent artificial ear measurements of the receiver
IWATSU type DR 701 with the same rubber cushion have been shown to be in sufficient agreement with those of
the type 4026A for approval to be given for its use as a replacement NOSFER receiver.

The CCITT therefore recommends that, for future objective measurements of the NOSFER receive end,
for exploring correlation between subjectively measured ratings and calculated ratings based on objective
measurements, the IEC-318 model artificial ear be used with a flat plate as described. The receiver should be
seated on the artificial ear with a mass of 600 grams (excluding the receiver mass). The pressure so exerted
corresponds broadly to that of the former headband used with ARAEN or that of a hand-held receiver for careful
listening as with NOSFER. :

Note — The Recommendation contained in this annex is made solely in connection with the calibration
of NOSFER type receivers with rubber earpad. It is assumed that receivers of conventionally shaped telephone
handsets will be seated directly on the artificial ear as prescribed in [9] and Recommendation P.51.

ANNEX D

(to Recommendation P.42)

NOSFER Receiver — type 4026A

D.1 Introduction

Although the CCITT Laboratory has in recent years been fortunate in securing a replacement receiver
(IWATSU type DR 701) for the STC type 4026A, interest has been expressed in having some detail of the
construction of the initial receiver type 4026A. This has been prompted to some extent by the exceptionally high
degree of stability over a period of more than 30 years of use with both ARAEN and NOSFER. Furthermore, a
great deal of information exists on all aspects of both objective and subjective performance (see [4], [S], [7]
and [8]). .
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D.2 Construction

A cross-sectional sketch of the receiver, approximately 1.5 times normal size, which covers the essential
features, is shown in Figure D-1/P.42.

The domed diaphragm is made of a light aluminium alloy with tangential corrugations to obtain good
amplitude linearity. The diaphragm carries an equally light speech coil which is formed of edge wound aluminium
tape, thus dispensing with the need for an armature and giving an excellent space factor in relation to the
magnetic gap.

The pole pieces are precision-made so. that in conjunction with a perforated annular ring spacer they
provide a magnetic gap which cannot become eccentric. The ring perforations, which couple the rear of the
diaphragm to a major cavity within and around the largely cylindrical ring magnet, are covered with silk to
provide a specific acoustical resistance between these coupled regions. It is these features, together with acoustical
equalization provided by lamb’s-wool partially filling the rear magnet cavity, which enable a wide and level
frequency response to be obtained.

To safeguard the receiver against acoustic surges and changes of barometric pressure, two “acoustic leak”
drillings are provided in the diaphragm cover, thus coupling the front and rear diaphragm cavities. These drillings
are partially filled with lamb’s-wool and are again used to exercise some control over the frequency response.

The protective diaphragm cover, with its array of holes providing the acoustic radiation, is covered with a
cloth mesh to prevent ingress of dust. It is securely clamped by the screw thread of the earpiece against a circular
washer in order to prevent unwanted sound transmission to the rear cavity.

The rubber earpad, which is fixed to the hard surfaced earpiece, ensures a reasonably repeatable seal to
the human ear and gives some attenuation to unwanted signals at frequencies at least above 300 Hz. More
particularly, it ensures reasonable agreement between real ear and artificial ear calibrations which is required from
loudness tests and calculations.

Sensitivity/frequency characteristics and other performance details can be obtained from [3], [4] and [5],
and other information from [10}. (In this respect, the section on moving coil microphones should be studied, as
the construction of the NOSFER microphone type 4021E included is almost identical to that of the receiver
type 4026A apart from diaphragm thickness which is increased for the receiver.)

Diaphragm
carrying moving coil Protective grid

'\ Rubber earpad

addition
Acoustic leak —-
Front pole piece Acoustic
resistance
Anular magnet Annular
Centre pole piece ring spacer
CCITT - 82500 Base plate
magnetic
keeper

Note — The outer walls BB of the annular air space AA are cut away to some extent along the diameter at 90° with respect to that shown
in the figure, to allow acoustic coupling of the main annular cavity with the air space surrounding the magnet. It also allows space for screws
to fasten the front circular pole piece to the base plate in a similar manner to the fastening of the central pole. o

FIGURE D-1/P.42
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Recommendation P.431

INSTRUCTIONS FOR FORWARDING TO THE CCITT LABORATORY
PRIMARY AND WORKING STANDARD SYSTEMS FOR CALIBRATION,
AND COMMERCIAL TELEPHONE SYSTEMS FOR DETERMINING
EQUIVALENT VALUES (AND OTHER PARAMETERS, IF REQUESTED)

(Malaga-Torremolinos, 1984)

Administrations, organizations and operating agencies are requested to follow the instructions given below
when they forward to the CCITT Laboratory their standard systems for calibration, or commercial telephone
systems for subjective or objective determination of their ratings in one of the following units: reference
equivalents, relative equivalents (see Recommendation P.72) or loudness ratings (see Recommendation P.76).

Other objective parameters, e.g. sensitivity/frequency measurements of the systems or their particular parts
can be measured on request as well by the CCITT Laboratory. From such measurements, loudness ratings can be
derived by calculation in accordance with Recommendation P.79.

1 Standard reference systems for calibration

If an Administration, organization or operating agency wishes to have its standard system calibrated or
recalibrated, assuming that the system concerned can be transported without risk of damage, it should be supplied
to the CCITT Laboratory with the necessary documentation and, if necessary, instructions for checking the
various parts of the system (e.g. amplifiers, attenuators, microphone, receiver etc.).

If the volume meter associated with the system does not possess the basic characteristics of the speech
voltmeter of NOSFER (the same as of ARAEN [1]), the volume meter must be sent to the CCITT Laboratory at
the same time as the system itself.

The method of reading the volume meter should be indicated. During the measurements, the CCITT
Laboratory will thus be able to calibrate the volume meter using subjective and objective methods to determine the
adjustment corresponding to the “standard” speech power for telephonometric measurements.

D This Recommendation replaces former Recommendations P.43 and P.47.

Volume V — Rec. P.43 73



The standard system can be calibrated for evaluation of one of the following units: reference equivalents,
R25 equivalents (values theoretically equal to corrected reference equivalents) or loudness ratings. In the last case,
the national Intermediate Reference System (see Recommendation P.48) has to be calibrated as well. The
calibration of any standard system sent to the CCITT Laboratory is obtained through subjective tests and
objective measurements. ' '

2 Commercial telephone systems

Determinations of ratings of any commercial telephone system are not calibration measurements; their aim
is to determine these values by direct comparison with the master standard reference system, which by definition
has the rating equal to zero. As for national standard system calibration, commercial telephone systems can be
evaluated in three different units, namely: reference equivalents, R25 equivalents and loudness ratings.

Reference equivalents are normally determined subjectively for sending, receiving and side-tone paths,
whereas R25 equivalents only for sending and receiving paths of the telephone set under test, by comparison with
corresponding paths of NOSFER.

Loudness ratings of a telephone system are evaluated subjectively using as a reference system NOSFER
and Intermediate Reference System (IRS).

Loudness ratings can be evaluated for send and receive paths, as well as for the junction and overall
system. The side-tone path evaluation will be possible in the near future as well. '

Loudness ratings of different paths of a telephone system can also be evaluated in the CCITT Laboratory
through objective measurement, including side-tone path (STMR).

To evaluate any of the ratings, as above, of a commercial telephone system, in addition to telephone sets
to be tested, some accessories should also be dispatched to the CCITT Laboratory, as described below.

2.1 Items to be dispatched to the CCITT Laboratory

2.1.1  Telephone sets

Preferably three samples of one type of a telephone system should be sent if a reasonably reliable
evaluation of the telephone system is to be made. Less than three samples could be evaluated, but if more than
three samples of the same type were required to be tested, it should be agreed in advance.

2.1.2  Feeding bridge

At least one d.c., feeding bridge, suitably constructed for laboratory use, should be sent. A circuit diagram
giving the value of the d.c. voltage and its polarity and the values of the resistive and capacitive components
should be shown on the bridge. .

A list of d.c. feeding bridges which are already available in the CCITT Laboratory is given in Annex A. If
possible, the party may indicate its choice and avoid sending its own bridge. Attention is drawn to the fact that
this list does not contain inductance (L) information of the bridges.

2.1.3  Artificial subscriber lines

Artificial subscriber lines, if requbired to be used, should be sent. They should be constructed in such a way
that they can readily be used during the laboratory tests. The CCITT Laboratory has no artificial line at its
disposal.

2.1.4  Reference equivalent guard-ring

If the reference equivalent or R25 equivalent values are to be evaluated, the reference equivalent
guard-ring (see Recommendation P.72, § 4), appropriate to the handsets of the tested sets should be dispatched as
well. It is advisable that a special gauge (as shown in Annex B) be constructed and used to verify the correctness
of a reference equivalent guard-ring for a particular type of handset.
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2.1.5 Ear-cap centering ring

If the loudness ratings have to be evaluated subjectively, or any objective measuring with a telephone set
has to be carried out, then the earcap centering ring compatible with the shape and dimensions of the earcap piece
of the handset of the telephone set should accompany the telephone sets. The centering ring can be manufactured
using a bakelite, perspex, or any other rigid material. It is essential that its external shape be circular with a
diameter of 85 mm and the internal diameter be compatible with the shape of the earcap of the handset in such a
manner that the geometrical center of the opening is the same as the ear reference point (ERP) of given receiver
(see Annex C).

2.1.6  Spare handset

An extra handset (of the same type but without capsules and not connected to any set but fitted with
appropriate cord and the capsule holders) is to be sent as well, if the side-tone path equivalent value has to be
evaluated.

2.1.7  Spare parts

It is advisable that some spare parts, e.g. two of each type of transmitter and receiver capsules, be sent
along with the telephone sets. If during the test any of the capsules fitted in the handset were found to be faulty
or damaged (during transport), the faulty capsule could then easily be replaced.

2.1.8  Circuit diagram

A circuit diagram of the telephone system under test should accompany the equipment. It is imperative
that the subscriber line terminals be clearly marked on the diagram.

2.1.9  Line current (d.c.)

All d.c. currents relating to different artificial subscriber line conditions to be employed during the
measurements should be indicated either in the correspondence or within the dispatch. This will enable the CCITT
Laboratory to check whether the circuit is correct before starting to carry out tests or measurements.

2.2 Subjective test team

Normally six operators, divided into two sub-groups of three each, carry out the tests giving rise to twelve
talker-listener pair ratings for one test condition. This method of evaluation is known as the 3/6 method. In the
absence of one operator of the team, five operators carry out the tests, each one talking to the other four, giving
rise to twenty talker-listener pair ratings. This.method of evaluation is known as the 5/5 method. The mean of
twelve or twenty particular ratings respectively, give the mean value of reference equivalent, R25 equivalent or
loudness rating. Both the 3/6 and 5/5 methods are taken as comparable (i.e., the standard deviation in both cases
is similar). For details, see Recommendations P.72 and P.76.

3 Technical report

At the end of the tests and/or the objective measurements, a confidential technical report is written giving
all the details of the tests, e.g. the method used, results obtained and any other special points. Seven copies of this
technical report are normally sent to the customer concerned or on his written request to any other address.
4 Returning measured items and accessories

Once the tests are carried out, the standard system or the telephone sets along with all other accessories
(including spare parts if any) are returned to the customer as soon as possible. Transport is to be paid by the
customer.
5 Charges for subjective tests and objective measurements

All subjective tests and objective measurements carried out on the request of Administrations, organiza-
tions or acting agencies are charged for fees which take into account the cost per hour of work of the CCITT

Laboratory team. The units of charges are fixed by the Administrative Council of ITU in Swiss francs and may be
revised from time to time.
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The total cost depends on hours of work, or in case of subjective tests, on the quantity of the test
conditions. Additional fees can be added to the total cost, such as the fees of the transport agency, some repairs or
corrections needed so that the work with given systems can be correctly carried out, or the cost of the editing of
the technical report with results. There is also a distinction between the charges applied for “Members” and
“Non-members” of the ITU. - .

Members in this respect are defined as the PTT or Telecommunications Administration of the Member
countries of ITU or any manufacturing concern or scientific or engineering organizations which subscribe
annually to participate in the meetings of CCITT or those of any other permanent organ of ITU.

As the charges can vary according to the decision of the Administrative Council of ITU, they are
presented in a separate document issued by CCITT each time the new tariff is applied.

6 General comment

The object of the general instructions given above is to guide the customer interested in the subject. When
the customer concerned wishes to have the work carried out in the CCITT Laboratory, he should get in touch
with the CCITT Laboratory before sending his devices and accessories, so that the technical and experimental
conditions of the work as well as the date for it may be fixed in advance.

ANNEX A

(to Recommendation P.43)

D.c. feed bridges available in the CCITT Laboratory

TABLE A-1/P.43

b]i)i.gg.ef:g. R @) . C WP Nomin(a\l/)voltage Provelli)?indcgeeof the
1 2 x 150 2 x 20 ' 60 France
2 2 x 200 2 x 2.0 48 Japan
3 . 2 x 200 2 x 22 43 ATT (USA)
4 2 x 200 2 x 2.0 50 BT (UK)
5 2 x 220 2 x 20 g 48 ITT (UK)
6 2 x 250 2 x 22 48 Chile
7 2 x 250 2'x 110.0 48 Norway
8 2 x 360 2 x 2.0 48 Switzerland
9 2 x 400 2 x 22 48 ITT (UK)
10 2 x 490 2 x 20 36 Sweden
11 2 x 500 2 x 38 60 Poland
12 2 x 500 2 x 40 60 Italy

Note I — R values measured using a d.c. ohmeter.

Note 2 — C values measured directly, using the impedance analyzer type HP 4192A, with f = 1 kHz, voltage
output = 0.1 V, set to the serial mode.

76 Volume V — Rec. P.43



ANNEX B

(to Recommendation P.43)

Gauge for circular earcaps (as used in the CCITT Laboratory) for verifying the position of reference equivalent rings

Circular part
representing
reference equivalent
guard-ring position

083emf [V T

0,20 cm =~ e

7 :
CCITT - 65760

Centering ring, suitable for the particular receiver

1,65 cm

Scale = 1/1 (Material brass)

FIGURE B-1/P.43
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ANNEX C

(to Recommendation P.43)

Earcap centering ring

Two examples of earcap centering rings to be fitted to the artificial ear support of the artificial head (jig),
centering the receiver of a handset of measured telephone set are given in Figure C-1/P.43.

/  Dimensions of a
Dimensions of a ) LW trapezoidal shape
circular earcap

\
\
of an earcap ' (b
[
/
/

70 mm

85,0 - 852 mm 85,0 -85,2 mm

CCITT-65770

Note — Material: bakelite, perspex or any other similar material.

FIGURE C-1/P.43

Reference

11 ARAEN volume meter or speech voltmeter, White Book, Vol. V, Supplement No. 10, ITU, Geneva, 1969.
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Recommendation P.48

/

SPECIFICATION FOR AN INTERMEDIATE REFERENCE SYSTEM

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

Summary

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) 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;

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

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

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

e) the syétem 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 v

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.

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, tolerances, 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 sending and receiving parts to be interchanged
with their commercial counterparts.

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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Microphone | | Earphone
of handset | ] |or handset
. Smy X Se o
! Sending part Junction Receiving part o
{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 2/P.48. 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.

Earcap

Scale: Not to scale

CCITT- 44451

Note 1 — The guard-ring is shown in the ‘loudness rating guard-ring’ position.
Note 2 — The boundary of the ellipse shown encloses 80 % of observations on a sample of heads.
Note 3 — The centre C of the ellipse is located as shown above.

Note 4 — The minor axis of the ellipse is 28 mm and is colinear with the line joining the centre C of the ellipse with the ear reference
point E.

Note 5 — The major axis of the eltipse is 33 mm.

Note 6 — The contour of the mouthpiece shall'preferably just touch the ellipse. [n any case, it should not overlap, or be separated from
the ellipse by more than 5 mm.

FIGURE 2/pP.48

Location of ellipse defining certain preferred dimensions for the IRS handset
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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 1IEC 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.

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 1dB + 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 requ1re changes to some extent as a result of the
study of Question 19/XII [2].

5.1 Sending part

The sending sensitivity, Sy 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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6 Stability

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

7 Tolerances on sensitivities of sending and receiving parts

This section specifies tolerances on:
a) the shape of the sensitivity/frequency characteristics of the send and receive parts of the IRS, and
b) the loudness weighted mean sensitivities.

7.1 Shapes of sensitivity/frequency characteristics

The shape of the sensitivity/frequency characteristics of the sending and receiving parts of the IRS shall be
such that the limits specified in Table 2/P.48 are satisfied. In checking the shape, the mean values of sensitivity
may be adjusted to best advantage.

TABLE 1/P.48

Nominal sending sensitivities and receiving sensitivities of the IRS
(These values were adopted provisionally)

Frequency
(Hz) Smy Sre
dB V/Pa dB Pa/V

) ) 3)
100 —-45.8 -21.5
125 —36.1 - 18.8
160 —-25.6 -10.8
200 -19.2 -2.7
250 -14.3 2.7
300 -11.3 6.4
315 -10.8 7.2
400 -8.4 9.9
500 -6.9 11.3
600 -6.3 11.8
630 -6.1 11.9
800 -4.9 12.3
1000 -3.7 12.6
1250 -2.3 12.5
1600 -0.6 13.0
2000 0.3 13.1
2500 1.8 13.1
-3000 1.5 12.5
3150 1.8 12.6
3500 -1.3 3.9
4000 -37.2 -31.6
5000 -52.2 =549
6300 -73.6 -67.5
8000 -90.0 -90.0

7.2 Tolerances on mean values of sensitivity

The gain setting in the send and receive parts of the IRS shall be such that the loudness weighted mean
sensitivities shall be within + 0.2 dB of the loudness weighted mean of the sensitivities given in Table 1/P.48. The
loudness weighted means should be determined in accordance with the principles laid down in Recommenda-
tion P.79.
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TABLE 2/P.48

Tolerances on shapes of sending
and receiving sensitivities

Relative sensitivity (dB)
Frequency
(Hz)

Sending part Receiving part
180- 225 +2.0 -13.0, +2.0
225- 280 +2.0 -7.5, +2.0
280-2800 . +2.0 +2.0
2800-3550 +2.5 +3.0
3550-4500 +6.7 +8.2

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.

References

[11 Precautions to be taken for correct installation and maintenance of an IRS, Orange Book, Vol. V,
Supplement No. 1, ITU, Geneva, 1977.

[2] CCITT — Question 19/XII, Contribution COM XII-No. 1, Study Period 1985-1988, ITU, Geneva, 1985.

3] Precautions to be taken for correct installation and maintenance of an IRS, Orange Book, Vol. V,
Supplement No. 1, § 9.2, ITU, Geneva, 1977. .

[41  Ibid., § 5.
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SECTION 4

OBJECTIVE MEASURING APPARATUS

Recommendation P.51

ARTIFICIAL VOICES, ARTIFICIAL MOUTHS, ARTIFICIAL EARS

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

The CCITT,

considering

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

(b) that the standardization of the artificial voices, mouths and ears used in the construction of such
apparatus is a subject for general study by the CCITT;

(c) that the standardization of an accurate artificial mouth can only be obtained after conclusion of the
studies undertaken by various Administrations, comparison of their results and study of the models to check their
characteristics;

(d) that in the meantime it would be useful to issue a provisional Recommendation regarding a “sound
source” designed in accordance with the sensitivity-frequency characteristics,

recommends

the use of the artificial ears described in § 1 of this Recommendation, and

recommends provisionally

a) the use of the sound source described in § 2;
b) the use of the artificial voice described in § 3.

Note I — The above is still on the understanding that it is considered essential that all reference
equivalent measurements at the CCITT Laboratory should continue to be made with the human mouth and ear.

Note 2 — Administrations may, if they wish, use in the future, 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.

Note 3 — The Plenary Assembly at Copenhagen in 1936 considered that it would be of interest to deal
separately with the design, on the one hand, of an artificial speech source and, on the other hand, of apparatus
for producing a defined acoustic field according to certain specified conditions which will reproduce artificially a
human mouth. The term “artificial voice” may be used for the former and “artificial mouth” for the latter.
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1 Artificial ears recommended by the CCITT

Five types of artificial ears were defined by the International Electrotechnical Commlssmn (IEC,
TC29 Meeting at Li¢ge 1960):

1) simple conventional type,

2) simple type used for reference equivalent measurements,

3) wideband type for audiometric measurements,

4) special type for calibrating insert earphones,

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

Artificial ear type 1 (or reference coupler) is the subject of the publication cited in [1]; this coupler is
different from the “CCITT reference coupler”.

Type 3 is covered by IEC Recommendation 318 [2] and tYpe 4 by IEC Recommendation 711 [3].

The study of type 2 artificial ear and the study of acoustic leaks have been deleted from the programme of
work of the IEC and are carried on by the CCITT. ‘ :

(Artificial ear of type 5 is the object of further study in the IEC.)

The CCITT recommends

(a) the use of an artificial ear conforming to IEC 318 [2] for measurements on supra-aural earphones,
e.g. handsets;

(b) the use of an insert ear simulator conforming to IEC 711 [3] for measurements on insert earphones,
e.g. some headsets.

Note — 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. 4

2 Sound source provisionally recommended by the CCITT

2.1 Introduction

Before recommending a particular type of artificial mouth as suitable for objective telephonometric
measurements, it is proposed that, as a first stage, experience should be gained in the use of one form of sound
source to determine the shape of the sen51t1v1ty/frequency characteristic of a commercial sending system to be
obtained whatever type of microphone inset is used, this sound source can only be used for handsets. ‘

Such a sound source is required to permit useful comparisons to be made between the results obtained in
various laboratories. This advantage already exists for comparison of the sensitivity/frequency curves of earphones
since the adoption by the CCITT at Mar del Plata of the IEC-318 model artificial ear.

It would be desirable to supplement existing documentation on the human mouth.

Note — 1t is not proposed that the choice of sound source should prejudice the definition of a more
precise artificial mouth that can be used universally for measuring objective ratings.

2.2° . Acoustic characteristics of the sound source

2.2.1  The sound source must permit calibration of microphone at short distances.

2.2.2 At the measuring distances normally used, the acoustic properties should be close to those of the average
human mouth; in particular, the law of decrease in sound pressure on the axis should be close to that of the
average human mouth from a distance of about 10 mm onwards from a plane called the lip plane of the source.

Table 1/P.51 shows the sound pressures measured by some Administrations at points along the axis and
expressed in relation to the sound pressure at 25 mm from the lip plane. The sound pressures should be measured
with a very small (say about 6 mm diameter) microphone or a probe microphone.

2.2.3 The directivity, in a region of space around the axis, should be close to that of the average human mouth.
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TABLE 1/P.51

Relative sound pressure level
Distance from lip plane (dB relative to the sound pressure 25 mm from the lip plane)
(mm)
UK. Post Office Chile Telephone Co. L. M. Ericsson

10 +4.8 +5.5 +4.6

20 +1.5 ' , +1.5 +1.3

25 0 0 0

40 -3.3 -33 -34

60 —-6.5 (See Note)

Note — Beyond 40 mm, the sound pressure can be assumed to be inversely proportional to the distance from an equivalent point source
lying 6 mm behind the lip plane.

2.2.4 For the measurements obtained with different specimens of the source to be comparable, it is necessary to
define a reference point on the main axis at which the characteristics of the source will be checked and which will
serve as reference in inter-laboratory tests. It is suggested that a point on the axis 25 mm from the lip plane would
be suitable.

2.2.5 As a preliminary indication, the sound source should be able to deliver to the above reference point
acoustic pressure levels of not less than 90 dB [relative to 2 - 105 Pa (Pascal)] in a frequency range comprising at
least the 200-4000 Hz band. (Sound pressure levels up to 100 dB over the frequency range 100-8000 Hz would be
desirable.) :

2.2.6 The source should be stable and reproducible.

23 Choice of a model

The result of measurements made with the B & K 4219 source and the United Kingdom Post Office
artificial mouth have shown good agreement between the two models. These results are not very different from the
values measured for the human mouth as far as the distribution of acoustic pressure in a free field along the axis
is concerned. These two models also meet the other specifications of § 2.2 above.

3 Artificial voice

The signal here described reproduces the characteristics of human speech, relevant to the characterization
of linear and non-linear telecommunication systems and devices, intended for the transduction or transmission of
speech. It is known that for some purposes, such as objective loudness rating measurements, less sophisticated
signals can be used as well. Examples of such signals are pink noise or spéctrum shaped gaussian noise, which
nonetheless cannot be referred to as “artificial voices” for the purpose of this Recommendation.

3.1 Introduction

An artificial voice is a signal that can be mathematically defined and that reproduces time and spectral
characteristics of speech which significantly affect the performances of telecommunication systems {4].

The following characteristics have been considered: '

a) long-term average spectrum,

b) instantaneous amplitude distribution,

¢) voiced and unvoiced structure of speech waveform,

d) syllabic envelope.

An example of the generation process for the artificial voice is described in Supplement No. 7.
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32 Scope, purpose and definition

3.2.1 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. microphones, loudspeaking telephone sets,
non-linear coders, echo controlling devices, syllabic compandors, non-linear systems in general.

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.

3.2.2  Definition

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

33 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.51.

t

3.3.1 electrical artificial voice

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

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

Equalizer Artificial mouth

T /J T h o MRP (mouth reference point)

CCITT - 63340

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

FIGURE 1/P.51

3.3.3 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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34 Characteristics

3.4.1 Long-term average spectrum

The third octave filtered long-term average spectrum of the artificial voice is given in Figure 2/P.51 and
Table 2/P.51, normalized for a wideband sound pressure level of —4.7 dB Pa. The Table is calculated from the
theoretical equation reported in [5].

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

S(f) = — 376.44 + 465.439 (logiof) — 157.745 (logio f)* + 16.7124 (logiof)’ G-1

where S(f) is the spectrum density in dB relative to 1 pW/m? sound intensity per Hz at frequency f. The
definitive frequency range is from 100 to 8000 Hz.

The curve of the spectrum is shown in Figure 2/P.51. The values of S(f) at 1/3 octave I1SO frequencies
are given in the fourth column of Table 2/P.51. The tolerances are given in the fifth column of Table 2/P.51.

The'total sound pressure level of the spectrum defined in Equation (3-1) is —4.7 dB Pa. However, this
spectrum is also applicable for the levels from —19.7 to +10.3 dB Pa. In oher words the first term of
Equation (3-1) may be from —391.44 to —361.44.
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a) Third octave spectrum {Column (3), Table 2/P.51]
b) Spectrum density [Column (3)—(2), Table 2/P.51]

FIGURE 2/P.51

Long-term spectrum of artificial voice
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TABLE 2/P.51

Long-term spectrum of the artificial voice

1/3 octave center Bandwidth Sound pressure Spectrum density Tolerance
frequency correction factor level
10 logyo Af (third octave)

(Hz) (dB) (dB Pa) (dB) (dB)
@ 2 3) T3 -O

100 13.6 —23.1 —36.7 -
125 14.6 —19.2 —338 +3, —6
160 15.6 —16.4 -32 +3, -6
200 16.6 —144 -31 +3, -6
250 17.6 —13.4 -31 +3.0
315 18.6 —-13.0 -31.6 +3.0
400 19.6 —133 -329 +3.0
500 20.6 —14.1 —-34.7 +3.0
630 21.6 —154 -37 +3.0
800 22.6 -17.0 -39.6 +3.0
1000 23.6 —189 —42.5 +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 —545 +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 316 -30.9 —62.5 +6.0
8000 326 —30.5 —63.1 -

3.42  Instantaneous amplitude distribution

The probability denéity distribution of the instantaneous amplitude of artificial voice is shown in
Figure 3/P.51 [6].

3.43  Segmental power level distribution

. The segmental power level distribution of the artificial signal, measured on time windows of 16 ms is
shown in Figure 4/P.51. 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) [7], [8].

3.44  Spectrum of the modulation envelope

The spectrum of the modulation envelope waveforfn is shown in Figure 5/P.51 and should be reproduced
with a tolerance of + 5 dB on the whole frequency range.

3.45 Spectrum of unvoiced sounds

The power density spectrum of unvoiced sounds inserted into the artificial signal is shown in
Figure 6/P.51. -

Note — The recommended spectrum is referred to the fricative sound of substained “s” [7].

3.4.6 Time convergence

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 seconds.
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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 at present under study in Question 26/XVII. A description of
the principle of measurement is found in Supplement No. 8. Study Group XII intends to propose this supplement
as a draft Recommendation. Administrations are invited to use and study it with a view to deciding whether or
not it should become a Recommendation.

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].
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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 rea{;:.n;;oz of Intet%rr::wn Time to return
Type of instrument characteristic final reading (milliseconds) to zero N
(see Note 3) (milliseconds) (see Note 4) (value and definition)
(1) “Speech voltmeter” United Kingdom 2 230 100 equal to the integration
Post Office Type 3 (S.V.3) identical (approx.) time
to the speech power meter of the
ARAEN
(2) Vu meter (United States of 1.0to 1.4 300 165 equal to the integration
America) (see Note 1) (approx.) time
(3) Speech power meter of the 2 around 200 equal to the integration
*“SFERT volume indicator” 400 to 650 time
(4) Peak indicator for sound-programme 1 10 3 seconds for the
transmissions used by the British (see Note 5) pointer to fall to
Broadcasting Corporation (BBC Peak 26 dB
Programme Meter) (see Note 2)
(5) Maximum amplitude indicator used 1 around 5 1 or 2 seconds from
by the Federal German Republic 80 (approx.) 100% to 10% of the
(type U 21) 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
for meters with the 0 dB point which is
type B sound meter pointer indication 6010 at 30% of the length of
. and less than the operational section
150 ms for of the scale
meters 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(output) = V(input)"] applicable for each half-cycle.

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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(3]
(6]
(7]

References
ARAEN volume meter or speech voltmeter, White Book, Vol. V, Supplement No. 10, ITU, Geneva, 1969.

Volume meter standardized in the United States of America, termed VU meter, White Book, Vol. V,
Supplement No. 11, ITU, Geneva, 1969.

Modulation meter used by the British Broadcasting Corporation, White Book, Vol. V, Supplement No. 12,
ITU, Geneva, 1969.

Maximum amplitude indicators, types U 21 and U 71 used in the Federal Republic of Germany, White Book,
Vol. V, Supplement No. 13, ITU, Geneva, 1969.

SFERT volume indicator, Red Book, Vol V, Annex 18, Part 2, ITU, Geneva, 1962.
CCIF White Book, Vol. 1V, pp. 270-293, ITU, Bern, 1934,

Comparison of the readings given on conversational speech by different types of volume meter, White Book,
Vol. V, Supplement No. 14, ITU, Geneva, 1969.

Recommendation P.53

PSOPHOMETERS (APPARATUS FOR THE OBJECTIVE MEASUREMENT OF CIRCUIT NOISE)

Refer to Recommendation 0.41, CCITT Red Book, Volume 1V, 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].

(1]

(2]

References

International Electrotechnical Commission Standard Sound level meters,” IEC publication 651 (179),
Geneva, 1979.

International Electrotechnical Recommendation Octave, half-octave and third-octave band filters intended
for the analysis of sounds and vibrations, IEC publication 225, Geneva, 1966.

Volume V — Rec. P.54 95



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.

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. i

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.
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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. o

1 Primary calibration by the reciprocity method

Thé 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 micrephone 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 ). 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)

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).

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.
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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 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 R25 equivalent, corrected reference equivalent (CRE) or loudness rating (LR)

At present no objective methods for measuring R25 equivalent or CRE have been recommended.

The apparatus described in [4] is employed by the French Administration for measuring “Planning
equivalents”. The “Planning equivalents” are numerically equal to the CRE, which could be computed for the
same telephone sets, from subjective determination of their Reference equivalents. In addition this apparatus is
capable of measuring STRE. The same measurements can also be made using the apparatus of NTT (see [5]).

Examples of apparatus that objectively measure LRs conforming to Recommendation P.79 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 manual
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.

Reference

[1] CCITT - Question 7/XII, Contribution COM XII-No. 1, Study Period 1985-1988, Geneva, 1985.
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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-Torremolihos, 1984)

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 our 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 estimating loudness ratings, reference
equivalents or 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 reprodu01ble 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).

2 Sending sensitivities of 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
simuitaneously 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.

Y 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.

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 and for the artificial voice suitable for
the present purposes.

Note — However, the send loudness ratings calculated from the sending sensitivities measured when using
such a mouth do not always agree well with the loudness ratings determined subjectively using real mouths. This
can in part be attributed to the fact that items a) and b) above have yet been sufficiently well defined. The subject
is still under study in Question 12/XII.
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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 a local telephone system (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.

The sending sensitivity of a local telephone circuit is expressed as follows:

v,
Sy = 20 logjo — 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” microphone of the test item.

6.1 Measurement of complete telephone sets containing carbon

It is intended that the Recommendation should apply for measuring systems containing carbon micro-
phones as well as those having noncarbon microphones. When measuring local telephone systems (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 a local telephone system (LTS)

The receiving sensitivity of an LTS, as measured directly with an artificial ear complying with Recommen-
dation P.51, is expressed as follows:

Pe
S = 2010 dB rel 1 Pa/V
Je g10 % E,
where p, is the sound pressure in the artificial ear and % Ejis half the emf in the 600 ohm source.
Note — The receiving sensitivity suitable for use in calculation of loudness is given by:
Sje = S — Lg

where Lg is a correction explained above in § 3 and S is the receiving sensitivity determined using a large
number of real ears.

Further information on this topic is given in Recommendation P.79.
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8 Methods of sidetone sensitivity of a local telephone system (LTS)

The 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 is expressed as:

Smest = 20 log;o £¢ dB

Pm

where p, is the sound pressure developed in the artificial ear for a free-field sound pressure, p, is the sound
pressure at the MRP of an artificial mouth.

Note 1 — For calculation of STMR in the unsealed condition the correction factor, Lg must be taken into
account (see Recommendation P.79).

Note 2 — The sidetone sensitivity determined with an artificial mouth and an artificial ear will be subject
to the same considerations as described in §§ 2 and 3.

9 Methods for determining S5, Sje and Sp,est

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 and 4/P.64. These methods have been used by CCITT Laboratory and elsewhere
successfully.

More detail may be found in Chapter 3 of the manual 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.

Oscillator Frequency meter
or signal PO .
source \Hzp 4128 mm Pm = —4.7dB rel. 1 Pa
L4

v, !
~. = 1 m ‘Qard half-inch

Equalized

cauay pressure microphone Vol tage
source measuring
: device
D {e.g. voltmeter,
signal
Measuring CCITY-44533 analyzer)
amplifier

FIGURE 1/P.64

Measurement of acoustic pressure p,, at the mouth 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 telephone circuit when the microphone
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 test microphone (Figure 1/P.64).
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Sending part of a
commercial telephone
_ System (of IRS)

Frequency
Oscillator meter
or signal "_" Ss
Rz
o= R v, Voltage
§ measuring
device
~ ‘ D (e.g. voltmeter,
Equalized/' f signal
sound 6002 analyzer)
source Arrangement for holding Measuring CCITT-44543
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 commercial sending system

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 Sj, 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.

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.

Receiving part of a
commercial telephone
(or IRS) system

Frequency [ »l .
Oscillator Meter
or signal {H ~\ Artificial ear . .
source . Zy . Voltage
- measuring

LI s

device
' D : {e.g. voltmeter,
2 ' ’ signal
600Q - analyzer)
E;=—12dB ' e ‘Measuring CCITT-44 562

== P
rel.1V ‘/zEJ =—-18dB amplifier
{constant with - rel.1V : Standard
frequency) - in 600 ohms microphone

FIGURE 3/P.64

Calibration of a commercial telephone receiving system
or the receiving part of the intermediate reference system

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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Note — The method of Figures 1/P.64 and 4/P.64 may be used to determine room noise sidetone
sensitivity if the artificial mouth is replaced by a distant sound source, or by multiple sound sources to give a
random sound field at the MRP. For this measurement, sinewave signals are unsuitable and it is necessary to
make use of a continuous spectrum sound having, for example, a Hoth or pink noise spectrum (see Annex B,

§ B.3).

Artificial ear

Frequency
Oscillator meter
. g -~
or signal "Hz“
source LSt
Equalized
sound /
source

Arrangement for-
holding the handset in
position (see

Voltage
measuring
device
D {e.g. voltmeter,
signal
analyzer)
Measuring COMT 44544
amplifier
Exchange
termination
eg.

Local telephone
system including
subscriber’s line
and feeding bridge

600

Recommendation P.76,‘ﬁ
Annex A)

FIGURE 4/P.64

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

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.

Mouth reference
point (MRP)
(see Note 1)

/
4

4

point (ERP)
(see Note 2)

CCITT-44560

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 complete telephone sets containing
carbon microphones

For the measurement of complete telephone sets 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.

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 reference equivalents in accordance with Recommendation P.72 and
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.

Carbon microphones must be given appropriate conditioning treatment at suitable intervals during the
measurements (see Recommendation P.75).

B.2 Sweeping frequency method

Currently available types of objective instrumentation for measuring loudness 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.

B.3 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 dB Pa with a tolerance
of + 1.0 dB.

Note — This may not be practical with the current artificial mouth, and a narrower bandwidth of 200 to
8000 Hz may have to be used.

The sensitivity/frequency characteristic is obtained by finding the ratio of the power spectrum density of
the signal delivered by the carbon microphone to the power spectrum density of the signal obtained using a small
linear microphone placed at the MRP under free-field conditions (after removing the carbon microphone).

B.4 Shaped gaussian noise method

The method uses shaped gaussian noise at the MRP, whose loﬁg-term average spectrum density is the same
as shown in Table 2/P.51. The total level of the signal should be —4.7 dB Pa + 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
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telephone conversations, but it is then difficult to have reliable knowledge of the sensitivity/frequency characte-
ristic 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 as defined in Recommendation P.51. The output from the carbon microphone .
is then processed by a digital computer using the Fourier transform. This method, like the previous method,
requires calibration by a linear microphone of known sensitivity/frequency characteristic. This method has the
.advantage that the frequency characteristic may be obtained with a very short duration (e.g. 50 ms) sample of test
signal.

1

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.51, § 3.3.3.

Note to Annex B — The efficiency of the artificial mouth used is not generally constant with frequency, so
it is necessary, for most of the methods described above, 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.

References ,
[1] CCITT — Question 8/X1I, Contribution COM XII-No. 1, Study Period 1985-1988, Geneva, 1985.
[2] CCITT manual Telephonometry (to be published in 1985).

Recommendation P.65

OBJECTIVE INSTRUMENTATION FOR THE DETERMINATION
OF LOUDNESS RATINGS

(Malaga-Torremolinos, 1984)

~

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.

The relevant Recommendations are:
P.48  Specification for an intermediate reference system
P.51  Artificial voices, artificial mouths, artificial-ears

P.64 Determination of sensitivity/frequency characteristics of local telephone systems to permit calcula-
tion of their loundness ratings
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P.75  Standard conditioning method for handsets with carbon microphones
P.76  Determination of loudness ratings; fundamental principles

P.79  Calculation of loudness ratings V.

2 Instrumentation

Below are described the four electro-acoustic sections that are required to be included in equipment
intended for use in determining loudness ratings. 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. r

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, ¢) 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.

2.2 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 (for
example 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.

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.

Y Other algorithms are being studied by Study Group X1I, under Question 15/XII.

2 The artificial voice in this context does not refer to that recommended in Recommendation P.51.
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2.4 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.

25 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 of 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 Lg 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.

a) Artificial ear

Measuring
amplifier
b) Artificial voice Pe D Filter(s)
4 N
’ Standard 1 ]
microphone —o——-{ > I

Equalizer  Amplifier 33 mm A

L
I.- --J
‘ MRP I 1 l
Signal /‘ J’ D _Dh | (-4.7 dBPa)
source Pm |Measurement N
t

Lip plane and/or dB
Artificial mouth analysis
5 L Measuring T
¢) Electrical termination amplifier ! Calculation
and displa
600 Q play
L] > o
d) Electrical signal source Recording/Storage
e) Recording and measurement
600 Q system
T CCIT - 65951
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3) The artificial real mouth corrections L yr has been assumed to be zero but is currently under study in Question 8/XIL

FIGURE 1/P.65

Essential features of instrumentation
for the determination-of loudness ratings
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3 Measurements

Facilities should be provided to enable the various sections of the instrumentation to be connected to allow
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) meas-
ured 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:

Sm_] = 20 logm L, dB

m

3.2 Receive loudness rating (RLR)

Source: d) of Figure 1/P.65
Load: a) of Figure 1/P.65
Receive SFC given by:

Sye = 20 logo l/”fE dB

2 By

33 Sidetone masking rating (STMR)

Source: b) of Figure 1/P.65
Load: a) of Figure 1/P.65
Sidetone SFC is given by:

Smest = 20 logso Pe dB

Pm

Note — The quantity L,.s7used in the calculation of STMR is given by:

LmeST = —'SmeST dB

3.4 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:

Spe = 20 logyo 72 dB

m

35 JLR Junction loudness rating

Source: d) of Figure 1/P.65
Load: ¢) of Figure 1/P.65

Junction loss/frequency characteristics given by:

1 E,

J

XJJ = 20 lOglO dB

Note — Impedance terminations of 600 ohms are assumed.
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SECTION 6

SUBJECTIVE VOICE-EAR MEASUREMENTS

Recommendation P.70

MODULATED NOISE REFERENCE UNIT (MNRU)

(Malaga-Torremolinos, 1984)

The CCITT,

considering

(a) that the use of digital processes (8-bit A-law or p-law, A/D/A encoder decoder pairs, A/p-law or
w/A-law converters, digital pads based on 8-bit PCM words) in the international telephone network has grown
rapidly over the past several years, and this growth is expected to continue;

(b) that there is a need for standard tools to measure the quantization distortion performance of digital
processes (for example, 32 kbit/s ADPCM) so that the tools can be used for estimating the subjective transmission
performance of international connections containing digital processes;

(c) that at the present time subjective tests incorporating reference system conditions represent the only
suitable method for measuring the speech transmission performance of digital processes;

(d) that expressing results in terms of a common reference system may facilitate comparison of subjective
test results obtained at different laboratories,

recommends provisionally

The use of Modulated Noise Reference Unit (MNRU) of this Recommendation as the reference system in
terms of which subjective performance of digital processes should be expressed.

Note 1 — The MNRU can be realized using laboratory equipment or by computer simulation. Further
information on the MNRU is given in the references listed at the end of this Recommendation.

Note 2 — The listening-only method presently proposed for using the MNRU in subjective tests is
described in Supplement No. 14 at the end of this volume. See Recommendation P.74, § 3, for precautions
concerning the use of listening-only tests.

Note 3 — Objective measurement methods which suitably reflect subjective quantization distortion perfor-
mance of various types of digital processes do not exist at present. (For example, the objective technique of
Recommendation G.712, based on sine-wave and band-limited noise measurements, are designed for PCM and do
not measure appropriately the distortion introduced by other systems such as ADPCM.) The work on artificial
speech signal under Question 12/XII may be relevant. Even if an objective method is developed, subjective tests
will be required to establish correlation of subjective results/objective results for particular digital process types.
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1 Introduction

The MNRU was originally devised to produce distortion subjectively similar to that produced by
logarithmically companded PCM systems [1]. This approach was based on the views:

1) that network planning would require extensive subjective tests to enable evaluation of PCM system
performance over a range of compandor characteristics, at various signal levels and in combination
with various other transmission impairments (e.g., loss, idle circuit noise, etc.) at various levels, and

2) that it would be as reliable and easier to define a reference distortion system, itself providing
distortion perceptually similar to that of PCM systems, in terms of which the performance of PCM
systems could be expressed. This requires extensive subjective evaluation of the reference system when
inserted in one or more simulated telephone connections, but leads to the possibility of simplified
subjective evaluation of new digital processing techniques.

The MNRU concept has been used extensively by various organizations (Administrations, recognized
private operating agencies and scientific/industrial organizations) in evaluating the subjective performance of
digital processes. However, the actual devices used, while based on common principles, may have differed in
detail and, thus, subjective test results obtained may also have differed. (Differences in subjective testing
methodology are also relevant.) The purpose of this Recommendation is to define the MNRU as completely and
in as much detail as possible in order to minimize the effects of the device and objective calibration procedures on
subjective test results.

2 General description

A simplified arrangement of the MNRU is shown in Figure 1/P.70. Speech signals entering on the left are
split between 2 paths, a signal path and a noise path. The signal provides an undistorted (except for bandpass
filtering) speech signal at the output. In the noise path, the speech signal instantaneously controls a multiplier with
an applied gaussian noise “carrier” which has a uniform spectrum between 0 Hz and a frequency at least twice the
cutoff frequency of the lowpass portion of the bandpass filter. The output of the multiplier, consisting of the noise
modulated by the speech signal, is then added to the speech signal to produce the distorted signal.

The attenuators and switches in the signal and noise paths allow independent adjustment of the speech and
noise signal levels at the output. Typically, the system is so calibrated that the setting of the attenuator (in dB) in
the noise path represents the ratio of speech power (in milliwatts, while active) and noise power (in milliwatts).
For this Recommendation, the decibel representation of the ratio is called Q.

Attenuator/
amplifier
T 12
IT 17 _18 ~ |OT
Input  O0——f a2 > Output
Filter
100-3400 Hz
T Ts_T6 CiTT-st560
Attenuator
or amplifier ‘/Terminal connector

% Access terminals

0-20 kHz
noise
source

FIGURE 1/P.70

Basic arrangement of MNRU
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3 Performance specifications

3.1 General

The specifications in this section apply both to hardware implementations and software simulations.

For practical implementations, the actual signal levels and noise levels may be increased or decreased to
meet special needs. In such cases, the level requirements detailed below will have to be modified accordingly.

3.2 Signal path

The requirements under this heading refer to the MNRU with the noise path replaced by a resistive
termination at terminal T6 in Figure 1/P.70.

The frequency range of the signal path and of the noise path is determined by the bandpass filter in their
common output circuit. The frequency response of the signal path (i.e., between terminals IT and OT in
Figure 1/P.70) should be within the limits of Figure 2/P.70.

The loss between terminals IT and OT for a 0 dBm, 1 kHz input sinewave should be 0 dB. Over the input
level range + 10 dBm to —50 dBm, the loss should be 0 dB + 0.1 dB.

Any harmonic component should be at least 50 dB below the fundamental at the system output
(terminal OT in Figure 1/P.70) for any fundamental frequency between 125 Hz and 3000 Hz.

The idle noise generated in the signal path should be less than —60 dBm measured at the system output.
For this measurement, the signal source should be replaced by an equivalent resistive termination.

It is recommended that the level of speech signals applied to the terminals IT should be less than
—10 dBm (mean power while active) to avoid amplifier peak clippings of the signal and be greater than
—30 dBm to ensure sufficient speech signal-to-noise ratio.
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FIGURE 2/P.70

Requirements for output filter of the MNRU
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33 Noise path

The requirements under this heading refer to the MNRU with the signal path replaced by an equivalent
resistive termination at terminal T2 in Figure 1/P.70.

3.3.1  Linearity as a function of input level

With a Q-setting equal to 0 dB, the noise level at the system output (terminal OT of Figure 1/P.70) should
be numerically equal to the sinewave level at the input (terminal IT). A correspondence within + 0.5 dB should be
obtained for input levels from +5 dBm to —45 dBm and input frequencies from 125 Hz to 3000 Hz.

3.3.2  Noise spectrum

For a Q-setting of 0 dB, input sinewaves applied to terminals IT in Flgure 1/P.70 with levels from +5 to
—45 dBm and frequencies from 125 Hz to 3000 Hz should result in a flat noise spectrum density at the output of
the multiplication device (terminal T3 of Figure 1/P.70) within = 1 dB over the frequency range 75 Hz
to 5000 Hz. The spectrum density should be measured with a bandwidth resolution of maximum 50 Hz.

3.3.3  Amplitude distribution

The amplitude distribution of the noise at the system output should be approximately gaussian.

Note — A noise source consisting of a gaussian noise generator followed by a peak clipper with a flat
spectrum from near zero to 20 kHz will produce a satisfactory output noise at terminal OT.

3.3.4 Noise attenuators

The loss of the noise attenuator(s) i.e., between terminals T4 and T5 in Figure 1/P.70, should be within
+ 0.1 dB of the nominal setting. The attenuators should at least allow Q settings in the range —5 dB to 45 dB,
i.e. a 50 dB range.

References

m LAW (H. B.), SEYMOUR (R. A.): A reference distortion system using modulated noise, The Institute of
Electrical Engineers, November 1962, pp. 484-485.

[2] CCITT — Contribution COM XII-No. 63, Some considerations on specifications for modulated noise
reference unit, NTT, Japan, Study Period 1981-1984.

[3] CCITT — Contribution COM XII-No. R4, pp. 71-79, Study Period 1981-1984.

[4] CCITT — Contribution COM XII-No. 119, Description and method of use of the modulated noise
reference unit (MNRU/MALT), France, Study Period 1981-1984.

Recommendation P.71

MEASUREMENT OF SPEECH YOLUME

- (amended at Mar del Plata, 1968)

Each volume meter should be used in accordance with the relevant specifications (see Recommenda-
tion P.52). When the normal speech power for voice-ear measurements is to be used, the information provided in
Recommendations P.42, § 1.2 and P.72, § 4.2, should be borne in mind.
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Recommendation P.72

MEASUREMENT OF REFERENCE EQUIVALENTS AND RELATIVE EQUIVALENTS

(amended at Malaga-Torremolinos, 1984)

Preface

This Recommendation describes the methods used to obtain a subjective evaluation of reference equivalent
(RE) and R25 equivalent (R25E) making use of the master reference system for the determination of reference
equivalents, NOSFER. In certain cases, NOSFER may be replaced by a working standard system (e.g. SETED,
see Recommendation P.42) provided it has been calibrated directly against NOSFER: resulting quantities then
determined are known as relative equivalents.

1 Introduction and background

Recommendation P.76, § 1 describes how the speech path between two subscribers may be broken down
into send and receive ends of the telephone connection and the. junction circuit forming a transmission path
between them. Figure 1/P.72, in path 1, shows an unknown conplete connection comprising a local telephone
system (LTS) at the send and receive ends, and a chain of circuits interconnecting them.

The reference equivalent method is a means of assigning a loudness related rating to each of the three
main parts of a telephone connection. For this purpose, a reference connection has been established, NOSFER
(see Recommendation P.42), and the evaluation of a reference equivalent consists of a comparison using the
human voice and ear of the NOSFER and the connection under test. The complete connection is not usually
available for this purpose and therefore representative parts of the connection are evaluated separately under
laboratory conditions.

Thus, to determine the send reference equivalent (S‘RE), path 2 is compared with path 3 and x, and/or x;
adjusted until the two paths sound equally loud. Then '

SRE = x, — x; dB.
Similarly, receive reference equivalent (RRE) is obtained by the comparison of paths 2 and 4, and
RRE = x, — x; dB. .

A rating for representation of the chain of circuits forming the junction between JS and JR in
Figure 1/P.72 may be made by comparing first path 5 with path 2, and then path 6 with path 2. The rating for the
circuit is then given by x5 — xs.

The units of reference equivalent are analogous to loss and therefore the higher the value assigned to a test
system, the quieter it is. Negative values of RE indicate that a system is louder than NOSFER.

1.1 Reference equivalent

Reference equivalents are expressed in decibels and indicate the loss that has to be inserted into the
reference system (NOSFER) in order to obtain subjectively the same (“equivalent”) loudness as the system (or part
thereof) under test. In practice for sending and receiving, x; and x, (Figure 1/P.72) are chosen to lie between 24
and 34 dB, and x; is adjusted to obtain the appropriate loudness balance.

1.2 R25 equivalent

From § 1.1 above it can be seen that the variation of the balance attenuator x, inserted in the NOSFER
path causes the sensitivity of NOSFER to be altered while reference equivalents are being evaluated. The sound
level at which the loudness balance is carried out is therefore variable depending on the settings of attenuators x3
or x4 (shown in paths 3 and 4 of Figure 1/P.72) and on the sensitivity of the unknown system under test.

It results from this that the reference equivalent of the circuit, with a loss of x throughout the transmitted
band, is not equal to x which is a serious disadvantage for telephone network planning. To avoid this problem,
the R25 equivalent has been developed, in which the NOSFER is maintained at a constant overall loudness,
having a 25 dB attenuation inserted between send and receive ends (i.e. attenuator x,, path 2 in Figure 1/P.72).
This ensures that the loudness balance is carried out at a constant listening level whereby the test system is
adjusted by attenuators to the same loudness as NOSFER.

/
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Path 1 — Complete connection
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Path 2 — Reference system (NOSFER)
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LTS
Equivalent measured
Reference (see Note)
I' ' reception ‘——‘[j Sending equivalent
S=x9—x
] 2 3
JS X3 JR ’
Path 3 — For the determination of a sending equivalent
LTS
i< >
0—1 R:::;?:;e ' - I’ Re—ceiving equivalent
R = Xo = X4
Js Xa JR
Path 4 — For the determination of a receiving equivalent
| LTs LTs
I% %l
Circuit iv l Overall equivalent.
studied
OVE = X9 —Xg
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Path 5 — For the determination of overall equivalent
|+— P —| )
! LTS l : LTS
&
r Equivalent for
I' send + receive
OSR = X2 - XG
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i CCITT - 42001

Path 6 — Overall system, send + receive

JS :  Junction send side

JR :  Junction receive side

NS: National send side

IS : International send side

IR : International receive side
"NR: National receive side

LTS = Local telephone system studied (telephone set + line + feeding bridge).

Note — x is obtained in each case by balancing the given path with NOSFER. The equivalents measured are:
— reference equivalents, if x, is varied so as to obtain the balance,
— R25 equivalents, if x, is set to 25 dB.

FIGURE 1/P.72

Connections and systems considered for the definition of reference equivalents
and R25 equivalents
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1.3 Corrected reference equivalent

An empirirical relationship between reference equivalent and R25 equivalent has been established based on
a very large number of comparative measurements made in the CCITT Laboratory. Thus a reference equivalent
may be “corrected” to estimate the R25 equivalent by the relationship:

Corrected reference equivalent (CRE) = 0.0082 (RE + 70)2 — 39.7 dB.
For sending in a complete system, using a carbon microphone, this value should be reduced by 1 dB.

For a more detailed definition and the properties of CRE, see Annex A to Recommendation G.111,

14 Relative equivalent

If, instead of NOSFER, a working standard system is used as the reference standard against which
commercial telephone systems are compared, the resulting rating is termed a relative equivalent. The reference
equivalent of the working standard may then be taken into account in the following manner, e.g.:

Relative equivalent (or uncorrected mean résultV) . . .. ... ... .. e e e e e —5.0 (5.0 dB better,
or louder)
Reference equivalent of the working standard system . ... .. ............ +1.3 (1.3 dB worse,

or quieter)

Reference equivalent of system undertest . . ... ........ —-5.0 4+ (+1.3) = —3.7 (3.7 dB better,
. or louder)

\

2 Subjective determination of reference equivalent (RE)

In determining the RE or R25E of an LTS, a number of precautions are necessary, and these are detailed
in § 4. Other facilities useful in carrying out the measurements may be found in the manual Telephonometry [1].

If NOSFER (or a replica meeting the requirements of Recommendation P.42) is used, results are expressed
as x dB louder or “better” (M) or x dB quieter or “worse” (P) than NOSFER.

The descriptions given below apply when a NOSFER or a working standard system is used as the
reference system.

2.1 Method termed “two operator with hidden loss method”

This method is based on the simultaneous use of three adjustable attenuators; one of these, the
“balancing” attenuator (E) in the NOSFER path (see Figures 2/P.72 to 4/P.72), serves the purpose of adjusting
the sound intensity at the receiving end. The second attenuator (S) which is the “hidden loss” and the third
attenuator (A) which is the “common”, are adjusted arbitrarily before the test (their attenuation values are
unknown to-the listening operator) in order to modify the apparent sensitivity of the compared systems. All three
attenuators are distortionless, with input and output non-reactive impedances of 600 ohms and variable in 1 dB
steps.

The settings of attenuators S and A are chosen arbitrarily between zero and 34 dB, but their total
attenuation (A + S) should vary only between 24 and 34 dB.

Final reference equivalent values are obtained from the average of a number of individual telephonometric
tests called “individual ‘balances”, carried out by different talker/listener pairs of operators from a team (see
§ 4.4).

2.1.1  Send reference equivalent (SRE) (see Figure 2/P.72)

Before an SRE may be determined, the handset must be fitted with a “guard-ring” to -enable the talker’s
lips to be positioned correctly at the reference equivalent speaking position (RESP), (see § 4.1).

) Loudness of test system relative to the working standard.
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To carry out an elementary balance, the talker speaks alternately into the two microphones repeating
successively into each, one of the following conventional phrases, chosen so as to contain each of the principal
vowel sounds:

Berlin, Hamburg, Miinchen, Koblenz, Leipzig, Dortmund (used in the Federal Republic of Germany)
Joe took father’s shoe bench out. She was waiting at my lawn. (used in the United States of America)
Paris, Bordeaux, Le Mans, Saint-Leu, Léon, Loudun (used in France and in the CCITT Laboratory).

When speaking, the talker positions his lips to touch the plane of the guard-ring, and maintains the
normal speaking level as defined for telephonometric measurements in § 4.2 below. He makes use of the speech
voltmeter (SV) to monitor his talking level when speaking into the NOSFER microphone, then maintains the same
speaking level into the microphone of the test system (when the SV is switched out of circuit). After each
repetition of the conventional phrase the talker operates a changeover switch, thus connecting alternately the send
parts of NOSFER and the system under test. (This switch may also be used to operate a lamp in the listening
cabin to indicate which path is connected, thus.helping to keep talker and listener in proper synchronization and
to disconnect the SV when the test circuit is connected).

The listener, comparing the speech signals from the two paths in the NOSFER receiver, adjusts the
attenuator E until the two systems sound equally loud. The attenuation settings of A, S, and E are then used to
determine the SRE as detailed in Figure 1/P.72. Thus:

SRE = (x, — x3) = (E + A) — (S + A) = E — S dB.

Balancing

attenuator

(adjustable

by the

listener Common
Speech in the attenuator

listeni variable
voltmeter  \3Y) [=enind (0'to 34 dB)

| NOSFER
le

1 sending system

NOSFER :
receiving system |
|

|

NOSFER
receiver

CCITT - 44332

NOSFER
microphone

A

-
7]

IO0— Lo

- — ——— - —

I Sending system Hidden loss
be|ng compared attenuator
variable
(0 to 34 dB)

FIGURE 2/P.72

Comparison of a given sending system
with the NOSFER sending system for reference equivalents

2.1.2  Receive reference equivalent (RRE) (see Figure 3/P.72)

For this measurement, the talker repeats the conventional phrase into the NOSFER microphone main-
taining the standard speech level for telephonometric tests (see § 4.2), while ensuring that his lips are just touching
the guard-ring of the microphone. After each utterance he switched the circuit to connect alternately to the receive
part of the NOSFER or to that of the LTS under test.

The listener holds in one hand the NOSFER receiver and the test receiver, listening to them alternately
with the same ear while adjusting the balancing attenuator E until the speech signals in the two receivers sound
equally loud. During this operation he must ensure as far as is possible that each receiver is coupled as closely as
possible when applied to his ear.
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The attenuation settings of A, S and E are then used to determine the RRE as detailed in Figure 1/P.72.
Thus:

RRE =x — % =(E +A) —(S+A) =E~ SdB.

Hidden loss Receiving system |
attenuator being compared - |

2 <A+S< 34 variable |
{0 to 34 dB) CCITT - 44341

FIGURE 3/P.72

Balancing
attenuator
(adjustable
by the
Common !istener
attenuator in the f [
variable listening NOSFER |
{0to 34 dB) - cabinet) ! receiving system |
Speech ! |
voltmeter Switch l E I .
' ] nosrer
l_ receiver
A
NOSFER
microphone : " -~ S
|
NOSFER ! i Z 1
sending system | |___
|
|

Comparison of a given receiving system
with the NOSFER receiving system for reference equivalents

2.1.3  Reference equivalent of an overall system (send + receive, OSR) (see Figure 4/P.72)

For this test the talker follows the same procedure as used for evaluating a sending system, speaking
alternately between reference and test system microphones (see § 2.1.1). The listener follows the procedure for
evaluating a receiver system, holding both reference and test system receivers (see § 2.1.2), and balancing the
apparent loudness of the two paths using attenuator E.

The subjective test to find the overall reference equivalent of a complete system is rarely carried out at the
CCITT Laboratory. However, in the case of a primary standard system or any other working standard system, the
overall reference equivalent is often required.

The attenuation settings of attenuators A, S and E are then used to determine the OSR as detailed in
Figure 1/P.72, path 6. Thus, h

OSR =% — % =(E+ A) — (S + A) = E — S dB.

2.2 Method termed “three operator without hidden loss method”

This method is not in current use in the CCITT Laboratory, therefore is not presented here. However the
description of this method can be found in the former version of Recommendation P.72 [2].

3 Subjective determinaton of R25 equivalents (R25E)

To evaluate R25 equivalents the same procedures for talking and listening are used as for RE using
NOSFER. The only difference is that in the NOSFER overall path a fixed 25 dB attenuation is inserted and the
balance attenuator E is inserted in the path of the test system in series with the hidden loss attenuator S as
illustrated in Figures 5/P.72 to 7/P.72. This means that as the listener adjusts attenuator E to find a balance, the
test system loudness is changed rather than the NOSFER. The final R25E value is calculated as a mean of a
number of individual balances found by different talker/listener pairs from the team.
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FIGURE 4/P.72

Comparison of a given overall system (send + receive)
with the NOSFER system for reference equivalent

R25 equivalent may also be determined using the “three attenuators” method as used to determine RE, in
which the sum of the settings of the two attenuators in the NOSFER path remains constant at 25 dB. For a full
explanation of this method the reader is referred to § 2.2 of the manual Telephonometry [1]. If this method is used,
the equations given in §§ 3.1 and 3.2 below are altered to reflect the different positions of the attenuators.

If a working standard system is used to determine R25 equivalent its overall path loudness should be
adjusted to have a loudness quivalent to NOSFER with 25 dB connected between the send and receive parts.

3.1 R25 equivalent of a sending system (see Figure 5/P.72)

The procedure follows that given in § 2.1.1 and the sending R25E is calculated from the settings of
attenuators S and E as detailed in Figure 1/P.72. Thus,

SR25E = x, — x3 = 25 — (E + S) dB.

Speech
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: sending system
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microphone
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|
| NOSFER
) receiving system
X |
|
|
|
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|
|
|
[
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S E T I
D'_' Z Z Switch

|
|
| CCITY - 74 641
[
|

Hideen loss Balancing

(0 to 34dB) attenuator
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by the
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in the
listening
cabinet)

[
| Sending system
| being compared

FIGURE 5/P.72

Comparison of a given sending system
with the NOSFER sending system for R25 equivalents
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3.2 R25 equivalent of a receiving system (see Figure 6/P.72)

The procedure follows that given in § 2.1.2 and the receiving R25E is calculated from the settings of
attenuators S and E as detailed in Figure 1/P.72. Thus,

RR25E = x, — x4 = 25 — (E + S) dB.

Attenuator | NOSFER l

set to 25 dB | receiving system :
[

i

Speech Switch l : |
|

voltmeter Z
NOSFER
microphone

NOSFER
sending system

NOSFER
receiver

T S E '

Hidden loss Balancing
attenuator attenuator
variable (adjustable
(0 to 34 dB) by the
listener

in the
listening
cabinet)

Receiving system
being compared

CCITT - 74 651

FIGURE 6/P.72

Comparison of a given receiving system
with the NOSFER receiving system for R25 equivalents

33 R25 equivalent of an overall system (OSR) (see Figure 7/P.72)

The procedure follows that given in § 2.1.3 for an overall system. In this case no switching is required as
there is no common path between NOSFER and the test system. Nevertheless the talker, repeating the
conventional phrases alternately into the two microphones, operates the changeover switch to remove the speech
voltmeter from the circuit when talking into a test system. This switch may also be used to break the overall
NOSFER connection and/or operate an indicator lamp appropriately so as to keep talker and listener in proper
synchronism for the balancing procedure.

Speech |
Attenuator NOSFER

voltmeter st to 25 dB receiving system :

| NOSFER ' !

1

;  sending system

NOSFER
microphone
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Z [

S E
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NOSFER
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I Sending system
I being compared

|
{
|
|
|

FIGURE 7/P.72

Comparison of a given overall system (send + receive)
with the NOSFER system for R25 equivalents
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34 Overall R25 equivalent(OVE)

The procedure is the same as for overall equivalent (send + receive) described in § 3.3, except that the
electrical circuit forming the “junction” is included as shown in Path 5 of Figure 1/P.72. Balancing is performed
by adjusting attenuator x;, which in principle should be inserted in the connection in such a manner that the
electrical impedance mismatches are not disturbed. Then:

OVE = x, — x; dB.

This measurement is required in order to determine loudness insertion loss (LIL) of the junction circuit.

3.5 Loudness insertion loss (LIL) of a junction circuit

The LIL of an unknown junction circuit is given by the difference between the R25 equivalent of the
overall system with the unknown junction included (Path 5 in Figure 1/P.72) and with the unknown removed
(Path 6 in Figure 1/P.72). Then:

LIL = OVE — OSR = (5, — X5) — (%, — %) = (% — xs) dB.

4 Precautions to be taken during subjective telephonometric tests

4.1 Lip position

When the talker is uttering conventional phrases into the NOSFER or test microphone his lips must be
maintained rigorously in the correct position using a small circular gauge termed the guard-ring. This ring which
is of 25 mm internal diameter is fitted to the reference and test microphones as described below. The talker uses
them by maintaining his lips just touching and approximately tangential to the plane of the guard-ring throughout
the test.

41.2 NOSFER guard-ring

As described in Recommendation P.42 the NOSFER guard-ring is firmly mounted in a vertical position at
a distance of 140 mm from the central axis of the reference microphone.

4.13  Handset guard-ring for RE or R25E tests (Reference equivalent speaking position, RESP)

From measurements made on the heads of a large number of individuals the characteristic head
dimensions of an average subscriber have been determined together with the position in which he holds the
handset to his ear during a telephone conversation. On the basis of these measurements the position of an average
subscriber’s lips relative to the opening of the ear canal has been determined. Figure A-1/P.76 shows this
relationship.

From the midpoint of the earcap, a straight line is drawn towards the microphone in the plane of
symmetry of the handset, making an angle a with the intersection of the plane of the earpiece of the receiver and
the plane of symmetry of the handset and the distance 6 is marked off along this line. The point thus determined
" is the centre of the guard-ring, which should coincide with the midpoint of the lips.

The intersection of the plane of this ring with the plane of symmetry will be a straight line, perpendicular
to the direction of the speech defined above, i.e. the perpendicular to this straight line in the plane of symmetry
will make an angle y with the intersection of the plane of the earpiece. The position of the guard-ring in relation
to the reference point in the centre of the earcap can be defined for reference equivalents and R25 equivalents by
the following:

o = 15.5°
vy = 18°
8 = 140 mm

The position of the guard-ring is thus completely determined and fixed with respect to the handset. The
operator talks in such a manner that the median plane of his head is vertical, with the plane of the guard-ring
perpendicular to the plane of the head. He then holds the handset with the inclination of the guard-ring at about
45° to the horizontal plane, with the head being inclined slightly forward, corresponding to a normal posture
during conversation.

It shouid be noted that the position of the guard-ring, thus defined, has been fixed without reference to the
inclination of the diaphragm of the microphone and does not necessarily correspond to the best operating
conditions of the latter. When the handset is in a position described above the receiver is near the talker’s ear and
so he could be influenced by sidetone or by acoustic feedback. To prevent any problem in this respect the receiver
may be blanked off with masking tape.
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It is essential that the guard-ring and its mounting should be of a light construction in order not to cause
any disturbance 'in the acoustic field in front of the microphone. It is equally important that the strain on the
microphone case should not effect the mechanical and electrical properties of the microphone.

A device similar to that shown in Figures 8/P.72 and 9/P.72 is recommended.

Normal direction
of speech

90°

Mid-point of
talker’s lips

CCITT-44600

b) Attachment of guard-ring
to a handset

a) Example of guard-ring to be fitted to
a handset for RE or R25E

FIGURE 8/P.72

CCITT-44610

FIGURE 9/P.72

Guard-ring used by one Administration for tests of handsets
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42 Speech level control

The speech volume produced by the talker during telephonometric measurements is of great importance as
it influences the absolute and relative sensitivities of the equipment (especially in the case of carbon microphones).
This volume must correspond to the standard level for telephonometric measurements used in the CCITT
Laboratory.

4.2.1 Standard volume

A talker, speaking at the guard-ring of the NOSFER microphone, will be speaking at the standard volume
when a speech voltage of —10 dBV, as measured using the ARAEN speech voltmeter, is generated across the
output of the NOSFER send end into a 600 ohm resistive termination. The description of the ARAEN speech
voltmeter can be found in Recommendation P.42, § 1.2 and its principal characteristics in Table 1/P.52.

43 Packing effect

To prevent the packing of carbon microphones under test, it is recommended that the microphone should
be conditioned in accordance with Recommendation P.75 before each subjective balance adjustment.

44 Choice and number of voice test team

It has been found by experience in the CCITT and other laboratories that as a compromise between
accuracy and speed of performing the tests, 6 test team members are generally adequate. Recommendation P.78,
§ 4 gives some guidance for their selection, and for their use of suitable speech material. It is preferable to make
use of all 6 team members in one of the combinations given in § 5 below. Occasional use of only 5 members, if
unavoidable, may be acceptable, but precision can be reduced compared with that using all 6 members.

45 Auxiliary amplifier

In certain circumstances when determining RE or R25E, it is necessary to include in series with the
balance attenuator (E), an auxiliary amplifier (having 10 or 20 dB gain), in order to enable a loudness balance to
be reached. This occurs in RE measurements, when the test system is louder than or close to the loudness of
NOSFER, and for R25E when the test system is very much quieter than NOSFER. The reader is referred to § 2.2
of the manual Telephonometry [1], for a detailed explanation.

5 Experimental design and presentation of results

5.1 Use of test team

Many of the comments made in Recommendation P.78, § 3 are also relevant to the determination of RE
and R25E. The team of six may be used in combination in various ways. A minimum of twelve operator pair
combinations is suggested with a normal maximum of twenty. Twelve operator pair combinations can be derived
from two teams of three (see Table 1a/P.78), eighteen operator pair combinations can be derived from one team
of six (see Table 1b/P.78) and twenty operator pair combinations from one team of five (see Table 2a/P.78).

One team of six giving thirty operator pair combinations, known as the 6/6 operators method, produces a
larger test for only slightly more precision than the previously mentioned team sizes. However, this combination
of operator pairs is recommended for calibration of a primary or a working standard system and when performed
on a regular basis (e.g. monthly) gives valuable data about the performance of each individual team member with
time. For this latter purpose an analysis of the type presented in CCITT Red Book, Volume V, 1960, Annex 6 to
Series-P Recommendations, is very suitable.

5.2 Presentation of results

Results of the given test condition repeated for n individual balances should be tabulated not only to ease
the calculation of the results but also to help later verification. The method of recording the data and subsequent
calculations depends on the type of equivalent (e.g. reference equivalent, R25 equivalent) being evaluated,
irrespective of the operator method being used (5/5, 6/6, 3/6, or 3/6¢’).
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By way of example Table 1/P.72 shows a subjective test sheet for reference equivalent evaluation using the

5/5 operator method. The individual reference equivalent result is calculated for each talker/listener pair as

E — S as explained in § 2.1, and these values are entered in the column headed “Res”. The mean result for the

team and the standard deviation can then be derived using these individual results (see Recommendation P.78,
Annex B).

For R25 equivalents it is also possible to produce individual results for each talker/listener pair from th
equation, '

Res = 25 — (E + S).

Entries would be made in columns S, E and Res on a form similar to that in Table 1/P.72 and the
subsequent mean, and standard deviation calculated as for reference equivalent.

Table 2/P.72 shows another example of an R25 equivalent subjective test sheet which is somewhat either to
use and less prone to error. In use, values for the balance attenuator E and hidden loss attenuator S are entered in
the columns shown and for each talker/listener pair sum in the column headed x. All the subsequent analyses are
then carried out on the x values to obtain a mean x and its standard deviation. The R25 equivalent is then worked
out based on the mean x value obtained.
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TABLE 1/P.72

Example of a subjective test sheet for reference equivalent evaluation using the 5/5 operators method

Listeners
B D E
Talkers Total talkers
A S E Res A S E Res A S E Res |- A S E Res A S E Res
N N W Q
A \\\\\\ 2 030 | 34 | 4430 | 2| 9| +7| s | 27|31t | +4| 14 |19 | 15| —4 +11
AMMnm R
B 9 18 29 | +11 \\\\\\\ 17 16 20 +4 | 23 5 6 +1 1 24 29 +5 +21
&\:\\\\ \\ A
C 23 3 11 8| 14 13 20 7 \\\\\ N\ 4 26 29 3 10 19 19 0 +18
* ~ AN N S *
\\\\§
17 16 22 6 7 22 33 1 1 25 33 8 \ \ \ 23 5 9 4 29
> : el ] MMM {HER :
N N
E 1 25 33 +8 | 14 13 23 | +10| 18 9 20 | +11 | 16 15 17 +2 \\ \\\ +31
AT
Total listeners +33 S +32 +30 +10 +5 +110
t
General total
Reference equivalent = +£ = +355

Standard deviation = 3.89

Note — Values of A in the above table are not used for the calculation but introduced as a check that 24 < (A + S) < 34.




TABLE 2/P.72

Example of a subjective test sheet for R25 equivalent evaluatioﬁ using 3/6 method

WWd P — A dunjop

LTl

x=E+ S
Listener A C E B D F Talkers’ x totals

Talker E S X E S X E S X E S X E S X E S X

A — = =17 2|37 | 12]15] 2 T = 64
\ /
.C 24 8 | 32 - - - 17 13 | 30 S I — s Sy 62
L — [
E 1502 |3 |19 | 13|32 ] - |- |- | L— | 67
5 \\\ /// — | = | = |2 | 133 | 13]15] 28 61
D ] 20010 [ 31 ] — | = | — [ 12 ] 19 ] 31 62
/ \

F T — 7017 | 24 |19 |15 (34| — | - | = 58
List . total . Total
istenets x tota’s 67 69 57 55 67 59 374
R25 equivalent = |25 — X | Mean x (x) . 31.17
= 6.17 dB. - Standard deviation ) ) 3.44




ANNEX A

(to Recommendation P.72)

Remark on measurements of reference equivalent

It is necessary to draw a very clear distinction between, on the one hand, measurements required in the
design and development of commercial telephone equipment to satisfy service conditions as well as possible and,
on the other hand, the exchange between Administrations of numerical data which enable different types of
equipment to be compared, from the standpoint of reference equivalent as one of the factors which affect
transmission quality.

In the first case it is necessary to measure the sending and receiving sensitivities of the equipment over a
wide range of variation of either the position of the subscriber’s mouth with respect to the microphone or of the
volume used or even of the feeding current value. '

In the second case it is sufficient to give for each item a value of sending and receiving reference
equivalent corresponding to a conventional position of the mouth with respect to the microphone and at a
“standard” speech volume with a specified speech voltmeter.

The CCITT considers only the second case and for this reason it is not absolutely essential that the
conventional position adapted for the mouth should correspond exactly to the mean position of the subscriber’s
mouth nor that the “standard” speech volume for telephonometric tests should coincide exactly with the mean
value of speech levels found in service.

On the other hand, it is a great advantage if this conventional mouth position and this “standard” volume
for telephonometric tests are used universally when it is simply a matter of communicating from one country to
another general information on reference equivalents.

It follows from this that the values of sending and receiving reference equivalents corresponding to this
conventional mouth position and “standard” volume for telephonometric tests are not necesssarily the same as
those that would be obtained for the same items when in actual service.

References
[1] CCITT manual Telephonometry (to be published in 1985).
[2] CCITT Recommendation P.72 Measurement of reference equivalents and relative equivalents, Yellow Book,

Vol. V, ITU, Geneva, 1981.

Recommendation P.73

MEASUREMENT OF THE SIDETONE REFERENCE EQUIVALENT

(amended at MaIaga-TorreMolinos, 1984)

For talker sidetone, a voice and ear measurement is made of the sidetone reference equivalent while
speaking in a silence cabinet into the microphone of the set concerned, with the mouth at the normal speaking
distance (see Recommendation P.72 § 4.1 and Figure A-1/P.76) from the diaphragm of the microphone; the
receiver of the set situated some distance away in another silence cabinet where the sound level heard in this
receiver is compared with that in the receiver of the NOSFER (or with that in the receiver of a working standard
whose reference equivalent is known). (See Figure 1/P.73.)

The speech power to be used for this test is that used for sending and receiving reference equivalent
determinations (see Recommendation P.72, § 4.2).

Equality of sounds heard is obtained by adjusting the balancing attenuator, E. A hidden-loss attenuator, S,
situated close to the talking position enables the apparent sensitivity value of the complete NOSFER to be varied
at will before the measurement and by an amount unknown to the listener. The value of the telephone sidetone
reference equivalent is equal to the sum S + E of the values of the hidden-loss and balancing attenuators.
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FIGURE 1/P.73

Measurement of the sidetone reference equivalent
of a commercial telephone system

Whenever a result of a sidetone reference equivalent measurement is quoted for a telephone set it is
necessary also to state the length and characteristics of the subscriber’s line and the exchange terminating
impedance to which it was connected during the measurement. The value of the feeding current and the sending
and receiving reference equivalents of the telephone set may be provided as additional information.

In the past the CCITT has measured room noise sidetone by aural comparison between the NOSFER (or a
calibrated working standard) and the sidetone path from microphone to receiver of the telephone set considered.

For this purpose the talking room has been subjected to room noise having appropriate level and spectrum
from loudspeakers situated at specified distances from the microphones. The measurement technique used in the
CCITT Laboratory is given in Figure 1/P.73 where the real voice is replaced by the room noise source.

The value of the reference equivalent of the sidetone path for room noise is equalto S + E — 17 dB. The
correction of 17 dB takes account of the fact that under these conditions the NOSFER microphone is more
sensitive than when used normally, e.g. as for a talker sidetone determination described above.

Note 1 — Studies have shown that for talker sidetone a rating method which correlates better with
subjective effects than reference equivalent is one which takes into account the human sidetone path as a masking
threshold, STMR (sidetone masking rating). STMR is documented in Recommendations P.76, § 3 and P.79, § 5.

Note 2 — The room noise aspects of sidetone are at present being studied in Study Group XII under
Question 9/XII [1]. Recommendation P.11, § 2.4 describes some of the effects of sidetone in a telephone
connection.

Reference

1] CCITT — Question 9/XII, Contribution COM XII-No. 1, Study Period 1985-1988, Geneva, 1985.
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Recommendation P.74

METHODS FOR SUBJECTIVE DETERMINATION
OF TRANSMISSION QUALITY

1 Introduction

This Recommendation contains advice to Administrations on conducting subjective tests in their own
laboratories. The tests carried out in the CCITT Laboratory by using reference systems are described in Section 3
of this Volume.

In the course of developing items of telephone equipment, it is necessary to conduct various kinds of
specialized tests to diagnose faults and shortcomings; such-tests dedicated to.the study of specific aspect of
transmission quality are not discussed here. The present purpose is to indicate methods that have been found
suitable for determining how satisfactory given telephone connections may be expected to be if offered as such for
use by the public.

The methods indicated here are intended to be generally applicable whatever the form of any degrading
factors present. Examples of degrading factors include transmission loss (often frequency dependent), circuit and
room noise, sidetone, talker echo, nonlinear distortion of various kinds, propagation time, deleterious affects of
voice-operated devices and changes in characteristics of telephone sets, including loudspeaking sets. Combinations
of two or more of such factors have to be catered for.

2 Recommended methods

To be applicable for such a wide range of types of degrading factor given in § 1, the assessment method
must reproduce as far as possible all the relevant features present when customers converse over telephone
connections. Suitable methods are referred to as “Conversation Tests” and detailed prescriptions on the conduct of
such tests as carried out by British Telecom are given in Supplement No. 2 at the end of this fascicle.

If the rather large amount of effort needed is available and the importance of the study warrants,
transmission quality can be determined by service observations and recommended ways of performing these,
including the questions to be asked when interviewing customers, are given in Recommendation P.77.

A disadvantage of the service observation method for many purposes is that little control is possible over
the detailed characteristics of the telephone connections being tested. A method that largely overcomes this
disadvantage but retains many of the advantages of service observations is that used by the AT&T Co. and termed
SIBYL (refer to Supplement No. 5 at the end of this fascicle). According to this method, members of the staff of
Bell Laboratories volunteer to allow a small proportion of their ordinary internal calls to be passed through
special arrangements which modify the normal quality of transmission according to a test programme. If a
particular call has been so treated the volunteer is asked to vote by dialling one of a set of digits to indicate his
opinion. In this way all results are recorded by the controlling computer and complete privacy is retained.

3 Supplementary methods

~ Under certain conditions, it is permissible to dispense with the full conversation method and to use
one-way listening-only tests. Suitable conditions apply for using a listening test when the degrading factor(s) under
study affect the subjects only in their listening role. Attenuation/frequency distortion and nonlinear distortion
caused by quantizing have been studied successfully by listening tests but it would be unwise to study the effects
of sidetone, for example, by this method. Listening-only tests may also be misleading when assessing the effects of
a factor, like circuit noise, when the magnitude of the degradation caused is substantial. In any case, sufficient
comparison with the results from full conversation tests should be made before the results from listening-only tests
are accepted as reliable.
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Recommendation P.75

STANDARD CONDITIONING METHOD FOR HANDSETS WITH CARBON MICROPHONES

(Geneva, 1972; amended at Malaga-Torremolinos, 1984)

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 order to
obtain reproducible results. The CCITT recommends that for best reproducibility, automatic mechanical condi-
tioning be used. The following steps are specified for the standard conditioning method:

a) Place the handset in a holding fixture with the handset clamped in a position corresponding to that in
which the microphone is going to be measured [e.g. loudness rating guard-ring position (LRGP)
according to Annex A of Recommendation P.76, or reference equivalent guard-ring position,
according to Recommendation P.72]

b) Connect the microphone or telephone set terminals as required to the d.c. feed circuit and appropriate

terminating loading.

c¢) Turn the feed current on. After 5 seconds, condition the microphone by rotating it smoothly. Rotation
is made such that the plane of the granule bed moves through an arc of at least 180°. The procedure
is repeated twice with the handset coming to rest finally in the test position. The time of each rotation
cycle should lie within the range of 2 to 12 seconds.

2 When carrying out subjective tests with a carbon microphone telephone set, the conditioning of the
handset should be done by the talker. This conditioning should conform to the conditioning for objective
measuring as described under § 1 above insofar as it is practicable.

Recommendation P.76

DETERMINATION OF LOUDNESS RATINGS; FUNDAMENTAL PRINCIPLES

Preface

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

This Recommendation is one of a set of closely related Recommendations concerned with determination of
loudness ratings. The present one deals with the fundamental principles and the others, as follows, deal with

certain additional matters?.
Recommendation P.48
Recommendation P.78

Recommendation P.64

Recommendation P.79
Recommendation P.65

Specification for an intermediate reference system

Subjective testing method for determination of loudness ratings in accordance
with Recommendation P.76

Determination of sensitivity/frequency characteristics of local telephone circuits
to permit calculation of their loudness ratings

Calculation of loudness ratings
Objective instrumentation for measuring loudness ratings

1) The present Recommendation together with Recommendations P.48, P.78 and P.79 provide complete definitions of overall,
sending, receiving and junction loudness ratings and Administrations are invited to use them to further their studies of

Question 19/XII [1].
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1 Introduction

A speech path is, broadly, a transmission path that exists between a talker’s mouth and the ear of a
listener or, in the case of sidetone, between the mouth and ear of a talker. In typical face-to-face conversation, the
speech is transmitted by means of the air path connecting the mouth and ear. Depending on environmental
conditions, transmission may be:

a) more or less direct, as in the case of two persons conversing in an open, unobstructed location, such
as a golf course;

b) largely indirect, as in the case of two persons conversing in a small, hard surfaced room where a large
proportion of the energy reaching the ear may be due to reflections from the walls, ceilings and floor;
or

¢) something between the two extremes of a) and b).

In the case of telephony, the air path is replaced by a system comprising:
a) an air path from the mouth to the telephone microphone;
b) an air path between the telephone earphone and the ear; and

¢) a telephone connection consisting of the microphone, earphone and interconnecting circuitry together
with a similar system for the reverse direction of transmission. The two situations — face-to-face and
using the telephone — differ appreciably in detail but, for speech transmission purposes, they are
alike as far as their function is to provide a means of both-way speech communication.

Telephone engineering is concerned with providing telephone connections which, while not identical to the
face-to-face situation, are comparable in effectiveness for providing a means of exchanging information by speech;
such telephone connections should also optimize customer satisfaction within technical and economic constraints.

Various tools are used by transmission engineers in planning, design and assessment of the performance of
telephone networks. Reference equivalent, based on the criterion of loudness of speech emitted by the talker and
perceived by the listener, has been one of the most important of these tools; it provides a measure of the
transmission loss, from mouth to ear, of a speech path.

The reference equivalent method is defined in Recommendations P.42 and P.72 and the fundamental
principles are briefly explained in [2]. The method for determining loudness ratings of local telephone circuits is in
accordance with rather similar fundamental principles to those of the reference equivalent method but embodies
modifications which render the method much more flexible and should greatly simplify transmission planning.

A desire to depart from use of reference equivalents as defined by Recommendation P.72 arises for the
following reasons:

1) Reference equivalents cannot be added algebraically; discrepancies of at least + 3 dB are found.

2) Replication accuracy of reference equivalents is not good; changes in crew can cause changes of as
much as 5 dB. :

3) Increments of real (distortionless) transmission loss are not reflected by equal increments of reference
equivalent; 10 dB increase in loss results in an increase in reference equivalent of only about 8 dB.

Use of loudness ratings defined in accordance with the principles given below should largely obviate these
troubles.

In addition to these advantages, the same values of loudness ratings should be obtained whether the
determination is by subjective tests, by calculation based on sensitivity/frequency characteristics or by objective
instrumentation. The fundamental principles of the method are described below and these differ from those
applicable to reference equivalents by the least possible extent to achieve the desirable flexibility.

The loudness rating (which has the dimensions and sign of “loss™) is, in principle, like the reference .
equivalent, defined by the amount of loss inserted in a reference system to secure equality of perceived loudness to
that obtained over the speech path being measured. Practical telephone connections are composed of several parts
connected together. To enable the transmission engineer to deal with these parts in different combinations,
loudness ratings must be defined in a suitable manner so that “overall”, “sending”, “receiving” and “junction”
ratings can be used.

“Sidetone” loudness ratings can also be determined in an analogous manner. Sidetone reference equivalent
is defined in Recommendation P.73 and sidetone loudness ratings are defined in § 3 below.
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2 Definitions of loudness ratings for principal speech paths

2.1 General

§ 2 deals with principal speech paths, namely from a talker at one end of a connection to a listener at the
other. Sidetone paths are treated in § 3 below.

In general, loudness ratings are not expressed directly in terms of actual perceived loudness but are
expressed in terms of the amounts. of transmission loss, independent of frequency, that must be introduced into an
intermediate reference speech path and the unknown speech path to secure the same loudness of received speech as
that defined by a fixed setting of NOSFER. This implies that some interface exists or could, by some
arrangement, be found in the unknown speech path into which the transmission loss can be introduced. In
practice the unknown speech path is composed of a sending local telephone circuit coupled to a receiving local
telephone circuit through a chain of circuits interconnecting the two local systems?. Figure 1/P.76 shows this
subdivision of one principal speech path of a telephone connection. The interfaces JS and JR separate the three
parts of the connection to which loudness ratings are assigned, namely: sending loudness rating, from the mouth
reference point to JS; receiving loudness rating from JR to the ear reference point; and junction loudness rating
from JS to JR. The overall loudness rating is assigned to the whole speech path from mouth reference point to ear
reference point. '

Mouth reference point (MRP)
{Sound pressure, py, )

Ear reference point (ERP)
(Sound pressure, pg )

» 2

71 )

Mouth-to-ear path

Speaking distance Listening conditions
and microphone which govern fit of
position B . earphone to ear
Send LTS ljjl Junction ol Receive LTS /
i i
@ b JS (@ IR (e) n (g
CCITT-44634

Note — (a) represents the microphone of the sending local telephone system;
(b) represents the electrical circuit of the telephone set of the sending local telephone system;
(c) represents the subscriber’s line and feeding/transmission bridge of the sending local telephone system;
(d) represents the chain of circuits interconnecting the two local systems;
(e) represents the subscriber’s line and feeding/transmission bridge of the receiving local telephone system;
(f) represents the electrical circuit of the telephone set of the receiving local telephone system;
(g) represents the earphone of the receiving local telephone system.

FIGURE 1/P.76
Subdivision of a telephone connection

2 See Annex B for explanation of certain terms.
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Note that in practical telephone connections:
a) the transmission loss of the junction may be frequency dependent;
b) the image impedances of the “junction” may not be constant with frequency and may not be resistive;

¢) the impedances of the local telephone systems presented to the junction at JS and JR' may not be
constant with frequency and may not be resistive;

d) impedance mismatches may be present at JS or JR or both.

Overall loudness ratings (OLRs), sending loudness ratings (SLRs), receiving loudness ratings (RLRs) and
junction loudness ratings (JLRs) are defined so that the following equality is achieved with sufficient accuracy for
practical telephone connections.

OLR = SLR + RLR + JLR

22 Definitions of overall, sending, receiving and junction loudness ratings

Figure 2/P.76 shows the principles used to define the overall, sending, receiving and junction loudness
ratings.

2.2.1  Overall loudness rating

Path 1 in Figure 2/P.76 shows the complete unknown speech path subdivided into local telephone systems
and junction. In this example the junction comprises a chain of circuits represented by trunk junctions (JS-NS and
NR-JR) and trunk circuits (NS-IS, IS-IR and IR-NR). A suitable arrangement for inserting transmission loss
independent of frequency must be provided at some point such as in IS-IR.

Path 2 shows the complete IRS with its adjustable, non-reactive, 600 ohms junction between JS and JR.

The level of received speech sounds to which the additional loss x; in Path 1 and the junction attenuator
setting x, of Path 2 are both adjusted is defined by using the fundamental reference system NOSFER with its
attenuator set at 25 dB. When these adjustments have been made, the overall loudness ratmg (OLR) of the
complete unknown connection is given by (x; — x;) dB.

2.2.2  Sending loudness rating

Path 3 in Figure 2/P.76 shows the IRS with its sending part replaced by the local telephone system of the
unknown. The junction is adjusted to produce, via Path 3, the same loudness of received speech sounds as the
NOSFER with its attenuator set at 25 dB. If x; is the required setting in Path 3, the sending loudness rating (SLR)
is given by (x, — x3) dB.

2.2.3  Receiving loudness rating

Path 4 in Figure 2/P.76 shows the IRS with its recewmg part replaced by the local telephone system of the
unknown.

The junction is adjusted to produce via Path 4 the same loudness of received speech sounds as the
NOSFER with its attenuator set at 25 dB. If x4 is the required setting in Path 4, the receiving loudness rating
(RLR) is given by (x, — x4) dB.

2.2.4  Junction loudness rating

Path 5 in Figure 2/P.76 shows the IRS with its junction replaced by the unknown chain of circuits as
located in Path 1 of Figure 2/P.76 between JS and JR. The arrangement for introducing transmission loss,
independent of frequency, must be provided as was required in Path 1. The additional loss is adjusted to produce,
via Path 5, the same loudness of received speech as the NOSFER with its attenuator set at 25 dB. If xs is the
required additional loss in Path 5, the junction loudness rating is given by (x, — xs) dB.
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Principles used for defining OLR, SLR, RLR and JLR

23 Conditions under which loudness ratings are determined

2.3.1  General

The loudness of received speech sounds depends upon certain factors that are not well defined under
practical conditions of use, but must be defined as precisely as possible to obtain accurately reproducible loudness
ratings. Clearly, as shown in Figure 1/P.76, the loudness rating is largely governed by the characteristics of the
mouth-to-ear path. This path can be made precise by defining a mouth reference point at which the sound
pressure py of speech emitted by the talker is measured or referred, and an ear reference point at which to
measure or to which to refer the sound pressure pg of speech reproduced by the earphone. These points can be
chosen in a fairly arbitrary manner and this becomes important when loudness ratings are to be determined
objectively; suitable definitions for such purposes are given in Recommendation P.64 which deals with measure-

ment of sending and receiving sensitivity/frequency characteristics.
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It is essential, however, to define vocal level, speaking distance, microphone position and listening
conditions which govern the fit of the earphone to the ear. These are indicated in Figure 1/P.76. The essential
features that define the conditions under which loudness ratings are determined are indicated in Table 1/P.76.

Some remarks on the items listed in Table 1/P.76 are given below.

TABLE 1/P.76
Conditions under which loudness ratings are determined
No. Item specified Specification
1 Intermediate reference system Recommendation P.48
2 Vocal level of speaker As Recommendation P.72
3 Level of received speech sounds at which loudness is judged constant NOSFER set at 25 dB
4 Handset position relative to talker’s mouth See Annex A
5 Direction of speech Head erect
6 Handset arrangement for listening See §2.3.7
7 Conditioning of carbon microphones Recommendation P.75

2.3.2  Intermediate reference system

The intermediate reference system is defined in Recommendation P.48. It has been chosen with the
following in mind:

a) It shall correspond approximately, as far as the shapes of sending and receiving frequency character-
istics are concerned, with those of national sending and receiving systems in use at present and likely
to be used in the near future. For this reason the frequency bandwidths for sending and receiving
parts are confined to the nominal range 300-3400 Hz3.

b) The absolute sensitivity has been chosen to reduce as much as possible changes in values from
reference equivalents to loudness ratings.

c¢) In external form its handsets are similar to conventional handsets used in actual telephone connec-
tions. :

2.3.3  Vocal level of speaker

The vocal level at which speech is emitted from the speaker’s mouth conforms to that in use for
determining reference equivalents and is defined in Recommendation P.72. This approximates the level actually
used by customers under good transmission conditions. It is defined in terms of the speech level at the output of
the NOSFER sending system.

2.3.4  Listening level

The level of received speech sounds at which loudness is judged constant is defined by the vocal level
(see § 2.3.3 above) and the setting (25 dB) of NOSFER against which all the speech paths shown in Figure 2/P.76
are adjusted. This corresponds to a fairly comfortable listening level of the same order as that commonly
experienced by telephone users. k

3 ' The IRS is specified for the rahge 100-5000 Hz (see Recommendation P.48). 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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2.3.5 Handset position

The position of the telephone handset relative to the talker’s mouth is defined in Annex A to this
Recommendation. It is intended to approximate fairly well the position used by customers under real telephone
connections. The definition covers not on]y the distance between lips and mouthplece but also the attitude of the
microphone relative to the horizontal axis through the centre of the mouth opemng It is defined in such a way
that the lips-to-mouthpiece distance becomes greater as the length of a handset is increased.

2.3.6  Direction of speech

The speaker shall hold his head erect and it will be assumed that speech is emitted horizontally from his
mouth. '

23.7  Handset arrangement for listening

The listener shall hold the handset in his hand with the earphone placed comfortably against his ear.

2.3.8  Conditioning of carbon microphones

Telephone handsets with carbon microphones usually require to be conditioned. This shall be done in
accordance with Recommendation P.75.

3 Sidetone loudness rating

Although it is possible, in principle, to define a sidetone loudness rating exactly as overall loudness rating,
it is more satisfactory to use a definition in which human sidetone is treated as a masking threshold.

3.1 Definition of sidetone masking rating (STMR)

When a telephone subscriber speaks, his own - voice reaches his ear by several paths. These are
(see Figure 3/P.76):

a) through the telephone set circuit from microphone to earphone due to mismatch of the hybrid balance
impedance within the set and the line impedance;

b) through the mechanical path within the human head;
c) through the acoustic path to the ear and involving leakage at the earcap and human ear interface;

d) through the mechanical path along a handset handle [although this may be measured in fact as a
contribution to a) above].

a) Electrical sidetone path

b) Bone conduction path

c) Direct air path

d) Mechanical path along handset

. i_

* Z_  conT- 65900

To line

FIGURE 3/P.76

Sidetone paths through which a telephone subscriber ma)} hear his own voice
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Determination of these sidetone paths will usually resolve into two main measurements, a) + d) and
b) + c). Each is referred to the speech signal at the mouth reference point (MRP) and the measurement made at
the ear reference point (ERP).

Thus Lygst is the loss from the mouth to ear (MRP to ERP) of the telephone sidetone path, and Lygys is
the loss from mouth to ear (MRP to ERP) of the human sidetone path.

Note — Recommendation P.64, § 8 describes a method for the measurement of S,.sr, the sidetone
sensitivity/frequency characteristic of a telephone set using the artificial mouth and ear, from which an estimate of

Symest using the human mouth and ear may be obtained by adding correction L, and Lg as explained in the text.
Thus:

Lygst = Smestin dB

Lyest and Lygys are each usually measured at a number of frequencies in the ISO range of 'srd octave
frequencies, typically at least 200 to 4000 Hz. Where complex signals are used (for example, during the
measurement of Ly zys the subjects’ speech signals were used), spectrum density measurements must be made.

Studies completed so far have indicated that for talker sidetone at least, the rating method which correlates
best with subjective effects of sidetone is one which takes into account the human sidetone signal as a masking
threshold, i.e. sidetone masking rating (STMR).

3.2 Determination of sidetone masking rating (STMR)

It has been determined that when a subscriber speaks with his ear occluded by a telephone receiver the
signal at the ERP via the path Lygys is very significant, particularly at low frequencies (less than 1000 Hz) and
warrants inclusion in any method used to rate the path Lygsr for talker sidetone. (Figure 4/P.76 shows the
average Lypys for 6 females and 6 males for 2 earphone coupling conditions, sealed, for which stringent
precautions were taken, and unsealed using a leakage typical of conversational conditions).
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Note — Measurement conditions: handset, British Telecom "No. 3 receiver, rocking armature, 4.T. The ear-
phone coupling leakage path used for the unsealed case was typical of that experience under conversational
conditions.

FIGURE 4/P.76

Human sidetone characteristic (for an occluded ear) for sealed and
unsealed conditions (plotted from values given in Table 5/P.79)

A satisfactory method for taking Lygys into account when rating a telephone sidetone path Lyggr, is one
which in effect treats Lygys as a masking threshold against which the loudness of Lygsr is determined. STMR is
defined as the attenuation that must be inserted into the overall IRS (Recommendation P.48) to give an equivalent
loudness to Lygsr when similarly making use of Lyrys as a masking threshold.

It has been established that telephone sets having typical sidetone characteristics and the same value of
STMR have similar subjective effects on the subscriber in his role as a talker.

Note — When the subscriber is listening, any room noise present may reach ERP through the paths a)
and ¢) of § 3.1, and mask the received speech.
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It is the high frequencies of local room noise which are most likely to mask the low-level consonants of a
received signal. The STMR method strictly speaking cannot be used to rate listener sidetone. Nevertheless it has
the effect of placing more control on Lygsr at frequencies greater than 1000 Hz. Control of these frequencies
should ensure that high frequency room noise sidetone heard via the sidetone path Ly gsr are also controlled. The
whole subject of room noise sidetone, including the definition of a suitable rating method, is still under study
under Question 9/XII.

For room noise, Lyzsr may not have the same value as for talker sidetone, as the sensitivity of the
microphone in a handset may not be the same for random incidence signals as for a point source close to the
diaphragm (less than 5 cm). In general, room noise would arrive at the microphone at lower levels than the speech
and this may result in different values of sensitivity where carbon microphones are present.

ANNEX A

(to Recommendation P.76)

Definition of the speaking position for measuring
loudness ratings of handset telephones

This annex describes the speaking position which should be used to measure the sensitivities of commercial
telephone sets (by the method described in Recommendation P.64) for the determination of loudness ratings.

Al The definition of a speaking position falls into two parts: description of the relative positions of mouth
opening and ear-canal opening on an average human head; and description of the angles that define the attitude
in space of telephone handsets held to such a head. For any given telephone handset, these descriptions together
describe the relative special disposition of the microphone opening and the talker’s lips, and hence the direction in
which speech sound waves arrive at the mouthpiece and the distance they have travelled from a virtual point
source.

The relative positions of the centre of the opening of the mouth and that of the ear canal can be described
in terms of a distance 8 and an angle o as shown in Figure A-1/P.76. Point R in that figure represents the centre
of a lip-ring located at the reference equivalent speaking position in accordance with Recommendation P.72.
Position A is that used to determine ratings by the articulation method defined in Recommendation P.45. The
approximately elliptical area encloses about 80% of the lip positions found in a sample of 3889 heads in the
United States of America before 1930; averages of more recent results, including 4012 heads in the People’s
Republic of China cluster round the point A.

Centre line of
earphone orifice

y Plane of ear-cap

CCITT-44651

Note I — Points R and A are located as follows: A)d= 136 mm «=22° y=129°

) R)6=140mm a=155° y=18°
Note 2 — Area shown includes about 80% of the sample of 3889 lip positions.
Note 3 — A straight line tangential to the boundary of the area shown excludes 5% of lip positions.
Note 4 — Solid line shows plane of lips; broken line shows lip-ring 1.6 mm thick.

FIGURE A-1/P.76
Location of lip position relative to opening of ear canal
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‘A second angle is required to define the direction in which speech is emitted from the mouth into the
mouthpiece of the microphone. In Recommendations P.45 and P.72 reference is made to an angle B, but this does
not lie in the plane of symmetry of the handset, so it is more convenient to use an angle y, which describes the
vertical projection of the direction of speech on this plane.

A2 The position of the centre of the lips as defined by A in Figure A-1/P.76 is used also to define the new
speaking position, but two additional angles must also be defined, namely: the earphone rotational angle ® and
the handset rotational angle ®. Earphone rotation is considered about an axis through the centre of the ear-cap
(YY in Figure A-1/P.76); handset rotation is taken about a longitudinal axis of the handset (XX in Fig-
ure A-1/P.76); both angles are zero when the plane of symmetry of the handset is horizontal. Naturally, the
earphone rotational angle is positive when the handle is pointed downwards away from the earphone and the
handset rotational angle is positive in the sense that the upper part of the earphone is moved farther from the
medial plane of the head.

The new speaking position is described by the following values for the distance and angles defined above:
a=22° vy=129° 8 =136 mm, ® = 39° and O = 13°

The angle y cannot be determined very precisely and is not convenient for use when setting up a handset
for test in front of an artificial mouth. The semi-interaural distance € may be used in its place, and for the new
speaking position € = 77.8 mm. '

A3 The foregoing description of the speaking position has shown the complexities of expressing the relative
location of the ear reference point and the lip-ring centre, and the relative orientation of the earphone axis and
the lip-ring axis. It is often more convenient, particularly in terms of constructing and setting up handset jigs, to
express the position of the ear reference point® and the direction of the earphone axis with respect to the lip-ring.
This is easier since the axis of the lip-ring is horizontal as would be the axis of an associated artificial mouth.

A4 Use has been made of a vector analysis method to determine the orthogonal coordinates of the handset
ear-cap relative to the lip position when the handset is mounted in the LR guard ring position. It is necessary to
define a set of cartesian axes with origin at the centre of the lips (or equivalent lip position of an artificial voice)
as follows:

x-axis: horizontal axis of the mouth, with positive direction into the mouth;

y-axis: horizontal, perpendicular to the x-axis, with positive direction towards the side of the mouth on
which the handset is held;

z-axis: vertical, with positive direction upwards.
The ear reference point is defined by the vector:
(86.5, 77.8, 70.5). mm.
The handset is mounted so that the ear reference point lies at the intersection of the axis of the ear-cap
with a plane in space on which the ear-cap can be considered to be resting. With some shapes of handset, this
definition is not adequate; in such cases the position of the ear reference point relative to the handset should be

clearly stated.

The orientation of the handset is defined by vectors normal to the plane of the ear-cap and the plane of
symmetry of the handset:

Unit vector normal to plane of the ear-cap:
+ (0.1441, —0.974, 0.1748)
‘Unit vector normal to plane of symmetry of the handset:
+ (0.6519, —0.0394, —0.7572).

When using an artificial voice, the equivalent lip position must be used as the datum; this is not normally
the same as the plane of the orifice of the artificial mouth.

4)

See Recommendation P.64 for definition of ear reference point.
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Alternatively, it can be convenient to define the speaking position in terms of axes with the origin at the
ear reference point. These are defined as follows:

x-axis: axis of ear-cap with positive direction away from earphone;

y-axis: line of intersection of the plane of symmetry of the handset with the ear-cap plane, with positive
direction towards the microphone;

z-axis: normal to the plane of symmetry of the handset with positive direction obliquely upwards.
The lip-ring centre is defined by the vector:
(50.95, 126.10, 0) mm.
The orientation of the lip-ring is defined by a unit vector along its axis:
+ (0.1441, —0.7444, —0.6250) .
and the orientation of the handset is defined by specifying the vertical by the unit vector:
+ (0.1748, —0.6293, —0.7572).

Note — The speaking position defined above differs from the special guard-ring position in the values of
® (= 37°) and O (= 19°). It has been found that altering the handset position from the special guard-ring
position to the loudness rating guard-ring position described above affects sensitivity measurements to a negligible
extent.

ANNEX B

(to Recommendation P.76)

Explanations of certain terminology

@ 2 é Junction é Q @

a) Local connection

National system ,_ International chain
O

r Four-wire chain o~

ﬁ Q é Trunk junction O - ( C;’3 )) T
Loca;yﬁl:ghone o - \QV/ —-_—-

N Chain of cjrcuits interconnecting the two local systems
b) International conn;:tion . CCITT-44721

Q = subscriber’s line
L = local exchange
C1 = primary centre

Terminology applying to parts of a telephone connection according to Recommendations G.101 [3],
G.111 [4], Q.121 [5] and CCITT manuals.

Note — In the present Recommendation the word “junction” is used in a special sense to denote “chain
of circuits interconnecting the two local systems” and the “junction attenuator” used in laboratory tests for
determination of loudness ratings.

References 4
[11 CCITT — Question 19/XII, Contribution COM XII-No. 1, Study Period 1985-1988, Geneva, 1985.

[2] CCITT Manual Transmission planning of switched telephone networks, Chapter I, Annex 1, ITU,
Geneva, 1976. ’

[3] CCITT Recommendation The transmission plan, Vol. 111, Rec. G.101.

[4] CCITT Recommendation Corrected reference equivalents. (CREs) and loudness ratings (LRs) in an interna-
tional connection, Vol. 111, Rec. G.111.

[5] CCITT Recommendation Corrected reference equivalénts-(CREs) and loudness ratings (LRs) of national
systems, Vol. 111, Rec. G.121.
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Recommendation P.77

METHOD FOR EVALUATION OF SERVICE FROM
THE STANDPOINT OF SPEECH TRANSMISSION QUALITY

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

1 General

The CCITT recommends that Administrations make use of telephone users’ surveys in the manner of
Recommendation E.125 [1] as a means of measuring speech transmission quality on international calls.

Such surveys being call-related (in this instance to the last international call made) can be conducted either
by the full use of the Recommendation E.125 [1] questionnaires (when other valuable information is obtained on
users’ difficulties, e.g. knowing how to make the call, difficulties in dialling or understanding tones, etc.) or by
making use of those questions solely related to transmission quality which appear in Annex A (see Note 1).

2 Conduct of surveys

In order to make valid comparisons between data collected in different countries, Recommenda-
tion E.125 [1] should be strictly adhered to. Specifically the preamble to the Recommendation, the notes of
intended use of the questionnaires and the precise order and wording of the questions should be rigidly followed.
In some cases, however, an exception will be made and Question 10.0 will be replaced by the wording indicated in

" Annex B (detailed information is given in [3]; also see Note 3 below).

3 Treatment of results

To provide quantitative information suitable for comparisons, the subjective assessments (e.g. those
obtained from Question 9.0 of Annex A) of excellent, good, fair or poor (see Note 2) should be accorded scores
of 4, 3, 2 and 1, respectively and a mean opinion score (MOS) calculated for all associated responses. Similarly
for all those experiencing difficulty (under Question 10.0 of Annex A or, alternatively, Question 10.0 of Annex B)
a percentage of the total responses should be calculated. These two criteria of MOS and percentage ‘difficulty are
now internationally recognized and have been measured under many different laboratory simulated connections
and practical situations.

The results can be classified in a number of ways, e.g. in terms of the call-destination countries or by
nature/composition of the connection i.e. cable/satellite circuits, presence or otherwise of echo suppressors etc.
Typical methods of presentation of the results are shown in [2], in this case for several countries. It should be
noted that in all presentations it is essential to show the number of responses.

Note 1 — The evaluation of the transmission performance may be altered by difficulties in setting-up call.
Hence the response to incomplete questionnaires should be considered with some reservation.

Note 2 — Among the reasons which lead to the limitation of users’ opinions of transmission quality to
four classes, i.e. excellent, good, fair and poor, is the following. The experience gained in human factor
investigations has shown that when a question which requires a selection from several different classifications is
posed in aural form, e.g. by face-to-face interview or by telephone as with Recommendation E.125 [1], the
respondent is frequently unable to carry a clear mental separation of more than four categories. As a consequence,
he is unable to draw on his short-term memory and judgement ability in a sufficiently precise manner to avoid
confusion and gives an unreliable response. This restriction does not apply to other situations where a written
presentation of the choices is used, in which case frequently five or more classes may be appropriate and shown to
yield reliable responses.

Note 3 — An alternative version of Question 10.0 is described in Annex B. This alternative version has
the advantage of simplifying the classification of responses to open end probes by experts, as well as increasing
the sensitivity to some types of impairments such as delay. These advantages should be weighed against the
additional interview time which may be required.
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ANNEX A

(to Recommendation P.77)

Extract from the questionnaire annexed to Recommendation E.125

Reproduced below are the questions relating to transmission quality which appear in the questionnaire
annexed to Recommendation E.125 [1]. '

The CCITT recommends that this Annex should be used when customers’ general impressions of
transmission performance are required.

9.0 e .

Which of these four words comes closest to describing the quality
of the connection during conversation?

9.1 —  excellent 1 E
9.2 — good 2 I:]
93 - fair s 1%
94 — poor 4 D

10.0  Did you or the person your were talking to have difficulty in
talking or hearing over that connection? 1 I:l 2 l:] 49

(If answer is “yes”) probe for nature of difficulty, but without
suggesting possible types of difficulty, and copy down answers
verbatim: e.g. “Could you describe the difficulty a little more ?”

At end of interview, categorize the answers in terms of the items
below:

101 — low volume 1] s0

102 — noise or hum 1 [: 51
10.3 - distortion IE:] 52
104  — variations in level, cutting on and off 1 [:_-] 53
10.5 — crosstalk . llj 54
106 — echo 1] ss
10.7 — complete cut off 1 :] 56
10.8 —  other(specify) ... ... ... .. . .. ... ... — 1 l:] 57

Note — Responses to Questions 10.1 to 10.8 are only obtained from customers who have expressed
difficulty in Question 10.0. -

ANNEX B

(to Recommendation P.77)

Alternative version for Question 10.0 of questionnaire
annexed to Recommendation E.125

“Studies at AT&T have shown that the verbatim responses describing impairments (requested after
Question 10.0 of Annex A) are often too imprecisely worded to permit accurate classification by interviewers who
are not experienced in transmission studies. A typical solution to this problem has been to convene a panél of
experts to classify the responses, a method which may become impractical as the size and number of user reaction
tests increases. This annex presents an alternative approach developed in 1976 and used widely since then by
AT&T to measure customer’s perceptions of transmission quality on domestic and international telephone
connections. The approach invoilves a more complicated technique of probing for impairments which simplifies
the ultimate task of classifying the responses. The alternative of Question 10.0 is reproduced below.

The CCITT recommends that this annex should be used for diagnostic purposes only.
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10.0

10.1

10.1.1
10.1.2

10.1.3

10.1.4.

10.2

10.2.1
10.2.2
10.2.3
10.2.4

10.3

10.3.1
10.3.2
103.3
10.3.4
10.3.5
10.3.6

10.4

10.4.1
10.4.2
. 1043
10.4.4
10.4.5

144

Did you have any difficulty talking’ or hearing over that connec-
tion?

Do not probe: If the person volunteers an explanation, write it
down. . . .. e

On question 10.1-10.8, attempt to read entire text before
respondent replies.

Now I'd like to ask some specific questions about the connection.
If the person has already described difficulty, add:

(In view of what you've already said, some of these may seem
repetitious, but please bear with me). First, during your conversa-
tion on that call, did you hear your own voice echoing back, or did
your own voice sound hollow to you?

— echo hollow (own voice)
— neither
— don’t remember/not sure

— other (specify) .. ... ... . . ... ... . ..

Did you hear another telephone conversation on the telephone
network at the same time as your own?

- other conversation
— no
— don’t remember/not sure

— other (specify) ... ... ... ...

Now I'd like you to think about the voice of the person you were
talking to. Was the volume of the voice low as if the person were
faint and far away; did the voice fade in and out; or was the
voice interrupted or chopped up at times?

— low volume

— fading

— chopping

—  none

— don’t remember/not sure

— other (specify) . .. ... ... ... ..

How did the voice of the person your were talking to sound to
you: did it echo or sound hollow and tinny; or did it sound fuzzy
or unnatural?

— echo, hollow

— fuzzy, unnatural

— none

— don’t remember/not sure

— other (specify) . ... ... . .. ... -—5 [:]
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10.5

10.5.1
10.5.2
10.5.3
10.5.4
10.5.5
10.5.6

10.6

10.6.1
10.6.2
10.6.3
10.6.4
10.6.5
10.6.6

10.7

10.7.1
10.7.2
10.7.3
10.7.4

10.8

10.8.1
10.8.2
10.8.3
10.8.4
10.8.5

10.9

10.9.1
10.9.2
10.9.3
10.9.4
10.9.5

Now let me describe three kinds of noise. Tell me if you noticed
any of these noises during your conversaiton: a rushing or hissing
sound; a frying and/or sizzling, crackling sound; or a humming or
buzzing sound?

— rushing, hissing 1 [:I
— frying and/or sizzling, cackling 2 [__—_l
— humming, buzzing 3 I:]

— none _ a[] a
— don’t remember/not sure S [:)

— other (specify) ........................... —2©6 :
Now let me describe three more kind of noise. Tell me if you

noticed any of these during your conversation: a clicking sound; a

series of musical tones or beeps; or a continuous high-pitched

tone?: )

— clicking ‘ 1 [:

— tones or beeps v 2 :]

— high-pitched tone 3 [: 55
— none ' . 4 E]

— don’t remember/not sure 5 l:l

— other (specify) . ........ e e e e -0 Ej

Did the other person seem slow to respond, as if there were delay

or time lag in the conversation?

— yes 1 [:]
- [ ] 56

— don’t know 3 [:l

— other (specify) ......... U — 4 [:]

Would you please try to remember the background noise in the
area around your telephone (e.g. noise from air-conditioning plant
unit, road traffic, office equipment or other people talking) when
you made the call. Which of the following categories best describes
it? ‘

- ;zery noise : 1 :]
— noisy 2 l:
—  quiet 3t 57
— very quiet ' 4 :

— other (specify) . ... ... ... ... .. o L, -—35 [:]

Which of the categories listed below best describes the extent to
which you heard your own voice through your telephone when you
were talking?

— could not hear it ! 1 :]
— could hear it now that you have drawn my attention to it 2 [:]
— did notice it — not loud 3 L_—__l 58
—  did notice it — loud 4 e[
— other (specify) . ..... ... ... .. ... C e e e -— 35 E:—_J
\
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10.10 Was there anything else about the connection you'd like to
mention?

Yes — What? (Write in)

Coding instructions: YES NO

— is there a written comment? 1 [_] 2 f_—:] 59
— does the comment apply to this call? 1 [_J 2 [___I 60
— does it mention an impai‘rment? 1 [__] 2 [___l 61
— has it been mentioned already? 1 [ | 2 [ J 62
— other (specify) . ... ... .. ... L 1 E——] 2 [__] 63

Note — The responses to the specific questions are only obtained from customers who have expressed
difficulty in Question 10.0. This may prevent the diagnosis of certain impairments (the bias produced is more
serious than that mentionned at the end of Annex A).

References
[1] CCITT Recommendation Inquiries among users of the international telephone service, Vol. 11, Rec. E.125.

[2] CCITT — Question 2/XII, Annex 2, Contribution COM XII-No. 1, Study Period 1977-1980,
Geneva, 1977.

[3] CCITT — Question 2/XII, Annex, Contribution COM XII-No. 171,. Study Period 1977-1980, Geneva,
August 1979.

Recommendation P.78

SUBJECTIVE TESTING METHOD FOR DETERMINATION OF LOUDNESS RATINGS
IN ACCORDANCE WITH RECOMMENDATION P.76

(amended at Malaga-Torremolinos, 1984)

Preface

This Recommendation describes a subjective testing method which has been found suitable for its purpose
by use in the CCITT Laboratory. It can also be used in other laboratories. Provided that the Intermediate
Reference System (IRS) used complies with the requirements of Recommendation P.48 and that other require-
ments given in Recommendation P.76 are adhered to, the loudness ratings obtained by using the method given in
the present Recommendation can be used for forwarding the study of Question 19/XII [1] (Recommended values
of loudness rating). The present Recommendation, together with Recommendations P.76 and P.48, provides a
definition of loudness ratings which can be used for planning.

Summary

This Recommendation contains the essential particulars for defining the method for determining loudness
ratings in accordance with Recommendation P.76 when use is made of subjects performing equal loudness
balances. Details are included concerning the balancing method, choice of subjects, speech material, design of
experiment, method of analysis and presentation of results.
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1 Introduction

To compare the calculation of loudness ratings method (Recommendation P.79) a defined method of
subjectively determining loudness ratings is required. This Recommendation deals with all aspects of a test from
selection of operators to the method of analysis and finally presentation of results.

2 General

In the subjective comparisons, the Fundamental Reference System (FRS) is used (although other reference
systems are permissible) as the datum for comparing the following speech paths:

2)

b)

f)

Path 0 — The fundamental reference system always provides the speech path against which each of
the others is balanced. NOSFER set at 25 dB is used.

Path I — The send end of the test (“unknown™) local telephone circuit connected through the test
(“unknown”) junction and an adjustable attenuator to the receive end of the test (“unknown”) local
telephone circuit. The adjustable attenuator must be inserted in such a manner that the impedance
relationships between the three parts of the connection (send end, junction and receive end) are not
disturbed.

Path 2 — The send end of the intermediate reference system connected through an adjustable
attenuator to the receive end of the intermediate reference system.

Path 3 — The send end of the test (“unknown”) local telephone circuit connected through an
adjustable attenuator to the receive end of the IRS.

Path 4 — The send end of the IRS connected through an adjustable attenuator to the receive end of
the test (“unknown™) local telephone circuit.

Path 5 — The send end of the IRS connected through the test (“unknown”) junction and an
adjustable attenuator to the receive end of the IRS. The adjustable attenuator must be inserted in such
a manner that the impedance relationships between the three parts of the connection (send end,
junction and receive end) are not disturbed.

In these subjective comparisons, the junction of the fundamental reference system is fixed, i.e. the level of
speech sounds received via the fundamental reference system is kept constant, the loudness balance being obtained
by the so-called “margin” method, and the balance attenuator being that inserted in the telephone (or IRS) path
being tested.

The speaking position used with both the IRS and the test telephone sets should be as defined in Annex A
to Recommendation P.76.

Figure 1/P.78 shows the composition of the telephone paths to be compared. The balances should be
conducted using the vocal level defined in Recommendation P.72.

The loudness ratings relative to the IRS as defined in Recommendation P.76 are:

OLR = x — x
SLIR = — x
RIR =x — x4
JLR = x — x5

It is not necessary to include all the paths indicated above in every experiment. Paths 0 and 2 are essential
but addition of only 3 and 4 is sufficient to determine sending and receiving loudness ratings of a local telephone
circuit. Paths 0, 2 and 5 are required to determine a junction loudness rating. Path 1 is usually required only when
it is derived to verify additivity of loudness ratings, namely that:

OLR = SLR + JLR + RLR
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Talker ' . . Listener

2 —{]

(Sending end) (Receiving end)

i

Path O — Fundamental reference system

“Unknown” “Unknown” X “Unknown”
LTS junction ! LTS

Adjusted for balance
against Path O

Path 1 = “Unknown”/“Unknown"/“Unknown"”

IRS X2 IRS

Adjusted for balance
against Path O

Path 2 — Intermediate reference system (IRS)

“Unknown”
(TS AT IRS

Adjusted for balance
against Path O

Path 3 — “Unknown”/IRS

X “Unknown”
IRS ¢ LTS

Adjusted for balance
against Path O

Path 4 - IRS/”Unknown”

I S e

|| “Unknown” | _| X
IRS junction 5 IRS

Adjusted for balance
against Path O

gt o= g% a= g

ITT-4
* Path 5 - IRS/“Unknown"/IRS cerTT-a4730

FIGURE 1/P.78 _
Arrangement of paths for subjective method of determination of loudness ratings
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3 Experiment design

To have confidence in results requires the correct testing procedures to be followed, coupled with the
correct experiment design. The procedure should be prepared such that no ambiguity can exist.

The
a)

b)

<)
d)

Twelve operator-pair combinations
from two crews of three, known as

following points must be considered in the design:

The experiment should be designed in such a way that all uncontrolled influences operate at random,
e.g. slight day-to-day drift of subjects and/or measuring equipment;

If more balances are required than can be comfortably completed in one day, then the experiment
must be designed such that equal numbers of each type of system are completed each day;

The operators who start a test should always be the same throughout the test [2];

A minimum of 12 operator-pair combinations is suggested with a maximum of 20. Twelve operator-
pair combinations can be arrived at from two crews of 3 (see Table 1a/P.78) or one crew of 4 and
18 operator-pair combinations can be arrived at from one crew of 6 (see Table 1b/P.78) and
20 operator-pair combinations from one crew of 5 (see Table 2a/P.78).

Note — One crew of 6 giving 30 operator-pair combinations (see Table 2b/P.78) produces a larger
test for only slightly more precision than the previously mentioned crew sizes;

TABLE 1a/P.78 TABLE 1b/P.78

Eighteen operator-pair combinations
from one crew of six, known as

3/6 operator method 3/6’ operator method

Operator (listener) Operator (listener)
A B C D E A B C D E F
A X X A X X X
B X X B X X X
Operator C X X Operator C X X X
(talker) D X (talker) D X X X
E X E X X X
F X X F X X X
TABLE 2a/P.78 TABLE 2b/P.78
Twenty operator-pair combinations Thirty operator-pair combinations
from one crew of five, known as from one crew of six, known as
5/5 operator method 6/6 operator method
Operator (listener) Operator (listener)
A B C D E A B C D E F
A X X X X A X X X X X
o B X X X X B X X X X X
perator
(talker) C X X X X Operator C X X X X X
D||X X X X (talker) p || X X X X X
E X X X X E X X X X X
F X X X X X
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e) When using two crews of 3, one can use both crews interleaved but it is generally more practical to
separate the crews and use test crew 1 before crew 2. Members should not be used in both crews as it
causes a bias and complicates the analysis;

f) All operator-pair combinations should be tested in rotation, where practical, such that each operator
takes a turn as talker, then listener and then has a break;

g) The design of the experiment should eliminate any effect that could be attributed to the order of
presentation. That is to say that all systems should be in a randomized order. To illustrate this point
two examples are as follows:

Example 1

If one type of loudness rating is required, with a given combination of telephone set and circuit
condition, then the experiment design must allow for any effect associated with order of presentation
for each operator-pair combination. An example is shown in Table 3/P.78.

TABLE 3/P.78

Example to illustrate the elimination of order of
presentation effect for one type of loudness rating

. Talker A B C
Operator-pairs .
Listener B C A
o 3 1 2
. o 2 3 4
Circuits B 1 4 3
it 4 2 1

Where o = path 0 presented before path 2
o = path 2 presented before path 0
B = path 0 presented before path 3
f' = path 3 presented before path 0

Note — When it is proven that there is no difference for a given test crew and set of test conditions, the
distinction between the order of path presentation can be eliminated.

Example 2

Now, if more than one type of loudness rating is made or more than one telephone set is used; then
there need only be one balance of path 2 against path 0 and vice-versa per operator-pair combination
for any experiment, but this must be randomized within the experiment. An example is shown in
Table 4/P.78.

TABLE 4/P.78

Example to illustrate the elimination of order of
presentation effect for two types of loudness ratings

o ) ) Talker A B C
erator-pairs

P pal Listener B C A

[ 3 1 2

o 5 4 6

- B, 1 2 5

Circuits : 6 5 3

B, 2 6 4

B3 4 3 1

B, Bi = have, for example, 0 km of subscriber’s cable
B,, B> = have, for example, 6 km of subscriber’s cable

Some experiment designs can be found in Annex A.
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4 Selection of crew members and speech material

Requirements for the selection of crew members including audiometric testing of subjects, as well as the
speech material used by the crew for subjective tests, can be found in Annex B.

5 Calibration of the IRS

It is most important that the calibration of the IRS is made before every test so that any small change in
SLR and RLR can either be compensated for in the results or the sensitivity can be changed before the test. It is
good experimental practice to check the sensitivity of the IRS after each experiment. The specification of the IRS
is found in Recommendation P.48 and the description of the calibration procedure is found in Recommenda-
tion P.64. The results of the calibration are used to determine the corrections to the subjective balance results
(see § 9).

6 Circuit arrangements

Figure 2a)/P.78 shows a typical circuit layout for the measurement of SLR and RLR. Figures 2b)/P.78
and 2¢)/P.78 show layouts for the measurement of JLR and OLR respectively. There is no reason if the
experimenter so wished, why all four types of loudness rating cannot be tested in the same experiment. This,
however, would require extremely intricate switching arrangements.

In Figures 2a)/P.78, 2b)/P.78 and 2c¢)/P.78 the 600 ohm on the second position of switch S1 allows the
correct speech level to be set when Path 0 is presented after Path 1/2/3/4/5 (see Figure 1/P.78). This switch
should be of the nonlocking type and should be returned to the normal position as soon as the talker has attained
the correct speech level.

In order to reduce the effect of sidetone on the talker’s vocal level during sending and overall
determinations, the acoustic sidetone path of handset telephones should be disabled. This can be accomplished by
placing the earphone in another identical handset and the electrical connections made to the correct terminals on
the telephone transmission circuit. The earphone can then be sealed to an IEC/CCITT artificial ear to give the
correct acoustic loading. A simpler method, used by the Australian Post Office, is to seal the earphone by means
of heavy tape. Although this might not have the correct acoustic loading, in practice it has been found to have a
negligible effect.

If the microphone is of the carbon-granule type, then before each balance the conditioning procedure
according to Recommendation P.75 should be used.

In Figures 1/P.78 and 2/P.78 the fundamental reference system, NOSFER, has been shown but other types
such as SETED and METRE-AIR-PATH could be used.

7 Recording of information

It is essential that as much information of any test should be recorded, in such a way that at any time in
the future, the information can be retrieved.

7.1 Details of the test

Each test should always include the following information:

a) test No. — this should be unique so that one test cannot be confused with another;
b) date; ,

c) title — a brief description of the test;

d) circuit conditions — describe each individual path;.

e) diagram to show switching arrangement;

f) crew members — name each operator and assign a code, as for example in Table 5/P.78. Then each
operator-pair combination can be denoted by a code e.g. A-B.
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a) Switching diagram for the measurement of SLR and RLR
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b) Switching diagram for the measurement of JLR
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Note — S1 is a nonlocking switch. S7, S8, S9 and S10 are all ganged.
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¢) Switching diagram for the measurement of OLR

FIGURE 2/P.78



TABLE 5/P.78

Crew members
Code Operator
A
B
C
D
E
F

7.2 Individual balances

These should always include the “hidden loss” attenuation, the “balance” attenuation and finally the result
of the comparison, e.g.

R=H+B
where 4
R = result
H = hidden loss
B = balance
8 Analysis

For any experiment most information can be obtained from an analysis of variance. However, sufficient
useful information can be derived using the mean, standard deviation. The method of calculation of these
parameters can be found in Annex C.

9 Presentation of results

The results of the test should be presented such that the important information can be displéyed on one
form. An example of such a form is shown in Table 6/P.78.
Note — 1In Tables 6/P.78 to 8/P.78 corrected mean = mean + correction.

Worked examples of the use of the form shown in Table 6/P.78 are shown in Tables 7/P.78 and 8/P.78.
The form has been modified to allow SLR and RLR determinations to be made on a local telephone system
including two line lengths. Table 7/P.78 shows the SLR results and Table 8/P.78 the RLR results.
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TABLE 6/P.78

Presentation of results

Frequency
Hz

IRS
sending
sensitivity
(dBV/Pa)

IRS
receiving
sensitivity
(dBPa/V)

Operator-
pair

(dB)

X2
(dB)

X2
(dB)

X3

(dB)

X3 X2

(dB) | (dB)

X
(dB)

X4
(dB)

X4

(dB)

SLR
(dB)

SLR'
(dB)

(dB)

RLR’
(dB)

SLR + SLR’

RLR + RLR’

2
(dB)

(dB)

100

125

160

200

250

315

500

630

800

1000

1250

1600

2000

2500

3150

5000

6300

8000

Calculated
LR of IRS

Mean: dB

Std.
dev.: dB

95%
confidence
limits: dB

Corrected mean: dB

2 Artificial ear conforming to Recommendation P.51.
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TABLE 7/P.78

Example to illustrate the use of the form shown in Table 6/P.78 for the determination of SLR

IRS

Frgueny | sning | g | Oporor | % | % | K| gl | s | | g | SRS LR st SRS SRR
e | SCanpay @B) | @B) | (@B) | (@B) | @B) | (@B) | (@B) | @B) | @B) | @B) | @B) | @B) | (@B dB)" (@B)
100 A-C 5 (e |15 [13 |14 2 |1 |1 1 2 5 1.0 35
125 DA 5 | |13 |8 [0 0 |1 | s 3 3 2 40 25
160 cD 5 0 |n {7 |[n 0 |u |3 0 0 0 LS 0.0
200 -197 D-C 5 |12 |1 |un | 0 |11 1 4 2 3 25 25
250 -153 CA s (17 {1 |17 |3 2 |18 | o 4 5 3 20 40
315 -122 AD 25 (10 [12 |8 |10 0 |8 | 2 2 0 4 20 20
400 — 96 F-E x5 (n (n |7 |7 5 |4 | 4 4 6 7 40 6.5
500 - 80 B-F 5 10 |n |6 |38 s |7 | 4 3 5 4 35 45
630 - 67 E-B s (3 (12 |8 [ 8 |9 | s -1 5 3 20 4.0
800 — 59 EF 3 (13 |1 |12 |[u | 2 |8 |1 2 1 5 15 30
1000 - 56 F-B s 2 |3 |9 |s s |6 | 3 8 7 7 55 70
1250 - 42 B-E 5 (2 (1B |9 |9 9 |10 | 3 4 3 3 35 3.0
1600 - 12
2000 0
2500 + 10
3150 + 03
4000 ~365
5000
6300
8000
Mean:dB | 25 |12.25]1292| 9.58 | 10.08 900( 9.08| 267 | 28 | 325 | 383 275 3.54
Caleulated . ol 0 | 192| 171] 301| 250 258| 2.56| 160 | 223 | 224 | 191 1.28 1.82
LR of IRS
95% 0 | 122| 108] 191| 159 164 163 102 | 142 142 | 121 0.81 116
confidence
limits: dB Corrected mean: dB 3.76 392 434 4.92 3.84 4.63

¥ Artificial ear conforming to Recommendation P.51.
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TABLE 8/P.78

Example to illustrate the use of the form shown in Table 6/P.78 for the determination of RLR

Fogones | iy | i | opmor | 0 | |5 || g |0 | | | SR R ) SR SR
(dBV/Pa) (dBPa/V) (dB) | (dB) | (dB) | (dB) | (dB) [ (dB) | (dB) | (dB) | (dB) | (dB) (dB) (dB) (dB) (dB) (dB)
100 C-B 25 |10 11 20 20 15 13 —10 -9 =5 -2 — 95 =35
125 B-E 25 |15 9 19 21 13 13 -4 —12 2 —4 — 80 -1.0
160 B-C 25 |14 17 23 23 17 14 -9 -6 =3 3 - 15 0.0
200 — 38 E-B 25 |11 10 19 19 13 15 -8 -9 -2 -5 — 85 =35
250 20 CE 25 1 8 11 16 18 14 15 — 8 -7 —6 -4 -7 —5.0
315 6.6 E-C 25 |13 13 18 18 13 16 -5 -5 0 =3 - 50 —15
400 9.8 D-F 25 |1 8 9 13 13 12 9 -5 —4 —4 0 — 45 -2.0
500 11.2 F-A 25 114 14 2 21 17 16 -8 -7 -3 -2 - 175 —25
630 12.1 D-A 25 |12 10 18 18 13 13 -6 -8 -1 -3 - 10 —2.0
800 12.8 A-D 25 |12 8 21 19 12 11 -9 —11 0 =3 —10.0 —-15
1000 13.4 A-F 25 |10 9 15 18 9 9 -5 -9 1 0 - 170 0.5
1250 13.8 F-D 25 |11 9 19 16 10 10 -8 -7 1 -1 - 175 0.0
1600 14.0
2000 13.2
2500 11.0
3150 10.4 -
4000 —15.8
5000
6300
8000
Mean:dB - | 25 |[11.50§ 10.83 | 18.58 | 18.67 13.171 1283 — 7.08 | — 7.83 [ —1.67 | —2.00 — 7.46 —1.83
Calculated o6 deﬁ.@dB | 0 | 218} 251 275 246 2301 244 1.89 2.23 2.46 212 1.51 1.56
LR of IRS
95% 0 138 159 1.75] 1.56 146 1.55 1.20 1.42 1.56 1.35 0.96 0.99
confidence
limits: dB Corrected mean: dB — 724 — 799 | —183 | —2.16 — 7.62 —1.99

2 Artificial ear conforming to Recommendation P.51.




ANNEX A

(to Recommendation P.78)

Examples of experiment designs

Tables A-2/P.78, A-3/P.78 and A-4/ P.78‘, give typical designs for different crew sizes.
As an example, using Table A-2/P.78, the order of balances is as given in Table A-1/P.78.

TABLE A-1/P.78

Operator- N
Balance No. pair Circuit

1 BA ' B,

2 CB o

3 DC B,

| |

| |
13 BA '
14 CB B,
15 DC 5

I l

| ]
25 BA B,
26 CB 5
27 DC o

2 |

| . |
71 AC B,
72 DA o

The operator-pairs in rotation do all balances in numerical order starting with “1” and finishing with “6”.

Similar tables can be drawn up for a test requiring only one type of loudness rating where only 4 circuits
are required e.g. o, o', B and B’ for a SLR test, where numbers 1, 2, 3 and 4 would be assigned respectively in the
experiment design.
For a test involving more circuits the same principles can be followed assigning as many numbers as there
are circuits. : - :

It may be necessary to.improve the validity of results and a replication of the same experiment design
using the same operator-pairs can be made.

TABLE A-2/P.78

Design for one crew of 4 or two crews of 3
One crew of 4 Talker B ¢ D A C B A B C D A D
. Listener A B C D A D B C D B C A

Operator-pairs

Talker B C A C B A E F. D F E-D
Two crews of 3 Listener A B C A COBDTEF D F E
o 4 1 3 2 6 5 3 6 1 5 4 2
o 6 S . 4 3 2 1 2 4 5 3 1 6
o B, 1 2 5 6 3 4 S 3 2 1 6 4
Circuits 4 2 4 6 5 1 3 4 2 3 6 5 1
B, 3 6 1 4 5 2 6 1 4 2 '3 5§
A 5 3 2 1 4 6 1 S 6 4 2 3
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TABLE A-3/P.78
Design for one crew of 6

Operator- Talker D EF EF DTFDEADB CABTUCATB C

pairs Listener A B C A B C A B CDE F E F D F D E

o 4 1 3 2 6 5 3 6 I 5 4 2 1 2 6 3 5 4

o 6 5 4 3 2 1 2 4 5 3 1 65 4 1 6 2 3

- B, 1 2 5§ 6 3 4 5 3 2 1 6 4 4 6 2 1 3 5

Circuits : 2 4 6 5 1 3 4 2 3 6 5 1 3 1 45 6 2

B, 3 6 1 4 5 2 6 1 4 2 3 5 6 5 3 2 4 1

A s 3 2 1 4 6 1 5 6 4 2 3 2 3 5 4 1 6

TABLE A-4/P.78
Design for one crew of 5
Operator- Talker B C D E A CE B D ADDBE C AE DZCB A
pairs Listener A B C DE A CEBDADUBETCAETDTCB
o 4 1 3 2 6 5 3 6 1 5 4 2 1 2 6 3 5 4 1 6
o 6 5 4 3 2 1 2 4 5 3 1 6 5 4 1 6 2 3 2 5
Circuits B, 1 2 5 6 3 4 5 3 2 1 6 4 4 6 2 1 3 5 3 4
1 2 4 6 5 1 3 4 2 3 6 5 1 3 1 4 5 6 2 4 3
B, 3 6 1 4 5 2 6 1 4 2 3 5 6 5 3 2 4 1 5 2
) 53 21 4 6 1 5 6 4 2 3 2 3 5 4 1 6 6 1
ANNEX B
(to Recommendation P.78)
Selection of crew members, audiometric testing
of subjects and speech material
-
B.1 Crew members

The crew should, wherever possible contain an equal number of both men and women.

The following points are a guide fo‘r selection:

a)

b)
<)
d)
€)

f) .

g

158

Good hearing — no operator should exceed a hearing loss of a 15 dB at all frequencies up to and
including 4 kHz and no more than 25 dB at 8 kHz. This is shown in Figure B-1/P.78. If it is intended
that contra-lateral balances are required and this necessitates the use of both ears, then the maximum
difference between ears should be + 10 dB at all frequencies.. An example of an audiometric testing

procedure of subjects is presented below in § B.2;

Clear speech — each operator should be free from obvious speech impediments;

The operator should be able to work harmoniously with other people;

The operator should be able to make simple arithmetical calculations;

The operator should be able to talk at a constant level, with the aid of a meter, after sufficient
training; .

The operator must not suffer from claustrophobia as each operator must, during the test, spend a
certain amount of short-term solitary confinement;

Regular checks should be made to determine the performance of each operator as both a talker and as
a listener to disclose any unusual changes. A full description can be found in Reference [3].
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Hearing loss

125 250 S00 1000 2000 4000 8000 Hz
Frequency COITT-44 741

Note — Nominal hearing is at 0 dB.

FIGURE B-1/P.78

Mask of maximum loss of hearing of subjects

B.2 Audiometric testing of subjects — simple screening procedure [4]
B.2.1 Visual examination of ears for wax, ask if subject has a cold, sinusitus or any other abnormality.

B.2.2  Frequencies of test

125, 250, 500, 1000, 2000, 3000, 4000, 6000, 8000 Hz.

B.2.3  Example of presentation

1000, 2000, 3000, 4000, 6000, 8000, 125, 250, 500, 1000 Hz.
Note — It is common for the second reading at 1000 Hz to be lower than the first.

Follow the above sequence for one ear, then repeat for the other ear.

B.2.4 Example of finding threshold:

Start above estimated threshold (say 20 dB hearing loss), approach in 10 dB steps until inaudible
(no response). Return to last audible level and descend in 5 dB steps. Then approach this threshold from below in
5 dB steps. Signal duration 1 to 2 seconds.

Threshold is that value at which two equal responses are obtained from four successive stimuli.

B.2.5 Room noise [5]

Using supra-aural type headsets the maximum permissible levels in the test room are given in
Table B-1/P.78.

If circum-aural type headsets are used then it is normally permissible to allow higher levels of noise.

TABLE B-1/P.78

Sound pressure
QOctave band level
(dB)
125 2.0
250 16.0
500 18.0
1000 26.0
2000 36.0
3000 39.5
4000 38.5
6000 40.0
8000 345
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B.3 Speech material

The test phrase or phrases can be either a “nonsense” or “meaningful” phrase. Examples are:
a) Joe took father’s shoe bench out,
b) Paris — Bordeaux — Le Mans — Saint-Leu — Léon — Loudun.

Due consideration should be given to the following points:

i) The ability of each operator to pronounce the chosen test phrase or phrases fluently and at a steady
speech level. The sound structure of the native languages of the operators has therefore a bearing on
the choice of test phrase or phrases;

ii) The phrase or phrases should be chosen so that the agreed measurement method to control the speech
level (i.e. deflection of meter) can give a consistent and readily appreciated indication of vocal level.

ANNEX C

(to Recommendation P.78)

Simplified statistical analysis

C1 Mean

The mean is obtained by using the following formula:

C.2 Standard deviation

It cannot be assumed that the opérators are a sample drawn at random from a population and that the
operator-pair combinations are independent of each other. Under these circumstances the standard deviation must
be of the sample and not an estimate of a population.

The formula for the standard deviation is:

C3 A more detailed statistical analysis is possible to calculate confidence intervals as explained in § 1.3.4 of
the manual Telephonometry [6]. The confidence interval is governed by the dispersion between the crew members,
the number of crew members and the arrangement of the experimental design. Typical values in a well-conducted
test are * 5 dB for the arrangements shown in Table 1a/P.78, + 4 dB for Table 1b/P.78, + 3 dB for
Table 2a/P.78 and + 2 dB for Table 2b/P.78.

References
1] CCITT — Question 19/XII, Contribution COM XII-No. 1, Study Period 1985-1988, Geneva, 1985.

2] The design and analysis of loudness efficacy measurements, Red Book, Vol.V, Annex 7, ITU,
Geneva, 1962.

3] Extract from a study of the differences between results for individual crew members in loudness balance tests,
Red Book, Vol. V, Annex 6, p. 214, ITU, Geneva, 1962.

4] BURNS (W.): Noise and man, Murray, pp. 70-80', 1968
[51 Ibid., pp. 298-300. '
[6] CCITT Manual Telephonometry (to be published in 1985).
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Recommendation P.79

CALCULATION OF LOUDNESS RATINGS

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

Preface

The method given in this Recommendation is provisional for the reason stated in detail below, that its
applicability to local telephone systems containing carbon microphones has not been confirmed beyond doubt.
Nevertheless, Administrations who are studying Question 19/XII [1] (recommended values of loudness ratings)
may use the method given here for studies relating to new types of telephone set which do not contain carbon
microphones V.

Administrations are also encouraged to use the method in studying Question 7/XII [2] for expressing
loudness loss on a common scale in quality evaluation experiments.

The Recommendation describes a calculation method which gives results in good agreement with those
from subjective tests by the CCITT Laboratory? (see Recommendation P.78) using local telephone systems having
noncarbon microphones. For such local telephone systems, the methods given in Recommendation P.64 should be
used to determine the values of sending and receiving sensitivities.

When local telephone systems containing carbon microphones are to be considered, the results obtained so
far from tests in the CCITT Laboratory suggest that the method given in the present Recommendation can still be
used provided a suitable method is used to obtain the sending sensitivities. Various measuring methods are being
considered for this purpose and are listed in Annex B to Recommendation P.64. The results of extensive tests by
the CCITT Laboratory using the “upper-envelope” method show that this method gives good results for some
types of carbon microphone. The matter is being studied under Question 8/XII [3] (Measuring the efficiency of a
microphone or a receiver).

1 Introduction

Loudness ratings according to the principles described in Recommendation P.76 can be determined
without recourse to subjective tests provided that all the following conditions are fulfilled: ’

a) a theoretical model is available having suitable structure;
b) the appropriate values of the essential parameters of the model are known;
¢) the sending and receiving sensitivities of the intermediate reference systems are known;

d) the sending and receiving sensitivities of the “unknown” local telephone systems and the insertion loss
of the intervening chain of circuits are known. ’

The methods of determining sending and receiving sensitivities using an artificial mouth and artificial ear
are defined in Recommendation P.64. The characteristics of the intermediate reference system determined
according to the same methods are given in Recommendation P.48. The receiving sensitivities obtained using the
artificial ear now mentioned in Recommendation P.64 are not directly suitable for use in calculating loudness
ratings but must be corrected to allow for differences between sound pressures in real ears under conditions of
telephone conversations and those measured by the artificial ear. Information concerning this correction (Lg) is
given in § 6.

' The method may also be used for determining receiving loudness ratings irrespective of whether the telephone set contains
a carbon microphone or not.

2 The calculation method described in the Recommendation is based on weighting factors which have been determined for
the 20 1SO-preferred frequencies. General applicability of the method would be improved if smoothed analytic expressions
were also available for use with other sets of frequencies.
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2 Definitions and symbols concerning sound pressures, sensitivities and transmission losses

Definitions and symbols used in the subsequent description of theoretical principles are listed below.
Figure 1/P.79 illustrates these.

position

2.1 Concerning talking

Sound pressure
pM
Sound pressure

Mouth reference Pe
¢ point (MRP) \D Ear reference

X point (ERP)
. v

Speaking distance
and microphone

LME

I 3

Listening conditions
which govern fit of

Send LTS Junction Receive LTS
earphone to ear
Sw g X S
Lins (SL+FB|ﬂ J—l—l Liys (SL+FB)
| |
JS JR CCITT-44634
FIGURE I/P.79

Factors effecting loudness of received speech

These definitions and symbols characterize the situation where a subject is talking. and they include his
physical relationship to the telephone or referenSce connection.

MRP Point defining the mouth reference point; MRP is at a defined location relative to the
~ talker’s lips. (See Recommendation P.64.)
M Sound pressure at MRP? in absence of any obstruction.
s Spectrum density (long-term mean pressure)® of speech referred to a MRP in dB

relative to 20 pPa in a bandwidth of 1 Hz.

VL Vocal level, i.e. speech sound pressure (long-term rms while talker is active) level of
talker at the MRP; usually referred to a reference vocal level as datum.

SP Speaking position, i.e. the relative location of the microphone of the telephone or
reference system and the lips of the talker.

22 Concerning listening

These definitions and symbols characterize the situation where a subject is listening and they include his
physical relationship to the telephone or reference connection:

ERP

PE
Bo
K

3)

4

Point defining the ear reference point (see Recommendation P.64).
Sound pressure at ERP.
Hearing threshold for pure tones referred to an ERP in dB relative to 20 pPa.

A number, related to Fletcher’s critical frequency bands, required to convert hearing
threshold for pure tones to that for continuous-spectrum sounds like speech.

The reference level or datum must be specified, e.g. 1 Pa, 20 pPa, etc.

In practice, measurements are made in terms of sound pressure, and that convention is retained for convenience of

explanation. It is worth noting that sound pressure relative to 20 pPa in a bandwidth of 1 Hz is approximately equal to
sound intensity relative to 1 pW/m? per Hz. :
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T B — K Hearing threshold for continuous-spectrum sounds referred to an ERP in dB relative to
20 uPa in a bandwidth of 1 Hz.
HL Hearing loss, usually referred to “normal” hearing threshold.
LC Listening conditions; the manner in which the earphone and its coupling to the ear is
related to the ERP.
23 Concerning telephone or reference connections

These definitions and symbols serve to characterize the telephone or reference connections in objective

terms:

Lye Air-to-air transmission loss, in dB, from a MRP to an ERP.

JS, JR Electrical interfaces at the output of a sending local telephone circuit and the input to a
receiving local telephone circuit.

LTC Local telephone circuit.

Sms Sending sensitivity of a local telephone circuit from the MRP to the electrical output

: ds).

Note — Sy, relates to a median real mouth; for practical purposes, sensitivities
measured according to Recommendation P.64 using the recommended artificial mouth
may be used for handset telephones.

Sie Receiving sensitivity of a local telephone circuit from the electrical input (JR) to the

ERP. :
Note — Syg relates to a median real ear; sensitivities measured with the artificial ear
referred to in Recommendation P.64 and according to the method described therein are
denoted by the symbol Sj,. Such values must be corrected to give appropriate values for
SJE (SCC § 6)

X7 Transmission loss between local telephone circuits, ie. between JS and JR in
Figure 1/P.79. The circuits concerned in real telephone connections will consist of trunk
junctions, trunk circuits, switching centres, etc. For assessment purposes this chain of
lines is replaced by nonreactive attenuators and filters, etc. and referred to collectively
by the word “junction”. ,

Srmss SriEs are values of Sy, Sye, Lueg, etc., applicable to a reference speech path, e.g. NOSFER

Lpye, etc. or the IRS defined in Recommendation P.48.

Sumss Suvies Are values of Sy, S/e, Lue, etc.,, applicable to an unknown speech path, e.g. a

Ly, etc. telephone connection.

XURs XRU values of x applicable to combinations of “unknown” sending to reference receiving and
reference sending to “unknown” receiving speech paths.

Sy Sensitivity of a telephone microphone referred to a MRP.

Sg Sensitivity of a telephone receiver referred to an ERP.

Lg Electrical transmission loss from the terminals of a microphone to the line terminals of
a telephone set.

Lg Electrical transmission loss from the line terminals of a telephone set to the terminals of
a receiver. ,

L;ys (SL + FB) Transmission loss of the combination of subscriber’s line and feeding bridge.

3 Structure of the theoretical model
3.1 Definitions concerning loudness, its relationship to sensation level and loudness ratiﬁgs

These definitions and symbols relate to factors concerning loudness and loudness ratings of telephone

speech paths:
VA

Zro

Sensation level, in dB, of the received speech signal at a given frequency; describes the
portion of the received speech signal which is above threshold and is, therefore, effective
in producing the sensation of loudness.

Value of Z when Ly = 0 dB.
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Q((2) Function of Z related to loudness; transforms sensation level expressed in terms of Z, to
' loudness numerics.

m A parameter which can be used to define Q(Z); represents the slope of 10 log;, Q(Z)
as function of Z

S A monotonic function of frequency such that equal increments of S are of equal
importance to loudness, provided the associated values of Z are the same.

S’ . The derivative of S with respect to frequency; S’ = dS/df. S’ can be considered as a
frequency weighting factor.

ds » From the foregoing, dS = S’ df

02 Weighted average of Q(Z) which is related to the total loudness in a received speech
signal. '

A Loudness of the sound being considered.

OLR, SLR, Overall, sending and receiving and junction loudness ratings.

RLR, JLR

3.2 Loudness model

In considering speech transmission paths, it is necessary to define acoustical terminals of the paths. This
can be done in terms of MRP and ERP. There are no unique definitions of such reference points, but those used
here are defined in Recommendation P.64.

Curve 1 in Figure 2/P.79 shows the spectrum density B’s of speech emitted at a certain vocal level and
measured at the MRP in the absence of any obstruction in front of the mouth?®. The measurement may be thought
of as made with the aid of a very small measuring microphone. When the speech reaches the ear of the other
participant in a telephone conversation, it will have been subjected to transmission loss and distortion in the
telephone speech path and the spectrum density may then be as shown in Curve 2; the ERP to which Curve 2 is
referred can, for explanation, be thought of as located at the opening of the ear canal, but might equally well be
the tympanum, i.e. eardrum of the listenets ear. The studies at present in hand make use of an ear reference point
located at the opening of the air canal (as referred to in Annex A to Recommendation P.64). The interval Ly
between curves 1 and 2 represents the “mouth-to-ear” transmission loss and is, in general, frequency-dependent.

The received spectrum represented by Curve 2 does not contribute uniformly to loudness, i.e. those
portions of the spectrum lower in level than the listenets threshold of hearing contributes very little compared with
those well above the threshold. Account is taken of this by defining a quantity termed “sensation level”
(symbol Z) which is the interval between the received spectrum, Curve 2, and the threshold of audibility for
continuous spectrum sounds (Bp — K) shown in Curve 3. Loudness of the received speech sound thus depends
upon Z, which is, in general, frequency-dependent. :

5)  See Annex A to Recommendation P.64 for the definition of MRP.

164 Volume V — Rec. P.79



10

o

LT

Discomfort and pain
80

60 — LN

/ N (1)

\\

Lug

2)

20 // iR \
( .

-K \l (3)
Bo v \\

N\
\

]
/
/
J

Spectrum density, dB rel 1 pW/m? sound intensity
per Hz or rel 20pPa sound pressure in 1 Hz bandwidth
e

—~fer”

100 200 300 S00 800 1000 1600 2000 3000 4000 S000 8000 Hz
Frequency CCITT-44763

Curve (1) Spectrum density of speech at mouth reference point.

Curve (2) Spectrum density of speech at ear reference point received over an
approximately limiting telephone speech path.

Curve (3) Hearing threshold for continuous spectrum sounds.

FIGURE 2/P.79

Determination of sensation level Z, the portion of the received speech signal
effective in producing the sensation of loudness

Studies have shown® that the loudness, A, can be expressed approximately as a function of Z in the
following manner:

S
r=C[ Q2Z)s df G-1)
A

where C is a constant, Q(Z) is a “loudness growth function” which transforms Z so that equal increments of the
transformed values represent equal increments in loudness, S’ is a “frequency weighting function” which weights
the transformed values of Z according to their positions along the frequency scale and f; and f, correspond to the
lower and upper frequency limits for the band of interest.

9 This model does not claim to represent accurately all the features that relate to perception of the loudness of speech; for

example, the effects of interfrequency masking are ignored and it does not predict the increasing importance of the lower
frequencies as the intensity of the sound is increased from the threshold. It is possible to construct models that represent
more of the features fairly well, but no completely comprehensive model is known. Such models are unnecessarily
complicated for calculating loudness ratings. The most important restrictions in use of the model described here are: a) it
should only be used for comparing telephone channels similar in frequency band to the intermediate reference system or
commercial telephone connections; b) it should be used to make comparisons at the constant listening level indicated in
Recommendation P.76.
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If desired the frequency scale can be transformed to a scale of S, equal increments of which have the same
“importance” so far as loudness is concerned.

Thus:
ds
S = — 3-2
af (3-2)
which gives
S .
A=C[ Q(Z)ds (3-3)
S

where S; and S, are points on the scale of S that correspond respectively to f; and f.

The basic elements of the loudness rating process are shown in the flow diagram of Figure 3/P.79. The
flow diagram depicts a “reference” spectrum decreased by the loss of a telephone connection resulting in a
received spectrum which together with the threshold of hearing produces Z, the values of which (as a function of
. frequency) are effective in producing the sensation of loudness. Thus:

Z=B's— Lyz — Bo — K) (3-4)

and Z as a function of frequency is converted to loudness, A, according to the equations explained above in which
Z is transformed to loudness numerics which are then weighted by the frequency weighting function to produce
Q(Z); a constant applied to Q(Z)produces A, the loudness of the received speech expressed on some suitable
scale.

CCITT-44772

FIGURE 3/P.79

Simplified flow diagram showing how loudness, , is related
to sensation level, Z

The flow diagram of Figure 3/P.79 represents only basic elements in the loudness rating process. These
elements require further specification in order to render them unique. For example, B’s depends on the particular
speaker and his vocal level, the test phrase used, and the location of the talkeis lips with respect to the telephone
microphone defined by his individual method of usage and by the somewhat arbitrarily defined MRP. Similarly,
the received spectrum level depends on the particular listener and his characteristics, e.g. fit between his ear and
the telephone earphone when the handset is held in a prescribed manner, whether or not he has a hearing loss,
and on the ERP.

Furthermore, transmission planning studies require subdivision of the connection loss, Lyg, into compo-
nent parts, e.g. a sending component, a receiving component and an interconnecting component.

The function Q(Z) can, in part, be specified in terms of a parameter m which is the slope of the logarithm

of Q(Z) when plotted against Z. m does, however, depend upon the listening level (or Z) in the general case but
may be considered constant over a wide and useful range of Z.
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Those additional factors considered at present to be of importance are included in the more detailed flow
diagram of Figure 4/P.79 which is an expansion of Figure 3/P.79. The influence of these factors can be
appreciated from the previous discussion and from review of the definitions given in § 3.1. Figure 3/P.79
supplements these definitions.

__________ d o CCITT-44783

FIGURE 4/P.79
Flow diagram

4 Values of the parameters

4.1 General
To implement the model in the form described in § 3, it is, in principle, necessary to assign values to the
following parameters:
‘s as a function of frequency
10 logyo S’ as a function of frequency
m which (partly) defines the loudness growth function Q(Z)
By — K as a function of frequency.

In fact, for the present purposes, it is convenient to group all these parameters together into a single
frequency-dependent parameter which can be used with m for the purposes of calculating sending, receiving and
junction loudness ratings and the loudness insertion loss of electrical elements such as channel filters in
commercial telephone connections.

The theoretical derivation of this frequency-dependent parameter G, is explained below.

G, together with m, can be estimated directly from the results of subjective loudness balance tests
conducted using sets of lowpass and highpass filters in a suitable reference system.
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4.2 Theoretical derivation of G

Equation 3-1 can be written:

h=C | Q) S df - @1a)

and

Ar=C [ Q(Z) S'df (4-1b)

where Ay and Ag represent the loudness of speech received through the “unknown” and reference speech paths
respectively and Z; and Zj are the corresponding values of sensation level (which are functions of frequency).

The calculation method to be described depends upon the assumption (largely verified for restricted ranges
of listening level) that the function Q(Z) can be put in the form:

Q(Z) = constante - 10"(/10Z “

(The base 10 and the multiplier 1/10 are used merely to preserve the analogy to the decibel, in which unit Z is
expressed.)

Let
Zio = B's — (o - K) | @3)
and substitute in Equation 3-4 to obtain:
Zy = Zro — Lyme (4-42)
Zr = Zro — Lrue (4-4b)

By substituting’ Equations (4-4a) and (4-4b) in Equations (4-1a) and (4-1b) and rearranging:

7\'U =C J‘ 10— m(1/10) LUME [10m(1/10)ZRo S'] df ‘ (4_5a)

}\'R =C J’ 10— m(1/10) LRME [lom(l/IO)zRo S'] df (4-5b)

The loudness rating can be considered to be the Ax (independent of frequency) removed from the
“unknown” speech path to render Ay = Ag.

Using the substitution:

G = [10m(/19ZR0 §7] : ) (4-6)

and inserting Ly, — Ax in Equation (4-5a) in place of Lz, we obtain equality of the A’s.

Therefore

j 10-m(1/10) (LUME-Ax) Gd f = j 10— m(1/10) LRME Gdf (4-7)

j‘ 10-m(/1LUME G d f

10-m(/100A% _
j 10-m(/10 LRME G df

(4-3)
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and

Ax = —m='10log [ 10-m(/1OLUME Gdf ~ {—m-' 10 logyy [ 10-"0/OLRME Gdf}  (4-9)

Without affecting the equality, G can be scaled by multiplying with a suitable constant to render
|G df = 1; G can then be treated as a weighting factor” and each term on the right-hand side takes the form:

o-! [ch(L) Gdf] =L

’

Then for the loudness rating we have

loudness rating = Ax = Lyyg — Lgrue (4-10)

The terms Ly,y and Lg,, can be considered as the “weighted average mouth to ear loss” of the
“unknown” and reference speech paths respectively. In each of the foregoing equations, integration (and therefore
averaging) is over the range between lower and upper frequency limits of interest.

For computation, the audible range of frequency is divided into a number (N) of continuous band; use is
made here of the 20 ISO-preferred bands centred at frequencies spaced at approximately 1/3 octaves from 100
to 8000 Hz. Averaging the values of Ly, is then performed by summations of the form:

N .
Lyme = -m~110 logio Z 10-m(/10) Lume GAf 4-11)

The acoustical transmission loss of a speech path is, in general, a function of frequency and can be
defined as:

Lome = 20 logg, 2¥ (4-12)
PE

where py and pg are as defined in §§ 2.1 and 2.2.

It is necessary to know the values of Ly, at each frequency together with G Af; naturally, L, depends
on the telephone speech path under consideration but G Af and other information common to all speech paths is
described below. ,

43 Determination of values for G

Values have been assigned to G by analysis of results of loudness balance tests by the CCITT Laboratory
using a special speech path consisting of NOSFER, but with its sending frequency response made more level by
equalization. Each of a set of special low- and high-pass filters was inserted in turn in the “junction” of this
speech path.

Balances were made with each filter and with the “through” path; each was treated as the “unknown”
while balancing for determining relative equivalents against NOSFER with its junction set at 25 dB. Balancing
was done by the “margin” method, i.e. by changing the transmission loss in the “unknown”. Values of Ax were
calculated for each filter and corrected for the transmission loss in the pass-band. The cut-off frequencies were
taken as those frequencies at which the transmission loss was 10 dB greater than the pass-band transmission loss.

7 From Equations 4-3 and 4-6 it can be seen that G as a function of frequency depends upon the value of m and the
frequency-dependent functions B's, By, K and S°.
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By smoothing the results and interpolating at the appropriate edges of the 20 ISO-preferred frequency
bands centred at the frequencies from 100-8000 Hz, it was possible, first, to estimate m; m = 3/Ax, if we take the
value of Ax at the frequency where Ax was the same for low- and for high-pass filtering. Then, by use of
Equation 4-8 and some interaction, it was possible to obtain a set of values for G which satisfied the experimental
data. Note that L, in Equations 4-7 to 4-10 represents the mouth-to-ear transmission loss of the “through” path
and Ly, represents that of the same path with the filter inserted.

The results are given in Table 1/P.79, the value determined for m being 0.175.

TABLE 1/P.79
Values of 10 log,, G and 10 log,, G Af determined by the CCITT Laboratory
Midfrequenc; Af 10 log,y G 10 logy, G Af
(Hz) . (Hz) (dB) (dB)
100 24 —32.63 —19.12
125 29.6 —29.12 —14.41
160 375 —27.64 —11.90
200 4.7 —28.46 —11.96
250 57.0 —28.58 —11.02
315 74.3 —31.10 —12.39
400 92.2 —29.78 —10.14
500 114.0 —32.68 —12.12
630 149.0 —33.21 —11.48
800 184.0 —34.14 —11.49
1000 224.0 —35.33 —11.83
1250 296.0 —37.90 —13.19
1600 375.0 —38.41 —12.67
2000 447.0 —41.25 —14.75
2500 570.0 —41.71 —14.15
3150 743.0 —45.80 —17.09
4000 922.0 —43.50 —13.86
5000 1140.0 —47.13 —16.56
6300 1490.0 —48.27 —16.54
8000 1840.0 —46.47 —13.82
5 Calculation of loudness ratings

5.1 Deviation of formulas and W weights

The method described in Recommendation P.78 can be described in terms of the flow diagrams illustrated
in Figure 5/P.79 which also embody the structure of the model used here (Figure 4/P.79). The diagrams placed on
the left in parts a), b), ¢) and_d) of Figure 5/P.79 are redrawn versions of the various paths given in
Figure 1/P.78. :

Figure 5/P.79 illustrates the procedure when values are known for all the parameters referred to in §§ 1, 2
and 3. In a) of Figure 5/P.79, the parameters shown grouped together are those used to form the composite
parameter G described in § 4. Further grouping is possible as shown in b), ¢) and d) of Figure 5/P.79. It will also
be seen that the whole of the path from xi to A is also common to all four flow diagrams. Use can be made of
this feature to reduce the calculation procedure to a formula which is very easy to compute.
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a) Overall loudness rating (OLR)

Print OLR
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Note concerning a) of Figure 5/P.79

The “unknown” path consists of four sections as follows:
a) sending LTS, comprising telephone set, subscriber’s line and feeding bridge, up to JS in Figure 1/P.79;
b) receiving LTS, comprising feeding bridge, subscriber’s line and telephone set, from JR in Figure 1/P.79;

c) the combination of trunk junctions and trunk circuits present in the real connection between JS and JR;

d) additional, adjustable, transmission loss, x, introduced in such a manner that it will not disturb the overall frequency response of the
complete connection, but will only increase the transmission loss equally at all frequencies.

If the section of the real connection between JS and JR has an image impedance of 600 ohms /0°, there is no problem either in defining
x;yor in introducing the additional loss, x;;. Where this is not so, the image attenuation of a virtual network having 600 ohms resistance image
impedances has to be determined (and a network constructed if actual subjective determinations are to be made). Particularly difficult
problems are encountered if the real connection contains no part in the section between JS and JR that has a 600 ohms image impedances
(such as in a local call connection), but these can be overcome satisfactorily by calculation. Provided that a part is present having at least
about 7 dB attenuation and 600 ohms image impedances, the problems can be overcome fairly easily. )

FIGURE 5/P.79
Flow diagrams illustrating determination of loudness ratings
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FIGURE 5/P.79 (end)

Taking m as constant with the value 0.175, use'can be made of the substitution:

W, = =571 logis GAS (4-13)
Equation (4-11) can then be simplified in appearance to:
N

Lyue = —57.1 logy X 10=0/57D (LUME + W) ‘ 4-14)

1

For the present purposes, the reference speech path will be taken as the “intermediate reference system”
(IRS) defined in Recommendation P.48 and set with its attenuator at 0 dB; having fixed the reference speech path,
Ly becomes constant, i.e. independent of i Therefore Equations 4-10 and 4-14 can be combined to form:

N

loudness rating = —57.1 logyo 3, 10~(1/57-) (LUME ~ TRME + Wi) 4-15)

When rating commercial local telephone circuits, the values of L ume can be obtained for any given
“unknown” speech path combining appropriate sending and receiving sensitivites, Sy; and S,g, in appropriate
combinations. :

For determining an “overall loudness rating” (OLR),

Lyme = —(Sums + Suie) (4-16a)
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For determining a sending loudness rating (SLR) of a local telephone circuit,
Lyrme = —(Sums + SriE) ' (4-16b)
For determining a receiving loudness rating (RLR) of a local telephone circuit, |
Lryme = —(Srms + Suie) (4-16¢)
and for determining a “junction” loudness rating (JLR)

Lyjme = —(Srmy + Srue) + xyy
and (4-16d)
Lrmeo = —(Skmys + Srik)

Substituting these in Equation 4-15:

N .

OLR = —57.1 logyg X, 10(/57-D (SUMJ + SUJE + LRME — W) (4-17a)
N

SLR = —57.1 logyo Y, 10¢1/571) (SUMJ + SRJE + LRME ~ W) (4-17b)
N

RLR = —57.1 logyo X, 10¢/57D(SUJE + SRMJ + LRME — Wi 4-17¢)
N . ’

JLR = —57.1 logyo X, 10U/57-D (=x1s — LRMEO + LRME — W) (4-18)

i

The terms Lz, and W; are common to each of the Equations 4-17 and so further computational
simplification is possible by making the following substitutions: .

Wo = W, —,m ‘ (4-18a)
Ws= Wi~ Sur ~ Laue (4-18b)
Wr = W; — Sgms — Lrue . (4-18¢)
W;= W; + Lgmeo — Lrme (4-18d)

When the substitutions are made, the equations become:

N .
OLR = —57.1 log;p 3 104/57-) (SUMJ + SUIE = Wo) : (4-19a)
SLR = —57.1 logy X, 100/57:D (Sums = Ws) (4-19b)
v , .
RLR = —57.1 log;e ¥, 10/57:0) (SWE = WR) (4-19¢)
N

JLR = —57.1 logjo Y, 10W/57:0 (x3s = W) (4-19d)

174 Volume V — Rec. P.79



Table 2/P.79 shows the values for these “weighting” factors which have been derived from the information
in Table 1/P.79 with m = 0.175.

TABLE 2/P.79

Weighting factors for calculating loudness ratings

Band fre:dligr-lcy Send Receive Junction Overall
No. (Hz) W, Wr W, w,
1 100 154.5 152.8 200.3 107.0
2 125 115.4 116.2 151.5 80.1
3 160 89.0 91.3 114.6 65.7
4 200 77.2 85.3 96.4 66.1
5 250 62.9 75.0 77.2 60.7
6 315 62.3 79.3 73.1 68.5
7 400 45.0 64.0 . 53.4 55.6
8 500 53.4 73.8 60.3 66.9
9 . 630 48.8 69.4 54.9 63.3
10 800 479 68.3 52.8 63.4
11 1000 50.4 69.0 54.1 65.3
© 12 1250 59.4 75.4 61.7 73.1
13 1600 57.0 70.7 57.6 70.1
14 2000 72.5 81.7 72.2 82.0
15 2500 729 76.8 711 78.6
16 3150 89.5 93.6 87.7 95.4
17 4000 117.3 114.1 154.5 76.9
18 5000 157.3 144.6 209.5 92.4
19 6300 - 172.2 165.8 245.8 92.2
20 8000 181.7 166.7 : 2717 76.7
5.2 Loudness rating calculations over a reduced bandwidth

In practical cases the complete information for all 20 bands may not be available, or, for some extreme
bands, may not be reliable. In such cases it will be desirable to restrict the frequency range over which
calculations of loudness are made. '

This may be done quite simply.by using only those bands for which reliable figures exist and making an
allowance equal to the loudness rating of the overall IRS connection calculated over the same reduced bandwidth.
This allowance may conveniently be incorporated into the calculations by reducing the W weights uniformly by an
appropriate figure, or by simply reducing (subtracting from) the resulting loudness rating by the allowance.

Table 3/P.79 gives some examples of the allowance to be applied for various reduced bandwidths.

Other allowances may be calculated by determining the IRS overall loudness rating for the required
bandwidth.

TABLE 3/P.79

Allowance to be subtracted
from W weights for reduced bandwidths

Bands Allowance
3 — 18 (inclusive) 0.1 dB
3 — 17 (inclusive) . 0.1 dB
4 — 18 (inclusive) 0.3 dB
4 — 17 (inclusive) 0.3 dB
6 — 16 (inclusive) 2.1 dB
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6 Sensitivity and transmission loss data required

The sending sensitivity of the local telephone system, Sy, should be determined in principle using real
mouths and real speech but it is usually sufficient to make these measurements using an artificial mouth and
suitable test signal. See Recommendation P.64 for particulars.

The receiving sensitivity of the local telephone system, S,g, should be determined in principle using real
ears. The determination of the sensitivity denoted by S,., using an artificial ear, is explained in Recommenda-
tion P.64 but this quantity differs from the quantity required here by the artificial/real ear correction Lg, that is:

Sie = Sje— Lg

The value of Lg usually depends upon the frequency and upon the manner in which the earphone is held
to the ear. :

Table 4/P.79 shows values obtained for one type of telephone held fairly closely to the ear. Use of these
values for calculation has given reasonably good agreement with receiving and junction loudness ratings
determined by subjective measurements in the CCITT Laboratory. Such calculations have used these values of Lg
for both the IRS and the “unknown”. '

The values of S,z used to determine the values of W, in Table 2/P.79 include a correction for Lg
corresponding to the values of Table 4/P.79. The values of Sy, used in the calculation defined by Equations
4-19a and 4-19¢ should also include a correction for Lg, using either the values of Table 3/P.79 or other values
which might be considered more appropriate for the conditions of use.

Note that the values of Lg used for the IRS have some effect on the calculated values of junction loudness
rating. This matter is receiving further study under Questions 8/XII [3] and 12/XII [4].

TABLE 4/P.79

Values of L,
Frequency Lg Frequency Lg
(Hz) dB) |  (Hz (dB)
100 20041 ¢ 1000 | —23
125 165 |- 1250 - | —1.2
. 160 12.5 1600 —0.1
200 84 2000 36
250 49 2500 74
315 1.0 3150 6.7
400 —0.7 4000 8.8
500 2.2 5000 10.0
630 —2.6 6300 12.5
800 -3.2 -8000 15.0

The transmission loss xy; is the insertion loss between 600-ohms téerminations of the chain of transmission
elements between JS and JR in Figure 1/P.79. Direct summation (with due respect to sign) of this quantity with
Syms and Sy will not, in general, give Ly, exactly because there are usually some impedance mismatches. Care
must therefore be taken to determine L,z correctly when calculating overall loudness ratings. The inaccuracy will
be severe when the transmission loss x;; is small and when the image impedances of the elements between JS and
JR depart considerably from 600 ohms. The correct values for L,z can be obtained by direct measurement or by
calculation taking all impedance mismatches properly into account.
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7 Restrictions of use

The calculation procedure described here and the values given for the parameters are suitable for
calculating sending, receiving and junction loudness ratings. They may also be used for calculating overall
loudness ratings and loudness insertion loss provided the complete speech paths concerned are restricted to the
telephone frequency band, i.e. nominally to the range 300-3400 Hz.

They are not suitable for making comparisons between speech paths having consnderable differences in
frequency band.

The values of the parameters have been chosen to give reasonably good agreement with subjective loudness
rating determinations by the CCITT Laboratory using the method described in Recommendation P.78. For
sending and receiving loudness ratings, the calculated values may be expected to agree fairly well with subjective
determinations conducted elsewhere. Certain differences have however been found when junction loudness ratings
and loudness insertion losses have been compared with subjective determinations performed by other laboratories.

8 Calculation of sidetone masking rating (STMR)

8.1 Calculation from first principles

Recommendation P.76 describes the principles underlying the sidetone masking rating method in which the
human sidetone signal Lygys is treated as a masking threshold against which the telephone sidetone path loss,
L,.st, is rated. As previously reported the human sidetone path loss, Lygys, has been determined [5] and is shown
graphically in Figure 4/P.76, and in tabular form below in Table 5/P.79. Two sets of values are given in
Table 5/P.79 for use depending on whether the conditions of interest are for an earphone coupling that is sealed
(column 9) or with a typical leak included (column 10).

The calculation method for STMR makes use of the same underlying principles as described for sending
and receiving loudness ratings in §§ 3 and 4. The calculation procedure is summarized by the expression:

mZ] + 10 log,, S' Af
) Z 10 10

STMR = Q 10g10 - (8—1)
m

mZ + 10 log,o S’ Af
2 1075

where
Z = B's — Lyesr — Lg — 10 loggo (106",;'( + 108's._,'5”5”s) (8-2)
and
Z = B's + Swms + Srie — Le — 10 logio (10‘3”1; ’+ wS;LM‘E”—S) 8-3)

where the quantities used are as defined in earlier sections but where, for m, an index:
= 0.225

The summations are normally extended over the range 100 Hz to 8 kHz but may be restricted if Ly.sr
cannot be satisfactorily determined over the full bandwidth.

Table 5/P.79 lists the values for each of the quantities at the ISO frequencies.
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. TABLE 5/P.79

Listing of quantities necessary for the calculation of STMR

IRS
o s Bs | Bo-K | 10logieS S Le Luzns
SRmJ SRJe
dB dB dB dB dB dB dB
Hz dB

1 pW/m¥/Hz | ' {V/Pa | 1PasVv Sealed Un-
. sealed

1) (@ (©)] O] ) (6) ] ® ()] (10)
1 100 57.3 175 —197 ~458 | —275 20 27 | 116
2 125 | 602 14.4 ~1838 ~36.1 | —188 16.5 —4 106
3 160 62.0 10 ~178 _256 | —108 125 —54 7.1
4 200 63.0 5 —17 “192 | - 27 8.4 ~27 7.6
5 250 630 | 25 ~16 —143 27 49 -28 74
6 315 62.4 - 04 —15.1 ~1038 7.2 1.0 ~26 6.1
7 400 61.1 -3 —144 _ 84 9.9 —07 —07 35
8 500 59.3 -5 —136 — 69 113 —22 5 57
9 630 57.0 — 63 ~133 ~ 6.1 1.9 -26 132 8.9
10 800 54.4 -8 ~1238 — 49 123 —32 19.9 16.2
1" 1000 51.5 — 9 —124 ~ 37 126 ~23 26.1 238
12 1250 48.4 -85 —122 ~ 23 125 —12 237 237

13 1600 45.4 -8 ~11.9 —o06 | 13 ~01 2 2
12 | 2000 423 -9 —119 03 13.1 36 211 211
15 2500 39.5 ~11.5 —1n 1.8 131 74 2.1 2.1
16 3150 363 —138 —121 1.8 126 6.7 233 233
17 4000 346 | —13 —124 —372 | -316 8.8 242 242
18 5000 328 | —125 —125 —522 | —s49 10.0 26) 6)
19 6300 315 —111 —13 ~7136 | —615 125 (28) 8)
20 8000 30.9 -9 —14 ~90 ~90 15.0 (30) (0)

8.2 Calculation of STMR using W weights

In § 4 above, the fundamental principles underlying the loudness rating procedure for sending, receiving,
overall and junction loudness ratings were further developed, and a simplified equation derived which makes use
of the W weights listed in Table 2/P.79 together with simplified equations (4-19a) to (4-19d). The equations (8-1),
(8-2) and (8-3), applying to the STMR calculation, may also be reduced to a simplified equation that makes use of
a set of W weights and a value of m unique to STMR, thus:

N
STMR = — Q logye Y 10010 (= LmesT — LE ~ WM) (8-4)
m 1

where m = 0.225
and W), take the values given in Table 6/P.79.

In deriving W weights for the unsealed condition, (column 3, Table 6/P.79) values of Lz in accordance
with column 8, Table 5/P.79 have been assumed for the reference path (IRS) When calculating STMR unsealed,
appropriate values of Lg should be added to the L, sy values and inserted 1n the formula as indicated. In many
cases the Lg values of column 8, Table 5/P.79 will be satlsfactory

For the sealed condition the weights of column 2, Table 6/P 79 should be used and the Lg values
associated with L,.s7, set to zero.
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TABLE 6/P.79

Weighting factors for calculating STMR

Band No. Wys sealed W) unsealed

0)) ) (3)

1 110.4 94.0

2 107.7 91.0

3 104.6 90.1

4 98.4 86.0

5 94.0 81.8

6 89.8 79.1

7 84.8 78.5

8 75.5 72.8

9 66.0 68.3

10 571 58.7

11 49.1 494

- 12 50.6 48.6
13 51.0 48.9

14 51.9 49.8

15 513 493

16 50.6 48.5

17 51.0 49.0

18 49.7 47.7

19 . 50.0 48.0

20 52.8 50.7
8.3 Comments on sealed versus unsealed conditions for the calculation of STMR

In deriving values of Lygys for the sealed ear, very stringent measures were taken to eliminate leaks
between the earcap of the test receiver and the subjects’ ears. For Lygps unsealed a particular value of Lg was
acoustically inserted at the receiver. The difference between the Lygys sealed and Lygys with leak can be seen by
comparing columns 9 and 10 of Table 5/P.79. Over the most important parts of the frequency range this
difference approximates to the value of Lg used at the receiver. In practice, rating differences (sealed-unsealed) are
generally less than 1 dB.

This suggests that in practice any leak present will affect Lygys and Lygsr approximately equally, at least
over a practical range of acoustic leaks. This in turn suggests that the Lygys will always have approximately the
same masking effect with respect to Lygsr irrespective of any leak present and that for purposes of rating sidetone
loudness STMR is expected to give better correlation with subjective effects if calculated for sealed ear conditions.

Use of the sealed condition is preferred, but Administrations may continue to use STMR unsealed for
experimental purposes or where accumulation of data makes it sensible to do so, e.g. for certain existing
specifications. If this is the case it must be clearly stated in the related documentation.

Information on other aspects of sidetone will be found in annexes to Question 9/XII [6] and in
Supplement No. 11 at the end of this volume.
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Supplement No. 1

PRECAUTIONS TO BE TAKEN FOR CORRECT INSTALLATION
AND MAINTENANCE OF AN IRS

(,For this Supplement see Volume V of the Orange Book)

Supplement No. 2

METHODS USED FOR ASSESSING TELEPHONY TRANSMISSION PERFORMANCE

(Geneva, 1980; modified at Malaga-Torremolinos, 1984)

(Quoted in Recommendation P.74)
(Contribution from British Telecom)

1 Introduction

This Supplement gives brief descriptions of the methods for assessing telephony transmission performance
that are recommended by the CCITT or have been employed over Study Periods 1968 to 1980 in studying
Questions assigned to Study Group XII. Some of the methods are already fully described in Recommendations
and these will merely be listed here with reference to the appropriate Recommendation. Other methods are also
described in detail elsewhere; the essential features of these are given here with a brief description of how they are
conducted, with reference to descriptions published elsewhere.

2 List of methods

a) loudness comparison for speech (reference equivalents and loudness ratings);
b) articulation (AEN) ratings;

¢) listening opinion tests;

d) conversation opinion tests;

e) quantal-response detectability tests.

3 Brief descriptions and references to more complete descriptions

3.1 Loudness comparisons for speech are intended to quantify the relative level at which speech, transmitted
over a given telephone connexion, reaches the ears of customers while they are listening to a person talking at the
other end. In order to standardize the measuring procedure, the talking and listening conditions are each
controlled in a specified manner. Circuit noise and room noise are excluded from the determination and so the
results are governed by the overall mouth-to-ear transmission loss of the speech path being considered. The
present recommended method is given in Recommendation P.72 and proposals for new methods are to be found
in Question 15/XII [1]. More general information can be found in Reference [2].

3.2 Articulation measurements are based on measurement of the fraction of speech sounds recognized correctly
when transmitted and reproduced over the speech path in question. Circuit noise and room noise at specified
levels should be present and the result is affected by their levels. Just as for § 3.1 above, talking and listening
conditions are controlled. The method recommended by the CCITT is described in Recommendatlon P.45. Other
information will be found in Reference [2]. :

33 Listening opinion tests are conducted using speech material in the form of sentences and the listeners
judge the speech received over the path according to a given criterion. The method has been widely used, and
further details can be found in Reference [2].

3.3.1  Method of conducting listening opinion tests
The speech is usually recorded so that it can be reproduced at a given level. The recordings for this

purpose must be carefully made and copied so that uncontrolled degradations do not appear. Circuit noise and
room noise may be present, and their effects are taken into account.
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Two subjective criteria commonly used are loudness preference and listening effort, for which the
following scales are used.

— Loudness preference scale:

Opinion scale No. 44
A Much louder than preferred.

Louder than preferred.

C  Preferred.
D  Quieter than preferred.
E  Much quieter than preferred.

— Listening effort scale:

Opinion scale No. 7: Opinions based on the effort required to understand the meanings of sentences
A Complete relaxation possible; no effort required.

Attention necessary; no appreciable effort required.

Moderate effort required.

Considerable effort required.

m g O w

No meaning understood with any feasible effort.

Experimental design is usually based on a graeco-latin or hyper-graeco-latin square, in which rows
represent listeners, columns represent the order in which conditions are administered, symbols of the first alphabet
represent circuit conditions, and symbols of other alphabets represent talkers and lists of sentences. Each cell of
the design thus represents a “run”, in which a particular list of sentences, recorded by a particular talker, is
replayed via a particular circuit condition to a particular listener at a particular position in the sequence of
conditions presented to that listener. Within each run the listening level is varied over a number of predetermined
values in random order, one value per group of five sentences, and the subject votes on one of the above opinion
scales at the end of each group. Rarely some other parameter, such as bandwidth, is varied within each run

instead of listening level.

In listening-effort tests, listeners are specially prone to what is known as the “enhancement” effect: that is,
their standards of judgement are liable to be strongly influenced by the range of quality and listening level
occurring in the same test, and especially within the same run. It is therefore important that the circuit conditions
chosen should not include too many bad ones (that is, conditions that will yield a poor listening-effort score even
with the best listening levels), that every run should cover a range of listening levels from well above optimum to
at least 30 dB below optimum, and that within each run at least one group of sentences should be heard via an
“anchor” condition (a good condition with a good listening level). It is also important that groups and lists of
sentences should not vary too widely in their intrinsic comprehensibility, and that no subject should hear the same
sentence more than once in the same experiment, because the listening effort needed to understand a familiar
sentence would obviously be reduced.

The votes using the above scales are scored respectively 4, 3, 2, 1 and 0: the mean of these values for each
circuit condition is called “mean opinion score”. The opinion scores are processed by analysis of variance in order
to verify that the effects due to circuit condition, listening levels, talkers, listeners and other factors are as
expected, to determine their significance, and to evaluate confidence intervals. It is usual to express the
relationship between listening level and loudness-preference mean opinion score (scale 4A) by fitting an equation
describing a straight line or logistic curve, whereas the relationship between listening level and listening-effort
mean opinion score (scale 7) is expressed by a fitted quadratic or more complicated equation; other features of the
circuit conditions may also enter as parameters into these equations.

Listening tests using sentence material can also be conducted as pair-comparisons, but these should be
undertaken with due consideration to ensure that subjects become suitably adapted to each test condition.

34 Conversation tests may be conducted either as interviews after real customers have made actual calls or as
laboratory tests. Further information regarding methods recommended by the CCITT for the former is given in
Question 2/XII [3]. Laboratory conversation tests are intended as far as possible to reproduce under laboratory
conditions the actual service conditions experienced by telephone customers: to this end it is necessary to choose
the circuit conditions and subjects suitably, and to'administer the tests in an appropriate manner. A method
intermediate between field observations and laboratory tests is that used by the AT&T Co. and called SIBYL (see
also Reference [4]). Particulars of the method used by British Telecom are given below.
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3.41  Method for conducting conversation tests

The need for careful and exhaustive preparations cannot be too strongly emphasized. It will be obvious to
all that the connexions must be correctly specified and set up, and measured accurately before and after each
experiment; that auxiliary facilities such as dialling and ringing must be provided, so that any of the desired
connections can be chosen and established quickly and without error; and that faithful records of the output of
each test must be kept. But some other equally important considerations are less obvious. The following gives an
outline of a system that takes all these matters into account, and has been found satisfactory in British Telecom.

3.4.1.1 Experimental design

The most suitable designs are of the n x n graeco-latin square type, where each of n pairs of subjects
carries out one conversation on each of n circuit conditions. Precision is very low if n is less than 8; at the other
extreme it is not practical to expect subjects to attend on more than four occasions, or to carry out more than four
conversations per visit. Moreover, the total number of conversations, n X n, increases much more rapidly than n.
For this reason, » is normally limited to the range 8 to 15 inclusive: graeco-latin squares (with symbols from two
alphabets) exist for all these numbers. In such a design, the convention is that rows denote pairs of subjects;
columns denote the order of administering the experiment; symbols of the first alphabet denote circuit conditions
(distinguished not only according to properties of the connections by themselves, but also according to room noise
levels and any other “treatment” factors); symbols of the second alphabet denote sets of pictures used as the topic
of conversation. No further orthogonal factors can be incorporated where n = 10, 12, 14 or 15; but where n = 8,
9, 11 or 13, it is possible to construct hyper-graeco-latin squares with symbols from (» — 3) additional alphabets,
which may be used to govern further orthogonal factors (such as selection of carbon microphones, choice of
calling party, or choice of crosstalk recording), for each conversation. When the square is not hyper-graeco-latin
these factors must be allocated by some simple balanced rotation scheme, but this may give rise to biases that
cannot be eliminated from the results. For this reason the recommended value of n is now 13 rather than 12 as
previously.

To the basic square is added an extra column at the beginning, having the same circuit condition and the
same picture set for all pairs of subjects. This column represents a preliminary conversation for each pair of
subjects, which serves to accustom them to the procedure, and to some extent stabilizes their standards of
judgement. Thus each of the n pairs of subjects carries out (n + 1) conversations altogether. The results from the
preliminary conversations are not included in the main part of the analysis of results, but are analyzed separately.
Using the same preliminary circuit condition in different experiments establishes some common ground between
experiments, but if precise comparisons between results from different experiments are desired, care must be taken
to include replications of several standard circuit conditions in each such experiment.

3.4.1.2 Choice of circuit conditions

Circuit conditions between which particularly precise comparisons are desired must be included within the
same experiment.

Besides this it is necessary that all subjects in every experiment should experience more or less the whole
range of performance levels: that is, there should be at least one very good circuit condition, one of near average
performance, and one very poor one, while the rest should not all cluster too closely about the same mean
opinion score value. If one cannot be confident of this beforehand, it is advisable to carry out first a short
informal test on the proposed set of circuit conditions, in order to find out whether the range is in fact covered; if
not, the selection of conditions should be modified accordingly, otherwise the subjects’ opinion scale will be
distorted (the “enhancement” effect). Extra circuit conditions, not in themselves of direct interest to the
experimenter, may be added to bring up the number to 9, 11 or 13, and to balance the range of performance more
effectively.

Subjects generally expect to experience circuit conditions with various values of overall loss or sensitivity,
which of course has a very strong influence on performance, and can be varied to provide the required range of
circuit conditions. There are also important interactions between overall sensitivity and many other degradations.
It is therefore highly desirable, even if overall sensitivity and its interactions are not the main objects of the
investigation, to include some conditions differing from each other only in overall sensitivity.
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If the investigation cannot be confined to 15 conditions, it is then spread over several experiments, each
concentrating on a well defined part of the inquiry but overlapping the others so as to provide common ground.

3.4.1.3 Eligibility of subjects

Subjects taking part in the conversation tests are chosen at random from the Research Centre personnel,
with the provisons that:

a) they have not been directly involved in work connected with assessment of the performance of
telephone circuits; and

b) they have not participated in any subjective test whatever for at least the previous six months, and not
in a conversation test for at least one year.

No steps are taken to balance the numbers of male and female subjects unless the design of the experiment
requires it. Subjects are arbitrarily paired in the experimental design prior to the test and remain thus paired for
its duration.

3.4.1.4 Environment

Subjects are seated in separate sound-proof cabinets near the point from which the experiment is
controlled. Room noise is fed in with the required spectrum (usually the Hoth spectrum) at the required level
(usually 50 dBA), measured with a Bruel and Kjaer Precision Sound Level Meter type 2206, used with the “A4
weighting” and the “slow” meter characteristic. If different conversations in the same experiment require different
room noise levels, then care is taken to prevent the transitions from being too obvious to the subjects: ideally,
room noise should be changed only when subjects are out of the sound-proof rooms.

3.4.1.5 Methods of establishing the connection

The telephone sets used by the subjects are normal in appearance and feel — usually identical to the
standard British Telecom Telephone No. 706, unless the experiment specifically concerns handsets of other types.
The means of establishing telephone contact between subjects is made as realistic as possible. The calling subject,
on lifting the handset, obtains dialling tone, and has to dial or key a prescribed number to obtain the connection.
Ringing tone occurs after a suitable fixed delay, and the other party’s bell or tone-caller is operated after a further
fixed delay. Wrong numbers are rewarded by the “Number Unobtainable” tone.

3.4.1.6 Conversation task

Every effort is made to ensure that conversations are purposeful, and that subjects have full opportunity to
exploit the transmission capabilities of the test circuit. A task involving sorting pictures into an order of merit has
been found suitable for this purpose and sufficiently interesting to the subjects. The pictures, covering a wide
variety of topics, are samples of the standard postcard-sized illustrations offered for sale at several different
museums, art galleries and similar institutions. These cards are individually numbered on the back, and assembled
arbitrarily into sets of six cards each, every set having an exact duplicate.

The subject is instructed to consider these pictures for display in a public place, and, before each
conversation, to arrange the cards of a particular set in his personal order of preference for this purpose; the other
subject does the same with his copy of the same set. When contact is established via the test circuit, the subjects
have to negotiate an agreed order of preference and write this down at the end of the conversation. The duration
of each conversation is thus determined by the subjects themselves. Occasionally a conversation may be very long
because both subjects are intensely interested in the pictures, or — as happens in less than 1% of cases — very
short because both have independently chosen the same order of preference and have'little to discuss, but even in
these cases it is highly desirable to allow the subjects to decide for themselves how long to converse. After the end
of the conversation they express independent opinions of the connection by marking a form provided: this form is
reproduced in Annex A.

Some variations of the task (such as numbering the same pictures differently for the two subjects) have
been explored, but none has been definitively adopted. No other type of task has been found to have any greater
advantages for the purpose, though several types have been tried.

3.4.1.7 Preparations for ann X n experiment

From a list of all subjects available, the experimenter randomly chooses a sufficient number of those
eligible according to the criteria given in § 3.4.1.3 above. He contacts these by telephone to ask whether they are
willing to participate at certain times, which have to be arranged in such a way that subjects who converse
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together on their first visit remain paired for their subsequent visits in the same experiment. A standard letter is
sent to each subject, confirming the time and place of each appointment, and explaining in some detail what will
be required of the subjects in the experiment: the text of this letter is reproduced in Annex B.

The experimenter prepares schedules, based on the experimental design, showing in what order conditions
must be administered to each pair of subjects, with which picture sets, which party initiates the call in each case,
and any other necessary details. Space is left for filling in information that becomes available as the experiment
proceeds: consecutive conversation number, duration of conversation, identity of tape reel used for recording,
comments about faults or unusual events, and so on. Opinion forms (Annex A) are also prepared for each
conversation. However, in order to avoid duplicating or altering too many entries, some items are not filled in
until they are certain: for example, the actual names of the subjects are liable to change until they actually arrive
for their first visit.

Both in the letter and in any discussions with the subjects, great care is taken not to communicate to the
subjects any knowledge about the nature of the circuit conditions. The opinion forms do not even carry any
number or code identifying the circuit condition — this information is obtained from the schedule and added to
the forms after they have been collected from the subjects.

3.4.1.8 Procedure

When subjects arrive for their first visit, they are asked whether they have read and understood the letter.
Any obscurities are clarified, and opportunity is given for asking questions. The sound-proof rooms and their
facilities are demonstrated. Subjects are informed how many calls will be comprised in this visit. Forms are
handed to the subjects, and they are then left to prepare for the preliminary conversation. On subsequent visits the
subjects are merely informed that the procedure will be the same as before, with possibly a different number of
calls.

At the beginning of each conversation, the subjects take out the specified picture set from a box on the
desk, arrange the pictures in order of preference, and fill in the appropriate part of the opinion form. When both
subjects have done this, the experimenter gives one of them the signal to initiate the call. The subjects are then
completely free to determine the course of the conversation, except that they must not discuss their opinions of the
connection. When they have written down their agreed order of preference for the pictures, terminated the
conversation, and recorded their scores (Excellent, Good, Fair, Poor or Bad) and their answer to the “Difficulty”
question (Yes or No), the experimenter contacts each in turn by telephone to ask what answer he has given to the
“Difficulty” question; if the answer is “Yes”, the experimenter asks the subject to explain briefly (in his own
words) the nature of the difficulty. The reply is noted, but neither the subject nor the experimenter is expected to
attempt precise formulations: it is essential not to prompt the subjects, and in any case the classification of
difficulty has been found far less useful than the undifferentiated percentage “Difficulty” itself.

After this the experimenter requests the subject to put away the form in an envelope provided, and then
tells him to start sorting out the next set of pictures, or, as the case may be, to wait to be released from the
sound-proof room.

Both the conversations between subjects and the conversations between experimenter and subject are
tape-recorded.

3.4.1.9 Treatment of results

The results from each conversation comprise two opinions on the scale Excellent-Good-Fair-Poor-Bad
(scored respectively 4, 3, 2, 1, 0), two votes on the Difficulty scale (scored 1 = Yes, 0 = No), two speech levels
(measured from tape recordings) and one value of duration. In particular cases information may be collected
about other variables also; for example, video recordings may be made in order to observe how subjects hold their
handsets.

Analysis of variance is applied separately to each variate (opinion score, speech level, etc.) in order to test
the significance of circuit-condition features and other effects, and to find confidence intervals for the means.
With a binary variate like “Difficulty” this process must be regarded with some reservations. There is usually less
scope for curve-fitting than in listening experiments, simply because there are far fewer pairs of coordinate values
available.
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3.5 Quantal-response detectability tests

The best method for obtaining information on the detectability or some analogous property of a sound
(such as echo), as a function of some objective quantity (such as listening level), is a quantal-response method
similar in principle to that mentioned in § 3.1 above for loudness balancing. The main difference is that the
subject’s response is not a decision in the form “Reference” or “Test” (the designation of the louder of two
circuits), but a vote on a scale such as:

Opinion scale 64

A Objectionable
B Detectable
C Not detectable

where B is understood to mean “Detectable but not objectionable”.

Scaies of this sort, usually with three points, may be used in a variety of quantal-response tests; for
example the scale as shown above may be used where the stimulus is echo, reverberation, sidetone, voice-switching
mutilation, or interfering tones, while crosstalk and perhaps echo in some circumstances may be judged on the
scale Intelligible — Detectable — Not detectable.

It is sometimes permissible to regard these votes as opinion scores, with values 2, 1, 0 respectively, and
treat them in the same sort of way as one would treat listening or conversation opinion scores. But this is often
unsatisfactory because the decisions on such a scale as 6A are not really equivalents of responses on a continuous
scale — as votes on such scales as 4A may be legitimately taken to be — but effectively embody two distinct
dichotomies (for example detectable/not detectable and objectionable/not objectionable), which though not
independent may nevertheless call different psychological processes into action: in other words, Objectionability
or Intelligibility differs in kind, not merely in degree, from Detectability. For this reason a more profitable
method of analysis is to express the probability of response according to each dichotomy separately, as a function
of some objective variable, by fitting probit or logit equations, and then using the quantiles or other parameters as
a basis of comparison between circuit conditions, in a manner analogous to that used in applying articulations
scores.

The actual conduct of experiments of this type resembles that of listening-effort tests (see § 3.3.1 above),
but there are some differences. In particular it is advisable that the first presentation of the signal in each run
should be at a high listening level, so that the listener is left in no doubt what kind of signal is a candidate for his
decisions. Where sidetone or echo is involved, the subject will be required to talk as well as listen.

Simple audiometric measurements, as described in Recommendation P.78, are usually performed on
subjects who participate in these experiments, so that results can be expressed relative to their threshold of
hearing.

For examples of the application of these techniques, see References [5] and {6].

Noise and other disturbances are sometimes investigated by means of responses on a scale with many
more points; for example, Opinion scale 5 with seven points ranging from “Inaudible” to “Intolerable”. These
scales are more nearly of the quantized-continuum type, like Opinion scale 4A, and can be treated similarly.

4 References to Recommendations and other CCITT publications relying on Methods a) to e) under § 2 above:

a) Many Recommendations include requirements based on reference equivalents of which Recommenda-
tions P.12, G.101 [7], G.103 [8], G.111 [9], G.120 [10] and G.121 [11] are examples.

b) Recommendation P.12 requires certain articulation values to be satisfied but the method is now
mainly used for diagnostic purposes. See Recommendation P.45.

c¢) Study of various Questions, for example see Question 4/XII [12], Question 14/XII [13] and
Supplement No. 4 at the end of this fascicle.

d) Study of various Questions, for example see Question 4/XII [12], Question 9/XII [14], Ques-
tion 14/XII [13] and Supplement No. 4 at the end of this fascicle.

e) Study of various Questions, for example see Question 9/XII [14] and References [15], [16] and [17].

5 General comments on subjective methods used in the laboratory

More detailed information on the conduct of subjective tests and interpretation of their results are given in
Recommendation P.74 and Reference [2]. A rather broad survey of the relationship between various methods is
given in Reference [18]. '
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When used to provide information to assist in transmission planning of telephone networks, subjective
methods should be employed with the following considerations in mind:

a)

b)

9

d)

€)

f)

2

h)

A clear description must be available of the type of telephone connections to which the results are to
be applied. This is provided by formulating appropriate hypothetical reference connections (HRCs)
(see Recommendation G.103 [8]).

The levels, transmission losses, sending and receiving reference equivalents, etc., of the HRCs must
guide the establishment of laboratory arrangements and the conduct of the tests. Speech spectra and
levels must be properly chosen to correspond to those at the various points in the HRC.

Subjects must be drawn from an appropriate population. For example, if audiograms are obtained
from subjects participating in a conversation experiment, this information should not be used to reject
any subjects, because the resultant bias in the sample would make the conclusions applicable only to
users with a certain range of hearing sensitivity. For this reason it is safest to collect auxiliary
information of this type only after the subjects have finished their main task.

Subjects must be treated within the experiments so that the results obtained are valid for the desired
applications. This is the reason for taking the precautions described above (§ 3.3.1) to ensure that
subjects’ judgements are not distorted by the range of conditions and levels chosen, or by the order of
presentation; and to make the procedure in conversation  tests (§§ 3.4.1.5 to 3.4.1.7) natural yet
standardized.

Suitable experimental designs must be used so that the results can be properly analyzed and
confidence intervals estimated.

Uncontrolled variation in some feature of the transmission path is sometimes unavoidable: for
example the requirement may be to conduct a listening test over a fading radio link, or a conversation
test over a TASI link with freeze-out determined by real traffic. In such cases it is advisable to collect
not only the subjects’ responses but also contemporary information on the values of the related
fluctuating quantities: signal strength in the first case, freeze-out fraction or number of channels
occupied in the second. The technique known as analysis of covariance (Reference [19]) is the
appropriate method for processing this information on concomitant variables, as they are called, in
conjunction with the responses (main variables).

Even with proper precautions under c), d), €) and f), reliance should not be placed on absolute values
of scores unless “control” conditions (e.g. a set of reference conditions) are included within the
experiment. However, relativities between scores obtained from different circuit conditions within the
same experiment are more reliable.

A set of reference conditions will make it possible to express results as ratings in terms of equivalent
settings of some reference device — attenuator, noise source, modulated noise reference unit (see
Recommendation P.70), etc. This enables much more reliable comparisons to be made with informa-
tion from other sources.

Results of subjective experiments should always be reviewed for internal consistency and compared
with expected results (derived from previous experience or from a theoretical model) before being
applied.

6 Objective methods

Clearly the ultimate aim must be to attain the capability of assessing telephony transmission performance
purely in terms of the objective characteristics of the telephone connections concerned. This aim is partly satisfied
by use of tabulated information based on previous laboratory and other tests: an example of such usage appears
in Reference [20]. Considerable progress has now been made towards the prediction of assessment scores, speech
levels, etc. by use of subjective modelling as described in Supplement No. 4 at the end of this fascicle and
Reference [21]. British Telecom is now updating its tabulated information using this method.

The modelling technique makes it possible to treat many other important features like attenuation/
frequency distortion and sidetone in a much more general manner. For example, by making due allowance for the
part played by high sidetone level — which is a very potent degradation in connections of poor transmission
performance — it makes clear why sensible limits for overall loss and noise cannot be fixed without regard to
sidetone suppression.
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ANNEX A

(to Supplement No. 2)

Opinion form 12A

Test
Name Cabinet No.
1 Before starting your call, please take out picture set __ and arrange the cards in order of preference.
Record this order in the boxes below, using the numbers on the backs of the cards for identification.
Ist 2nd 3rd 4th 5th 6th
Your Order
of Preference .
2 If you receive a green GO AHEAD signal, then call your partner on . Otherwise wait for your
partner to call you.
3 You may enter your partner’s picture-card order here if you find this helps you in the discussion.
Ist 2nd 3rd 4th 5th 6th
Partner’s Order
of Preference
4 When you have arrived at an agreed order of preference, please enter it here.
Ist 2nd 3rd 4th 5th 6th

Agreed Order
of Preference

Then replace your handset.

5 Please mark, with a cross, your opinion of the telephone connection you have just been using.
N.B. — Please do not discuss your opinion with your partner.
Excellent ) Good Fair Poor Bad
6 Did you or your partner have any difficulty in talking or hearing over the connection?
YES
NO

If the answer is YES, please explain briefly what the difficulty was when the operator contacts you again.

FOR R13.4 USE
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ANNEX B

(to Supplement No: 2)

(Standard letter sent to subjects)

Name

Group

R13.4 SUBJECTIVE TEST No.

Thank you for agreeing to take part in this experiment.

As arranged earlier by telephone, we should like you to come to Room , Floor 3, Main
Laboratory Block, at the following times.

Time Day Date

On arrival, ask for , quoting the above subjective test number. You will be reminded
by telephone shortly before each visit is due. You may book your time to project . If you
cannot keep an appointment, or if you need further information, contact on
Ipswich 64 .

The experiment to which you have been invited forms part of a series concerned with the transmission
performance of telephone connections. You will be asked to converse with another volunteer over particular
telephone connections, and it is hoped that the tasks we shall give you will lead to vigorous conversations devoted
to discussion and negotiation.

In the test room you will be provided with a set of six picture cards. You are asked to imagine that you
and your partner are responsible for choosing some of these (enlarged if necessary) to be displayed in a public
place such as the Staff Restaurant — either as items of general interest or simply as decoration. Before each call
you should arrange all six cards in your order of preference, and write the six identification numbers in this order
on the form provided. Your partner, in another room, will have an identical set of pictures, and his order of
preference will probably be different from yours. One of you will then be requested to make a telephone call to
the other. The aim of the ensuing conversation will be to negotiate with your partner so as to arrive at a
compromise order which satisfies you both. At the end of the conversation you should replace the handset and
enter the six numbers in the finally agreed order on the form. You must also mark the appropriate box to indicate
your opinion of the connection. After this the operator will contact you and tell you what to do next. Subsequent
conversations will be similar, but with different sets of pictures.

In the whole experiment there will be a total of _____ calls spread over the ___ visit(s) arranged
as above. Full instructions will be given when you arrive. Please bring this letter with you, and also your glasses if
you normally wear any.

Thank you once again for your co-operation.

(date)

References
[1] CCITT — Question 15/XII, Contribution COM XII-No. 1, Study Period 1981-1984, Geneva, 1981.
[2] RICHARDS (D. L.): Telecommunication by speech, Butterworths, London, 1973.
[3] CCITT — Question 2/XII, Contribution COM XII-No. 1, Study Period 1981-1984, Geneva, 1981.

[4] SULLIVAN (J. L.): Is transmission satisfactory? Telephone customers help us decide, Bell Labs Record,
March 1974, pp. 90-98. .

[5] RICHARDS (D. L.): Telecommunications by speech, Butterworths, London, 1973, § 3.5.3.
[6] Ibid., § 4.5.1.

Volume V — Suppl. No. 2 191



[7 CCITT Recommendation The transmission plan, Vol. 111, Rec. G.101.
[8] CCITT Recommendation Hypothetical reference connections, Vol. 111, Rec. G.103.

9] CCITT Recommendation Corrected reference equivalents (CREs) in an international connection, Vol. 111,
Rec. G.111.

[10] CCITT Recommendation Transmission characteristics of national networks, Vol. 111, Rec. G.120.

[11] CCITT Recommendation Corrected reference equivalents (CREs) of national systems, Vol. 111, Rec. G.121.
[12] CCITT — Question 4/XII, Contribution COM XII-No. 1, Study Period 1985-1988, Geneva, 1985.

[13] CCITT — Question 14/XII, Contribution COM XII-No. 1, Study Period 1985-1988, Geneva, 1985.

[14] CCITT — Question 9/XII, Contribution COM XII-No. 1, Study Period 1981-1984, Geneva, 1981.

[15] RICHARDS (D. L)) and BUCK (G. A)): Telephone echo tests, P.L.E.E., 1960, 107B, pp. 553-556.

[16] CCITT — Contribution COM XII-No. 171, Study Period 1977-1980, Geneva, 1979.

[17] CCITT — Contribution COM XII-No. 132, Study Period 1977-1980, Geneva, 1979.

[18] CCITT — Question 7/XII, Annex 1, Contribution COM XII-No. 1, Study Period 1981-1984,
Geneva, 1981.

[19] YSNEDECOR (G.W.) and COCHRAN (W. G.): Statistical methods, Chapter 14, 6th edition, Jowa State
University .Press, 1967.

[20] CCITT — Contribution COM XII-No. 173, Study Period 1977-1980, Geneva, 1979.

[21] RICHARDS (D. L.): Calculation of opinion scores for telephone connections, Proc. IEE, 121, pp. 313-
323, 1974.

Bibliography

BRAUN (K.): Die Bezugsdimpfung und ihre Berechnung aus der Restdimpfungskurve (Frequenzkurve) eines
Ubertragungssystems; T.F.T., Vol. 28, pp. 311-318, August 1939.

BRAUN (K.): Theoretische und experimentelle Untersuchung der Bezugsdimpfung und der Lautstirke; T.F.T.,
Vol. 29, pp. 31-37, No. 2, 1940.

BLYE (P.W., COOLIDGE (O.H.) and HUNTLEY (H.R.): A revised telephone transmission rating plan;
B.S.T.J., Vol. 34, pp. 453-472, May 1955 (reproduced in the Red Book, Vol. I, pp. 636-651, ITU, Geneva, 1957,
and Vol. V, pp. 607-624, ITU, Geneva, 1962).

BRAUN (K.): Image attenuations of microphone and receiver insets; N.T.Z., No. 8, pp. 365-370, 1960 (translated
in the Red Book, Vol. V bis, pp. 255-265, ITU, Geneva, 1965).

FRENCH (N.R.) and STEINBERG (J.C.): Factors governing the intelligibility of speech sounds; J.4.5.4.,
Vol. 19, p. 89, Jan. 1947. :

RICHARDS (D. L.) and ARCHBOLD (R. B.): A development of the Collard principle of articulation calculation;
P.ILE.E, Vol 103, Part B, Sept. 1956 (Red Book, Vol. 1, Question 7 of Study Group 12, Annex 4, ITU,
Geneva, 1956).

Contribution by the Italian Administration to the study of objective methods for measuring reference equivalent
and articulation reference equivalent, Red Book, Vol. I, Question 7 of Study Group 12, Annex 3, ITU,
Geneva, 1956. :

FLETCHER (H.) and GALT (R. H.): The perception of speech and its relation to telephony; J.4.S.4., Vol. 22,
p. 89, March 1950 (reproduced in the following work, Chapters 15-17).

FLETCHER (H.): Speech and hearing in communication, D. Van Nostrand, New York, 1953.

Tonality method studied by the U.S.S.R. Administration to determine articulation; Red Book, Vol. V, Part II,
Annex 31, ITU, Geneva, 1962.

Method used by the Swiss Telephone Administration for the determination of transmission quality based on
objective measurements; Red Book, Vol. V, Part 11, Annex 30, ITU, Geneva, 1962.

LALOU (J.): Calculation of telephone transmission performance by information theory, Red Book, Vol. V bis,
Question 7/XII, Annex 2, ITU, Geneva, 1965.

SIVIAN (L. J.): Speech power and its measurement, B.S.T.J., 8, pp. 646-661, 1929.

192 Volume V — Suppl. No. 2



LOYE (D.P.) and MORGAN (K. F.): Sound picture recording and reproducing characteristics, J. Soc. Motion
Picture Engineers, 32, pp. 631-647, 1939. '

RICHARDS (D. L.): Some aspects of the behaviour of telephone users as affected by the physical properties of
the circuit. Communication Theory, Butterworths Scientific Publications, pp. 442-449, 1953.

ZAITSEV (T. E.): Correlation method for determining the fidelity and intelligibility of speech transmitted over
telecommunication channels, Elektrosvyaz, 10, pp. 38-46, 1958.

LICKLIDER (J.C.R.), BISBERG (A.) and SCHWARZLANDER (H.): An electronic device to measure the
intelligibility of speech, Proc. Nat. Electronics Conf., 15, pp. 329-334, 1959.

RICHARDS (D.L.) and SWAFFIELD (J.): Assessment of speech communication links, P.I.LE.E., 106B, pp. 77-
89, 1959.

RICHARDS (D. L.): Conversation performance of speech links subject to long propagation times, International
Conference on Satellite Communication, Inst. Elec. Engrs., pp. 247-251, London, 1962.

RICHARDS (D. L.): Transmission performance of telephone connections having long propagation times, Het
PTT-Bedrijf, 15, pp. 12-24, 1967.

BOERYD, (A.): Subscriber reaction due to unbalanced transmission levels, ibid, pp. 39-43.
RICHARDS, (D. L.): Distortion of speech by quantizing, Electronics Letters,‘3, pp. 230-231, 1967.

GOLDMAN-EISLER (F.): Sequential temporal patterns and cognitive processes in speech, Language and Speech,
10, pp. 122-132, 1967.

Supplement No. 3

TRANSMISSION RATING MODELS

(Geneva, 1980; modified at Malaga-Torremolinos, 1984)

(Quoted in § 3 of Recommendation P.11) |
(Contribution by the Bell Communications Research, Inc. D)

1 Introduction

This Supplement describes transmission rating models which can be used to estimate the subjective
reaction of telephone customers to the transmission impairments of circuit noise, corrected reference equivalent,
talker echo, listener echo, attenuation distortion (including bandwidth), quantizing distortion, room noise and
sidetone.

The models for circuit noise, corrected reference equivalent (CRE) and talker echo are based on several
conversational tests conducted at Bell Laboratories in the period from 1965 to 1972 to evaluate the .subjective
assessment of transmission quality as a function of circuit noise, corrected reference equivalent, talker echo path
loss and talker echo path delay [1]. These tests involved several hundred subjects and several thousand test calls,
Several tests were conducted on normal business calls. Others were conducted in the laboratory. All of the tests
employed a S-category rating scale: excellent, good, fair, poor and unsatisfactory.

The essential features of the models were originally derived in terms of loudness loss of an overall
connection in dB (as measured by the Electro-Acoustic Rating System, EARS) and circuit noise in dBmp at the
input to a reference receiving system (electric-to-acoustic efficiency as measured by the EARS) [2]. The effects of
talker echo were later incorporated in terms of loudness loss of the echo path in dB (as measured by the EARS)
and round trip delay of the echo path in milliseconds. Experimentally determined correction factors were used to
convert the models to a CRE basis [3].

) Supplement No. 3 was formerly a contribution by the American Telephone and Telegraph Company. (See CCITT Yellow
Book Volume V.) Amendment of the supplement reflects in part work performed at AT&T Bell Laboratories prior to
1 January 1984.
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The original model for listener echo was based on a series of four listening-type subjective tests conducted
at Bell Laboratories in 1977 and 1978 [4]. Subsequent test results led to an alternative form of the model [5], [6].
The subjective tests included conditions in which the listener echo path loss was flat or frequency-shaped by
selective filtering. A weighted echo path loss is defined to provide a weighting of the frequency-shaped test
conditions so that subjectively equivalent test conditions have the same transmission rating.

The model for quantizing distortion is based on a series of five subjective tests conducted to evaluate the
performance of various digital codec algorithms [7], [8], [9].

The model for bandwidth and attenuation distortion is based on tests conducted in 1978 [10].

The model for room noise is based on unpublished tests conducted in 1976. Opinion ratings of
transmission quality on a five-category scale were made by 40 subjects for 156 conditions having various
combinations of room noise, speech level, circuit noise and sidetone path loss. The samples of room noise were
presented from tape recordings made in an airlines reservations office. A model was fitted to the test results in
terms of the circuit noise which produced the same quality ratings as given levels of room noise.

The model for sidetone is based on tests conducted in 1980 [11].

All of the tests were conducted with Western Electric 500-type telephone sets or equivalent. The procedures
used in the analysis of the subjective tests results and the derivation of the transmission rating scale are outlined
in Reference [1]. Although the procedures are somewhat complex for manual calculation, they are easily handled
on a digital computer and have been found to provide a convenient and useful representation for a large variety
of test data.

The models incorporate the concept of a transmission rating scale. An important reason for the
introduction of this scale was the recognition that subjective test results can be affected by various factors such as
the subject group, the type of test, and the range of conditions which are included in the test. These factors have
been found to cause changes in both the mean opinion score of a given condition and in the standard deviation.
Thus, there are difficulties in trying to establish a unique relationship between a given transmission condition and
subjective opinion in terms of mean opinion score or percent of ratings which are good or excellent. The
introduction of a transmission rating scale tends to reduce this difficulty by separating the relationship between
transmission characteristics and opinion ratings into two parts. The first part, the transmission rating as a function
of the transmission characteristic, is anchored at two points and tends to be much less dependent on individual
tests. The second part, the relationship between the transmission rating and subjective opinion ratings, can then be
displayed for each individual test.

The transmission rating scale for corrected reference equivalent and circuit noise was derived such that it is
anchored at two points as shown in Table 1.

TABLE 1
Overall corrected Circuit noige - .
reference equivalent (dB) (dBmp)a) Transmission rating
16 —65 80 =
31 —50 40

) The circuit noise values are referred to a receiving system with a receiving CRE = +1 dB.

These anchor points were selected to be well separated but within the range of conditions which are likely
to be included in a test. The rating values are such that most connections will have positive ratings between 40
and 100. Transmission ratings for other combinations of reference equivalent and circuit noise are relative to those
for these two anchor points.

This Supplement presents the transmission rating models in terms of corrected reference equivalent of an
overall connection in dB, circuit noise in dBmp referred to the input of a receiving system with a receiving
CRE = +1 dB, corrected reference equivalent of the talker echo path in dB, and round-trip delay of the talker
echo path in milliseconds. Annex A illustrates representative opinion results.
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2 Transmission rating models

2.1 Overall corrected reference equivalent and circuit noise

The transmission rating model for overall corrected reference equivalent and circuit noise is

Riy = —3488 — 2.257)/(L, — 8.2y + 1 — 2.0294 N& + 1.833 L, + 0.02037 L ,N% 2-1)
L, is the CRE of an overall telephone connection (in dB).
N'p is the total effective noise (in dBmp) referred to a receiving system with a + 1 dB receiving CRE.

The total effective noise is obtained by the power addition of the circuit noise, N’,, the circuit
noise equivalent, N’p,, of the room noise and the circuit noise equivalent, N'gp., of the
quantizing noise.

N’ is the circuit noise (in dBmp) referred to a receiving system with a +1 dB receiving CRE.

N'ge is the circuit noise equivalent (in dBmp) of the room noise referred to a receiving system with a
+ 1 dB receiving CRE. (See § 2.2.)

N'g.  is the circuit noise equivalent (in dBmp) of the quantizing noise referred to receiving system with
a 1 dB receiving CRE. (See § 2.3.)

Transmission rating as a function of overall CRE and circuit noise is shown in Figure 1. This figure uses a
value of N'’g, = —62.63 dBmp. Bandwidth factor, kg, defined in § 2.4 is equal to unity.

100
7 \
80 /\ \ \
7 \\\\
" / — ~ Noise (dBmp)
£ \\ \ "
o
g - 50
= 40
30 \
NN - 40
20
10
05 10 -] 20 25 . 30 35 dB
Overall CRE ) CCITT - 33390

FIGURE 1
Transmission rating for overall CRE and circuit noise
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22 Circuit noise equivalent of the room noise

The transmission rating model for the circuit noise equivalent, N, (in dBmp), of the room noise is

k 7L}
N = Ng — 125 + 0.0078 (Ngx — 35)* + 10 logyo [1 + 10— ] (2-2)
where
Nz is the room noise in dB(A) at the listening end
L is the sidetone reference equivalent (in dB) of the listening end telephone set sidetone path

The circuit noise equivalent, N's,, is plotted as a function of room noise in Figure 2.
Note — The transmission rating model for reference equivalent and circuit noise is normally used with
N'ze = —62.63 dBmp. (2-3)

This value was determined from analysis of the conversational tests results from which the transmission
rating model for the overall corrected reference equivalent and circuit noise was originally formulated.

dBmp
-30
T

Sidetone reference
equivalent (dB)

1 713>19

- ALY

//

Equivalent circuit noise

30 40 S0 60 70 80 dBA
Room noise CCITT - 33400

FIGURE 2

Equivalent circuit noise for room noise
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2.3 Circuit noise equivalent of quantizing noise

The transmission rating model for the circuit noise equivalent Ny, (in dBmp) of quantizing noise is

0=V —1—-SNR (2-4)
where
Vo is the received speech level (in VU) referred to a receiving system with a +1 dB receiving CRE?),
and
SNR is the signal-to-circuit noise ratio (in dB) which is judged to provide speech quality equivalent to
the speech-to-speech correlated noise ratio, Q (in dB), as determined by a Modulated Noise
Reference Unit (see Recommendation P.70).
SNR can be approximated by
SNR = 236 Q — 8.34 (2-5)
from which
Nige = Vo — 2.36 Q + 7.34. (2-6)

Based on a 1975-1976 Speech Level Survey, [12] the speech level for domestic North American connections
can be approximated by

Vo= —14 — L',. @-7)

Estimates of Q for single codec pairs are given below for Pulse Code Modulation (PCM), Nearly-Instan-
taneous Compandored modulation (NIC), Adaptive Differential Pulse Code Modulation (ADPCM) and Adaptive
Delta Modulation (ADM). They apply to the particular algorithms described in References [7] and [9].

PCM: Q=078 L— 129 (2-8)
NIC: 0=074L— 28 (2-9)
ADM: Q=042L+ 86 (2-10)
ADPCM: Q=098 L — 53 2-11)
ADPCM-V: Q = 1.04 L — 46 (1)

where
L is the line bit rate in kbit/s.

Note — The ADPCM algorithm with fixed predictor is described in Reference [13]. The ADPCM-V
algorithm with adaptive predictor is described in Reference [9]. '

For connections with tandem codec pairs, the total Q can be estimated as follows:

0 = —15 logyo [z 10-2 (2-13)
i=1

2.4 Bandwidth and attenuation distortion

The transmission rating model for corrected reference equivalent and circuit noise can be modified to
include the effects of bandwidth (and attenuation distortion). The transmission rating, R;ygy, for corrected
reference equivalent, circuit noise and bandwidth is

R, ngw = (Ron — 22.8) kgw + 22.8 (2-14)
where
ksw = kl ky ks Ky (2-15)
with
ki = 1-0.00148 (F; — 310) (2-16)
k, = 1 + 0.000429 (F, — 3200) , 2-17)

2 ¥, is typically equal to the speech power while active, plus 1-2 dB.
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ks =

Fa
It

and

171, Fll

SI, Su

1 + 0.0372 (S; — 2) + 0.00215 (S; — 2)?

1 + 0.0119 (S, — 3) — 0.000532 (S, — 3)? —0.00336 (S, — 3) (S — 2)

(2-18)

(2-19)

is the lower and upper band limits (in Hz) at which the acoustic-to-acoustic response is 10 dB
lower than the response at 1000 Hz. (For F, > 3200 Hz, a value of 3200 Hz should be used.)

is the lower and upper inband response slopes (in dB/octave) below and above 1000 Hz,
respectively, which would have the same loudness loss as the actual response shapes.

Figures 3 and 4 illustrate the effect of the band limits, F; and F,, and inband slopes, S, and S,, on the
Bandwidth Factor, kgy .

Note — The functions for the bandwidth factor, kgzy, have been selected such that kzy = 1 when
F, = 310 Hz, F, = 3200 Hz, S, = 2 dB/octave and S, = 3 dB/octave. These response characteristics are rep-
resentative of those used in the tests to formulate the transmission rating model for corrected reference equivalent
and circuit noise. '
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2.5 Listener echo

The transmission- rating model for listener echo is

Rir = 9.3 (WEPL + T) (D, — 0.4)~929 (2-20)

where
WEPL is the Weighted Listener Echo Path Loss (in dB) and

3400

WEPL = 20 logiy —— | 10-Z2L 47 | 2-21)
810 3200 20 .
200

EPL(f) is the echo path loss (in dB) as a function of frequency in Hz.
D, is the round-trip listener echo path delay in milliseconds.
Transmission rating, R;g, as a function of the weighted echo path loss and listener echo-path delay is

shown in Figure 5. :
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Transmission rating for listener echo

The transmission rating for listener echo, R; g, can be combined with the transmission rating for corrected
reference equivalent and circuit noise to give an overall transmission rating as follows:

Rinie = RL%RLE - ]/[B_'-ﬂ_;i“f]z + 132 (2-22)

Figure 6 provides curves generated by means of the above relationship for transmission rating as a
function of weighted listener echo path loss and listener echo path delay in a connection with an overall corrected
reference equivalent of 16 dB and a circuit noise of —60 dBmp referred to a receiving CRE of +1 dB.
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~ Transmission rating for overall CRE, circuit noise and listener echo

Note — The preceding material is based on the use of a specific set of test results and the listener echo
model of Reference [4]. Subsequently, new test results were reported in References [5] and [6] which also described
studies of the two sets of tests results to see if a single model could be recommended. In general, the agreement
between the two sets of results was good. However, the newer results had lower opinion ratings at delays less than
about 3 ms. A conservative approach was to revise the original model to provide lower ratings at low delays while
retaining the more critical predictions at higher values of delay. The following equation (2-20a) provides a
satisfactory replacement for equation (2-20) which accomplishes this goal.

Ryg = 10.5 (WEPL + 7) (D, + 1)7%% (2-20a)
Reference [6] also proposed that Weighted Echo Path Loss (WEPL) in the original model be replaced by
Scaled Weighted Echo Path Loss (SWEPL). The proposal defined

WEPL = SM + SF

where
SM is the singing margin,
SF is the shape factor

and then defined

SM

SWEPL = SM + SF ————
1+ SM
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Hence, like WEPL,

SWEPL = SM, if SF = 0.
Also,

SWEPL ~ WEPL, for SM > 1.

The effect of the shape factor is reduced as SM approaches zero. Thus, the shape effect is cut in half
when SM is equal to unity, and approaches zero as SM approaches zero. This avoids the possibility of a positive
SWEPL when singing margin has become negative. Although the use of SWEPL instead of WEPL will cause little
change in most practical situations with typical values of SM, the concept is attractive in forcing the singing
margin to be specifically taken into account and is easily accomplished by replacing WEPL by SWEPL in
equation (2-20a).

2.6 Talker echo

The transmission rating model for talker echo is

1+ D
Rg = 83.62 — 53.45 logye | ————| + 2277 E (2-23)

]/1 + (‘4%)2 '

where
E is the CRE (in dB) of the talker echo path
D is the round-trip talker echo path delay in milliseconds.

Transmission rating as a function of talker echo path loss and delay is shown in Figure 7 and has been
derived to exclude the effects of circuit noise and overall CRE. Transformation of the talker echo test results,
which included selected values of overall CRE and circuit noise, to the transmission rating scale, was accom-
plished using the R;y model.

NN, A/
700 7
W E47//14.9///&

2.

»
Qo

Transmission rating (Rg)
8

7y
&
///’\$ Echo-path delay (ms)
_/l

0 10 20 30 40 50 60 dB

Talker echo-path CRE CCITT - 33450
FIGURE 7

Transmission rating for talker echo
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The transmission rating model for the combined effects of overall CRE, circuit noise, echo path loss and
echo path delay is

RLNE _ RLN2+ RE _ ]/(RLNz— RE)Z + 100 (2-24)

Figure 8 shows curves generated by means of the above relationship for the transmission rating as a
function of talker echo path loss and delay in a connection with an overall CRE of 16 dB and circuit noise of

— 60 dBmp.
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Transmission rating for overall CRE, circuit noise and talker echo

2.7 Sidetone

The transmission rating model for CRE, total effective noise and talker echo can be modified to include
the effects of sidetone. The transmission rating, R;y_sr, for CRE, total effective noise and sidetone is

Rin-st = KstRin : - (2-25)
" and for talker echo and sidetone is
Reg_st = Rp + 2.6(12 — SL) — 1.5(4.5 — SR)? +338. v _ (2-26)
The sidetone factor, Ksr, is calculated from
Ksr = 1.021 — 0.002(SL — 15) + 0.00l(SR — 2)}(SL — 15). ) (2-27)
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SL is the EARS [2] sidetone path loss (in dB), SR is the sndetone response (m dB/octave) below 1 kHz.
(The sidetone response above 1 kHz is 1.5 times greater. )

Figure 9 shows curves obtained by determining R;y_sr and Rg_sr, then substituting these values for Ry
and Rg respectively in equation (2-24).

3 Subjective opinion models

Subjective opinion in terms of the proportion of ratings in each of the five categories (E, G, F, P, U) for a
condition having a given transmission rating has been found to depend on various factors such as the subject
group, the range of conditions presented in a test, the year in which the test was conducted, and whether the test
was conducted on conversations in a laboratory environment or on normal telephone calls. The proportion of
comments Good plus Excellent (G + E) or Poor plus Unsatisfactory (P + U) can be computed from the
following equations:

A
1 [
G+ E= — e 7 dt 2-28
1 0 [N ‘
P+U-= e5dt (2-29)
V2=
B

where A and B are given below for data bases of primary interest.

For each data base listed below, the relationship between the subjective judgements and transmission
rating is shown in Figure 10.

Data Base? A B
1965 Murray Hill SIBYL Test (R-64.07)/17.57 (R-51.87)/17.57
CCITT Conversation Tests (R-62)/15 (R-43)/15

Long Toll Interviews : (R-51.5)/15.71 (R-40.98)/15.71

3 Sidetone Response:

Below 1 kHz Above 1 kHz
0 0
+3.0 +45
+6.0 +9.0

4 The three data bases reflect different relationships between the transmission rating scale and opinion ratings as determined
in different tests as indicated below:
1965 Murray Hill SIBYL Test — Opinions on actual intra-building business calls.
CCITT Conversation Tests — Composite model of opmlon in laboratory conversation tests reported to the CCITT in the
1972-1976 Study Period (see [3]).
Long Toll Interviews — Opinions expressed by North Amencan Telephone customers when interviewed following a call on
a long toll connection.
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ANNEX A

(to Supplement No. 3)

Opinion ratings of transmission impairments

Al Introduction

The figures in this annex illustrate the relative effect of typical transmission impairments on opinion
ratings. They are based on the transmission rating models described above. The opinion ratings assume a
five-category rating scale (excellent, good, fair, poor and bad or unsatisfactory) and the results are presented in
terms of the percent of ratings which are good or better (good plus excellent) and poor or worse (poor plus bad).
Three equations for the conversion from transmission rating to the opinion ratings are described above in the text
of the Supplement. The one which is used in this annex is representative of conversational test results reported to
the CCITT by several Administrations during the Study Period 1973-1976.
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A2 Overall CRE and circuit noise

Opinion ratings for the combined effects of overall CRE (L! in dB) and circuit noise (N, in dBmp) are
shown in Figures A-1 and A-2. The circuit noise is referred to a receiving system with a receiving CRE of +1 dB.
In these figures the circuit noise equivalent for room noise N, is —62.63 dBmp and the bandwidth/slope factor
(ksw) is 1; quantization noise, listener echo, talker echo and sidetone are not included.

A3 Quantization noise from PCM processes

Opinion results for the effect of quantization noise from tandem 7 bit and 8 bit p-law and A-law PCM
processes are shown in ‘Figures A-3 and A-4. These results assume an overall CRE (L)) of 16 dB and a circuit
noise (N,) of —60 dBmp. Room noise, bandwidth/slope and sidetone assumptions are the same as for § A.2. The
speech level at the output of a telephone set with a +3 dB sending CRE is assumed to be —10 VU.

A4 Bandwidth

The effect on opinion rating as a function of bandwidth between frequencies having 10 dB of loss relative
to 1000 Hz is shown in Figures A-5 and A-6. These results assume an overall CRE (L}) pf 16 dB, a circuit noise
(N;) of —60 dBmp, a circuit noise equivalent for room noise (N%,) of —62.63 dBmp, and lower (5;) and upper
(S,) slope factors of 2 and 3 respectively. Listener echo, talker echo and sidetone effects are not included.

A.5 Listener echo

The effect of listener echo on opinion ratings is illustrated in Figures A-7 and A-8. In these figures the
opinion is plotted (from both the original and alternate models of the supplement) as a function of the weighted
listener echo path loss (WEPL) in dB and round-trip listener echo path delay (D.) in milliseconds. The curves
were calculated assuming an overall CRE (L) of 16 dB, a circuit noise (N;) of —60 dBmp, a circuit noise
equivalent for room noise (Nk,) of —62.63 dBmp, and a bandwidth/slope factor of 1. Talker echo and sidetone
effects are not included.

A6 Talker echo

Opinion ratings for talker echo are presented in Figures A-9 and A-10 as a function of the CRE of the
talker echo path (E) in dB and the round-trip talker echo path delay (D) in milliseconds. Again, the overall CRE
(L%) was taken as 16 dB, the circuit noise (N.) as —60 dBmp, the circuit noise equivalent of room noise (N'g.) as
—62.63 dBmp and the bandwidth/slope factor as 1. Listener echo and sidetone effects are not included.

A7 Sidetone

Opinion ratings for sidetone are presented in Figures A-11 and A-12 in terms of the sidetone path loss
(EARS) in dB and the sidetone response shape in dB/octave. For these curves, impairment levels were selected to
provide a constant R;y value typical of toll calls in North America and a range of R values which might be
encountered on toll calls in North America. ‘
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Supplement No. 4

PREDICTION OF TRANSMISSION QUALITIES FROM OBJECTIVE MEASUREMENTS

(Geneva, 1980; modified in Malaga-Torremolinos, 1984)

(Quoted in Recommendation P.11)
(Contribution from British Telecom)

Summary

British Telecom makes extensive use of a theoretical model for predicting the transmission performance of
telephone connections. A brief description is here given of the structure of this model, and of the computer
program CATNAP, which embodies a simplified form of the model for routine use, together with facilities for
specifying connections in a convenient practical way.

1 Types of model

Question 7/XII [1] recognises two types of “model” for predicting the performance of complete telephone
connections in conversation. The first kind, mentioned in [2], involves purely empirical treatment of basic
observations, and might lead to a set of tables, graphs or relatively simple formulae, representing performance as
a function of certain objective quantities. In a model of this type, where attention is focussed entirely on the
correspondence between input (objective quantities) and output (subjective performance), the form of the functions

'
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employed has no significance in itself. For convenience, simplicity is usually sought, but is obtained at the expense
of generality. Interactions between different degradations are often difficult enough to treat in any case, but
besides this a purely empirical model must usually be completely revised when a new degradation is brought in;
for example, suppose relationships have been established between loss, noise and opinion score for one particular
bandwidth: changing that bandwidth to a new constant value will necessitate a redetermination of the functions —
not just a constant adjustment of the output. In short, it is unreasonable to expect that a purely empirical model
could have more than a limited success in predicting performance.

Models of the second type (mentioned in [3]) are intended to overcome these disadvantages by making the
structure of the evaluation process reflect the cause-and-effect relationships which lead from the input (properties
of the connection; acoustic environment; characteristics of the participants’ hearing, speech sounds and language
systems, etc.) to the output (participants’ satisfaction or estimate of performance). Such a model is inherently more
complicated, and requires more work to develop initially, but can then be extended and applied with much greater
ease and confidence. Numerical parameters may and do require revision as more reliable data become available,
but the structure, if well chosen, will only rarely require major alterations. As a research tool, such a model is
much more powerful in its capability of generating hypotheses to be tested than a collection of useful but arbitrary
formulae. As a planning or application tool, it lends itself easily to being embodied in a computer program, to
which readily available data (such as losses and line lengths) can be supplied as input.

2 Model and programs: SUBMOD, CATPASS and CATNAP

The model here described is of the more fundamental type. It is intended to predict loudness judgements,
listening-effort scores, conversation-opinion scores and vocal levels from objective information supplied. It is
embodied in a program called SUBMOD (mnemonic for SUBJECTIVE MODEL) which makes provision for
changing the parameters of the model in order to improve agreement between theory and observation. Refer-
ence [4] describes an earlier version of the same model.

In its present state of development the model deals fairly successfully with the subjective effects of circuit
loss, attenuation-frequency distortion, circuit noise, quantizing noise, room noise, and sidetone paths, for a
reasonably wide range of values of these characteristics in any combination. Effects of some other phenomena can
also be approximately estimated, but are not yet incorporated in the model. No attempt has yet been made to
cater for features such as voice-switching effects, or vocoding and other sophisticated schemes for reducing
information rate. Compare the groups of factors listed in Question 7/XII [1].

The program CATPASS [5] — a mnemonic for COMPUTER-AIDED TELEPHONY PERFORMANCE
ASSESSMENT - incorporated the same model in a simplified, fixed-parameter implementation, together with
facilities for calculating the sensitivity-frequency response of a complete connection formed by concatenating
common pieces of apparatus such as telephones, cables, feeding bridges, junctions, and filters. It was similar to
the system described in [6] and [7], but the program was differently organized. However, CATPASS could handle
symmetrical connections only — that is, those for which transmission, room noise, sidetone and all other relevant
features were the same for both participants. It is now superseded by a program called CATNAP (COMPUTER-
AIDED TELEPHONE NETWORK ASSESSMENT PROGRAM), which incorporates an extended form of the
fixed-parameter model, allowing asymmetry in the connections, as well as containing facilities for assembling
performance statistics on sets of connections. See [8].

3 Situation to be represented

Let A and B denote two “average” participants in a telephone conversation over a link terminated in
handset telephones, located in rooms with no abnormal reverberation and with specified levels of room noise.
“Average” is intended to convey that the participants have representative hearing and speaking characteristics and
a normal attitude towards telephone facilities, so that their satisfaction with the telecommunication link may be
measured by the mean Conversation Opinion Score (Yc) and the Percentage Difficulty (% D) that would be
obtained from a conversation test, as described in [9]. Y. can take any value between 4 and 0, the scale being:
4 = EXCELLENT, 3 = GOOD, 2 = FAIR, 1 = POOR, 0 = BAD. %D can of course take any value between 0
for the best connections and 100% for the worst.

For a given connection, the quantities of chief interest are Y¢, %D and the speech level, for each
participant. However, other useful auxiliary quantities are computed in the course of the evaluation, such as the
loudness ratings of the various paths (calculated according to Recommendation P.79), and Y;g, the mean
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Listening Effort Score that would result from a listening opinion test conducted as outlined in [9]. In a listening
test of this type, lists of sentences at a standard input speech level are transmitted over the connection and the
listener votes, at a number of different listening levels, on the “effort required to understand the meanings of
sentences” according to the following scale:

A complete relaxation possible; no effort required
attention necessary; no appreciable effort required
moderate effort required

considerable effort required

WMo QW

no meaning understood with any feasible effort.

The votes are scored A = 4, B = 3,C = 2, D = 1, E = 0, and the mean taken over all listeners is called
the Listening Effort Score, Y, g, for each particular listening level and each circuit condition.

More detailed information about both conversation tests and listening tests may be found in. [10], and also
in {9].

4 Outline of the model

The model requires the following inputs:

1) overall sensitivity-frequency characteristic of each transmission path (talker’s mouth to listener’s ear
via the connection) and sidetone path (each talker’s mouth to his own ear). These sensitivities may be
either measured by the method described in Recommendation P.64 or calculated as explained in
Reference [5];

2) noise spectrum and level at each listener’s ear, composed of noise arising in the circuit, room noise
reaching the listening ear direct, and room noise reaching the listening ear via the sidetone path. In
the absence of specific measurements, standard noise spectra and levels are taken; e.g. room noise
with Hoth spectrum at 50 dBA, circuit noise with bandlimited spectrum at a specified psophometri-
cally weighted level;

3) average speech spectrum and average threshold of hearing, as given for example in [11].

From these data the loudness ratings are calculated. With speech level fixed, Y,z and a provisional value
of Yc are evaluated for each participant. The relationships between Y. and speech level at each end are then used
to refine the values of both, so that the final estimates represent performance at realistic conversational speech
levels. :

5 Calculation of loudness and loudness ratings

‘The model starts by setting the speech level emitted from each talker to a standard value and calculating
the resultant spectrum and level of both speech and noise at each listener’s ear. The loudness of received speech is
calculated as a function of signal level, noise level and threshold of hearing, integrated over the frequency range
extending normally from 179 to 4472 Hz (14 bands, the lowest centred at 200 Hz and the highest at 4000 Hz). The
loudness of the sidetone speech is calculated similarly, but with an allowance for the additional masking effect of
speech reaching the ear naturally (via the air path and the bone-conduction path). By comparison with the
loudness of speech transmitted over an IRS (Intermediate Reference System), the loudness ratings of the various
paths are evaluated: SLR, RLR and STMR for each end, and OLR in each direction.

The method is described in [12], but is not given in detail here. The loudness part of the model is
important in its own right [for example in the study of Question 19/XII [15]], but not closely connected with the
rest of the model. The program outputs loudness ratings calculated according to Recommendation P.79, but also
calculates a set of loudness ratings according to the earlier method [16] which are used for subsequent calculations.

6 Calculation of listening effort score

This part of the model is intended to reproduce the result that would be obtainied from a Listening
Opinion Test.

It has been found possible to estimate Y g by a process similar to those already well known in calculating
loudness and articulation score. An intermediate quantity, Listening Opinion Index (LOI), is first calculated as
follows. Each elementary band in the frequency range contributes to LOI an amount proportional to the product.
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B}P(Z;), where B/ is a frequency-weighting factor expressing the relative importance of that elementary band for
effortless comprehension, and P is a growth function applied to the sensation level Z (which has already been
evaluated for the loudness calculation). The actual values of the frequency-weightings differ somewhat from those
used in loudness and articulation calculations; the growth function is limited to the range 0 to 1 as in articulation,

but the form used is:

Z+ 38
P(Z)=10"1  ifZ< - 11,

—03(Z + 14)
P(Z)=1-10 10 otherwise.

LOI is proportional to j ByP(Z;)df, but in practice the integral is replaced by a summation over a
number of bands (normally 14), within each of which Z; and Bj are reasonably constant, just as in the loudness
evaluation. The formula actually used is:

LOI = ADY B! P(Z)

where "

B’ is the frequency weighting for the ith band, (shown diagrammatically in Figure 1),
Z; is the mean Z in the i th band,

is the appropriate growth function (illustrated in Figure 2),

P
A is a multiplier depending on the received speech level, with the vaiuc I for a small range of levels
around the optimum but decreasing rapidly outside this range (see Figure 3), and

D is a multiplier depending on the received noise level (ICN-RLR) with a value decreasing slowly
from 1 at negligible noise levels towards 0 at very high levels (see Figure 4).
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FIGURE 1

Frequency-weighting factor B’ for Listening Opinion Index
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Thus it is only for wide-band, noise-free, distortion-free speech at optimum listening level that LOI attains
its maximum value of unity.

The Listening Opinion Index is related to Yz in a manner which depends on the standard of transmission
to which listeners have been accustomed in their recent experience. It is found that the subjects’ standard of
judgement is influenced mostly by the best circuit condition experienced in the current experiment, or, in real
calls, by the quality of the best connections normally experienced. For example, a circuit condition which earns a
score of almost 4 in an experiment where it is the best condition, would earn a score of perhaps only 3 if a
practically perfect condition were included in the same experiment, and about 3.5 if the best condition in the same
experiment were equivalent in performance to the best connection that can normally occur in the British Telecom
system. A parameter LOI, ,,, introduced to cater for this effect, specifies the value of LOI that corresponds to
maximum Y,g; it is generally set equal to 0.885 when connections are being judged against a background of
experience with the British Telecom network. The relationship in general terms is

on| —22 | = 1465 [Qn __ror —0.75]
4 — Y LOI;;m — LOI

as shown in Figure 5. This brings us to the point where Y, has been evaluated for each participant as a function
of listening level — in particular, at the listening level established for each participant when the other speaks at
Reference Vocal Level (RVL), defined in [14].

7 Calculation of Conversation Opinion Score

In order to convert a value of Y;r at the appropriate listening level to the corresponding value of
Conversation Opinion Score (Y¢), it is necessary to take account of deviations of mean vocal level from RVL.

The symbol ¥ is used to denote the electrical speech level in dBV at the output of a sending end when the
acoustic level at the input (mouth reference point) is RVL. During conversation, a different level (V¢) will
generally - prevail at the same point, because participants tend to raise their voices if incoming speech is faint or
poor in quality and to lower them if incoming speech is loud. In other words, V¢ at end 4 depends on Y at
end A, which depends on V¢ at end B, which depends on Y;g at end B, which depends in turn on ¥V at end A.
Thus there is a circular dependence or feedback effect.
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Listening Opinion Score as a function of Listening Opinion Index

The sidetone paths introduce complications when STMR < 13 dB (besides contributing noise from the

“environment to the receiving channel as already explained). Other things being equal, each talker’s vocal level

goes down by almost 1 dB for every 3 dB decrease in STMR below 13 dB, and this of course further modifies the
opinion scores and speech levels at both ends by virtue of the feedback effect.

In addition to this, very high sidetone levels are experienced as unpleasant per se, particularly when the
connection is poor for other reasons.

This complex interrelationship is found to be reasonably well represented by the following equations.

'c is an intermediate quantity explained below.

n < =07 [Qn _Yie ) g5 KU3 - STMR) {4 - Vi, 2] (7-1)
4 — Y¢ 4 — Y 20 Yir
Ve— Vi =40 — 21 Y, - 03 K (13 — STMR) (7-2)
/
¢n [ —Xe — 08451 en| —X<_ | — 02727 (7-3)
4 — Y 4 — Y¢
where
K = 1if STMR < 13,
K = 0 otherwise.

By substituting in equation (7-1) the value of Y;p already found for end A — which would apply for
Ve = Vi at end B — one obtains a first approximation to Y, then from equation (7-2) an approximation to V¢
at end A. The earlier calculations are repeated with this speech level to find a new value of Y,y at end B, hence
an approximation to Y and ¥ at end B. This process is repeated cyclically until each Y- converges to a settled
value, and then equations (7-1) and (7-2) are simultaneously satisfied.
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Figure 6 shows the form of the resultant relationship between Y,g and Y, for two different values of
STMR, with V¢ at its proper value. The transformation [equation (7-3)], illustrated in Figure 7, is then applied to
the intermediate score Y'c, to give the estimated Conversation Opinion Score Y'c, which is shown as a function of
Y. ¢ in Figure 8.
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Intermediate score as a function of Listening Opinion Score

N

w

/

x’ >
e e
g 8
s / @ STMR >-13
] 2
£ 2 £ 2 r
o a 7/
o Equation 7-3 o (
s 5 L
= 2 /[sTMR = -2
] © A
51 5 v
> g L4
§ g /
) o /
/
0 1 2 3 4 0 1 2 3 4
Intermediate score (Y ) ST - 82710 CCITT - 82720
Listening Effort Opinion Score (Y, g}
FIGURE 7 FIGURE 8
Conversation opinion score Conversation Opinion Score
as a function of intermediate score as a function of Listening Opinion Score

Volume V — Suppl. No. 4 221



8 Evaluation of other subjective measures of performance

Relationships have been developed for various dichotomies of the opinion scale — such as proportion of
votes greater than 2 (i.e. votes “Excellent” or “Good”) — and for the percentage of positive replies to the
“Difficulty” question (Reference [9]).

For example, percentage “Difficulty” is represented by the equation

where
D x 100 = %D.

However, these relationships are satisfactory only for certain kinds of degradation and are still under
review.

9 Correspondence between calculated and observed values

For symmetrical connections, provided very high sidetone levels and very high room noise levels are
excluded, the model reproduces fairly well the results of laboratory conversation tests carried out in the U.K. In
the most recent laboratory tests there is a tendency for speech levels and hence opinion scores to be somewhat
lower than those observed earlier, but the relativities between circuit conditions are not much disturbed by this. It
is believed, but not yet fully established, that approximately the same relativities hold good for other populations
of subjects — in particular, for the population of ordinary telephone users accustomed to the British Telecom
system — even though different absolute values of scores may be obtained from other populations of subjects or
by using different experimental procedures.

Comparatively few results are available from experiments on asymmetrical connections, but such evidence
as there is indicates that the model predicts too much divergence between the two ends of the connection —
especially in respect of Vc, less so in respect of Y. It is proposed to introduce a feedback feature to reduce the
divergence between the two V( values, but care will be needed not to reduce the Y. divergence too far as a result
of this. HRC 4 in Annex A gives an example of CATNAP calculations for a set of connections with asymmetrical
losses: compare these predictions with Reference [18] there quoted. :

10 Incorporating miscellaneous degradations

10.1  PCM quantizing distortion

Reference [15] describes a method for handling the effects of quantizing distortion in PCM systems. It is
there established that a quantity Q, effective speech-to-quantization-noise ratio in dB, can be evaluated for any
specified type of PCM system as a function of input speech level. It has been found that the subjective effect of a
given value of Q can be approximated by that of a level of continuous circuit noise G dB below the speech level,
where

G = 1.07 + 0.285 Q + 0.0602 Q2.

Thus for a connection involving PCM links, one must include an evaluation of equivalent noise level in
the iterative process that determines Vc: each successive approximation to V¢ leads to a new value for Q, hence to
a new value for G, and hence to a new contribution to the circuit noise to be taken into account in calculating the
new value of Y. In practice these modifications have negligible effect unless the speech level at the input to the
PCM system falls below about —25 dBV, or the circuit noise at the same point is very high, or the speech input
level is so high (say > —35 dBV) that appreciable peak limiting occurs.

10.2  Syllabic Companding

The case of a 2:1 syllabic compandor can be simply handled by finding a subjectively equivalent
continuous noise level.

Let S be the speech level at the input to the compressor, and N be the noise level (psophometrically
weighted) arising between the compressor and expander, both in dB relative to unaffected level. The resultant
levels at the output of the expander will then be as given in Table 1.

222 Volume V — Suppl. No. 4



TABLE 1

Specch speech present speach absent
Level at compressor input S — —_
Gain of compressor (dB) -S/2 — —
Level at compressor output and expander input " 8/2 N N
Gain of expander (dB) S/2 S/2 N
Level at expander output S N+S/2 2N
Level at same point in absence of compandor S N N
Improvement . — ~S/2 ‘ -N

Note that S and N are both normally negative, so that the improvements are positive. Any noise present at
the compressor input will be present at the same level at the expander output and will combine by power
addition with the other noise at the same point.

Subjectively equivalent performance is obtained by omitting the compandor and substituting a continuous
noise level satisfying the condition: .

1/3 (improvement in presence of speech) +
+2/3 (improvement in absence of speech)
—S/6 — 2N/3.

Total improvement

Hence

equivalent noise level = N — improvement
N + S/6 + 2N/3 = S/6 + 5N/3.

This noise level is recalculated from V¢ on each iteration and used to calculate the next value of Y.

10.3  Delay and echo

The audibility and objectionability of echo can be expressed as a reasonably simple function of the delay
and loudness rating of the echo path, but the wider effects of echo and main-path delay in disrupting conversation
can at present only be treated by ad hoc estimation from the known performance of circuit conditions in
neighbouring parts of the range.

10.4 Crosstalk

The loudness part of the model may be used to estimate the audibility of crosstalk, at various attenuations,
and hence to find the attenuation required to reduce it to an inaudible level or to an acceptable level.

11 Practical use of the model

‘ At the academic or research level, the chief use of a model of this kind is in promoting an understanding
of the fundamentals of telecommunication between human beings, and in finding potential improvements in the
techniques of telecommunication systems.

At the practical level, the chief advantage of having the model available is that it encodes the knowledge
of the performance of telephone connections in a very economical manner, obviating the need for large and
complex tabulations or graphs. For connections containing only the “natural” degradations, the program
CATNATP greatly facilitates routine use of the model. The user of this program need not know anything about the
theory beyond the meaning of the terms and symbols used, and need not normally make any special
measurements. Connections are specified in terms of -standard items and quantities, such as noise levels,
telephones of particular types, lengths of cable with stated resistance and capacitance per kilometre, and
attenuators with stated loss. Starting from these data, the program performs all the necessary calculations and
prints out loudness ratings, speech levels, and opinion scores (Y. g and Y¢). More detail can be printed on request.

f

Volume V — Suppl. No. 4 223



It would of course be possible to construct a large table of results covering a wide range of connections,
but the table would have to be either too large to be practical or else limited by making arbitrary fixed choices for
many of the variables. In either case the advantage of having the model — that it holds the information in an
economically coded form and releases only the required part on demand — would be lost.

CATNAP may also be used inversely. Suppose it is desired to find what value of some variable in a
connection (the independent variable) will yield a given value of one of the dependent variables. By performing
runs at different values of the independent variable one identifies a region within which the required value lies;
one can then repeat the calculation at ever smaller intervals until the required value is located with sufficient
accuracy. For example, where all features except the local line remain fixed, one can find the line length (for the
type of cable in question) that will yield values of OLR below some specified maximum, or values of Y above
some specified minimum. More than one independent variable could of course be adjusted, but correspondingly
more work would then be needed in order to find the combinations that satisfied the criterion.

The usefulness of these facilities is evident.

ANNEX A

(to Supplement No. 4)

Calculated Transmission Performance of Telephone Networks

Al Introduction

This annex is intended to give examples of results from the subjective model which is incorporated in the
BT CATNAP (Computer-Aided Telephone Network Assessment Program) program. CATNAP comprises this
model and a transmission calculation section which enables elements of a connection to be entered as readily
identifiable items, e.g. lengths of cable, feed bridges etc. These results are examples of calculations for various
“hypothetical reference connections” (HRCs) which might arise in the network or would be of use to planners.

The loudness ratings quoted are calculated according to Recommendation P.79, using the frequency bands
from 200 Hz to 4 kHz. The opinion scores, Y, and Y, are on a scale of 0 to 4, representing the listening effort
and conversation opinion scales (see [9]). The values of line current shown with the results are determined by the
program which decides from the characteristics of the local telephone system which of a number of standard line
currents is appropriate, and hence which values of the telephone instrument characteristics should be used. The
program also gives speech levels for controlled talking conditions (¥;) and under conversational conditions (¥¢).
These and the loudness ratings are referred to the interfaces (NI and FI) shown in the figures below.

These results are for the model as it stands at present (1983 version). Research is continuing to improve the
correlation of calculated and experimental results, so the model is liable to modification.

A2 HRC 1 — Own exchange call (see Figure A-1)

This is a symmetrical connection, with average length customers’ lines. The sidetone suppression is fairly
good, and room noise and circuit noise levels are low. The conversation opinion score is good, but the small
overall loss means that the connection is louder than preferred. A slightly quieter connection would give a better
opinion score.

A3 HRC 2 — Limiting national call (see Figure A-2)

These two HRCs are both symmetrical and comprise BT limiting local lines of 1000Q2/10 dB, 4.5 dB local
junctions and two 4-wire junctions each with 3.5 dB loss, which are the limits set by the BT transmission plan
(given in [17]).

HRC 2 (a) uses 0.5 mm copper local lines, which provide much better sidetone matching than the 0.9 mm
copper lines of HRC 2 (b). The change in sidetone level (> 10 dB) causes a drop in the conversation opinion
score from 1.9 to 0.8 (from fair to poor).
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A4 HRC 3 — Long distance call with a PCM junction (see Figure A-3)

The overall loss of this connection (OLR = 13.4 dB) is much less than for HRC 2. The local lines are
average length of 0.5 mm copper which give reasonably good sidetone matching, and there is now only one local
junction. This is a 4-wire 3 dB PCM junction. This is entered as a single item, characterised by the terminating
and balance impedances of the 2/4-wire terminating sets, the matched loss in each direction and the phase delay
round the loop. Quantizing noise is negligible for the input speech levels calculated by CATNAP for this
connection. :

The connection is symmetrical in transmission loss but a small difference in the sidetone Jevel has given
slightly different conversation opinion scores at the two ends.

AS HRC 4 — Asymmetry of transmission loss (see Figure A-4)

A number of calculations have been done for this HRC to show the effect of varying the degree of
asymmetry. The curves shown are not fitted curves, but simply join the marked points on the graph. They show
the effect on the conversation opinion score and conversational speech voltage of varying the transmission loss in
one direction only (from near end to far end). The loss from far to near is kept constant, so the opinion of the
near end customer is much less affected. It is suspected that the speech voltage curves are too divergent and
further research is needed in this area, but the opinion curves show similar trends to the results produced by
Boeryd [18].

The sidetone level was virtually unaffected by the change in transmission loss. -

A.6 HRC 5 — Effect of room noise (see Figure A-5)

The calculations done for this HRC demonstrate the effect of changing the level of room noise for a
customer with a loud sidetone path (near end) and one with a quiet sidetone path (far end). As for HRC 4, the
computed points are simply joined to form the line.

A7 HRC 6 — Effect of circuit noise and bandlimiting (see Figure A-6)

This is a connection using 4-wire reference telephones, enabling sidetone to be controlled. The STMR is
kept at 20 dB, at which level most customers would not detect it.

Such a connection can be used to investigate the effects of particular transmission impairments varied
independently. Here it has been used to demonstrate the effect on the listening effort and conversation opinion
scores of the level of injected circuit noise and band limiting (lowpass) over a range of losses likely to occur in
telephone networks.

As for the previous curves the cémputed points are simply joined to form a line.

A8 HRC 7 — Multiple calculations with random selection of items (see Figure A-7)

CATNAP is intended to help assess telephone network proposals rather than single connections. The
program can perform multiple calculations on a group of connections or on a single connection with random
selection of elements from a database.

Here random selection is made of the customers’ lines out of a database derived from a survey of 1800
existing lines. This enables the performance of a particular element to be tested for a range of conditions which
would arise in the actual network. Since the survey reflects the distribution of lengths and gauges in the actual
network, this method of assessment gives a more accurate picture of the performance in the existing network.

For this example only a few calculations have been done to demonstrate the facility and so the results
have been printed. This is not practical for large numbers of calculations, when the results are stored and can be
processed as desired, e.g. by plotting the distribution or by statistical analysis.

The line number and radial distance have been given for both ends of each calculation.
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A9 HRC 8 — Example of the use of CATNAP to meet a design criterion (see Figure A-8)

This is intended to give an example of the use of CATNAP in the design of individual network
components to meet design targets.

With the introduction of electronic telephones the designer has a-freer choice of values for the telephone
instrument characteristics, e.g. the value of the line impedance which must be connected to the telephone
instrument to give full sidetone suppression (Z,).

An iterative procedure can lead to preferred values for Z,. As examples, calculations have been done for
a standard BT 706 and a 706 with some trial values for Z, on BT limiting lengths of local copper cable of
standard gauges, and an average length of 0.5 mm cable. For one of the trial sets of values which looks possible
from these results and for a standard 706 instrument, a set of 40 calculations was done with random selection of
local lines from the database of 1800 used for HRC 7. These results are given in terms of the mean and standard
deviation of the distribution of STMRs. From this it can be seen that the trial values do give a better performance
on average, although the performance is worse on 0.63 mm and 0.9 mm limiting lines, since these are less
common in the local network than 0.5 mm.

As a design tool, the program could be used further to verify the improvement in performance, to check
the effects of tolerances and to consider possible improvements to these values.

A.10 HRC 9 — Effect of varying line length (see Figure A-9)

\

This HRC is identical to HRC 2 except for the gauge of cable. In this case 0.63 mm copper cable is used.
Its length is varied from zero to 10 km, which is beyond the BT limiting length (7.2 km).

The results are shown as curves of conversation opinion score, OLR and conversational speech voltage
against line length. As before, the computed points are simply joined to form a line.

The calculations on this HRC have been included to demonstrate the “inverse” use of CATNAP. The
limits on OLR are known (from the transmission plan) and so these runs could be used to show what range of
cable lengths are acceptable. The facility for calculating the performance in terms of conversation opinion score
makes it possible to specify performance limits in terms of this, which is closer to the real performance than limits
set in terms of loudness ratings.
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" conT- 41700
Transmission elements
Telephone instruments are BT Type No. 706
1 Unloaded cable 1.6 km of 0.5 mm (168 ohms/km, 50 nF/km)
2 Stone feed bridge (2 x 200 Q, 2 + 2 pF, BO V)
Near end I = 64 IL Line current (mA)
STMR = 9.02 SLR = 476 SLR  Sending loudness rating (dB)
RLR = -=5.16 OLR = -0.27 RLR Receiving loudness rating (dB)
Yie = 3.48 Vi = —1824 OLR  Overall loudness rating (dB)
Yc = 3.15 Ve = —22.69 STMR Masked sidetone loudness rating (dB)
RN = 40.00 ICN = —65.00 Yie Listening effort score
Yc Conversation opinion score
Vi Speech voltage at interface (dBV) under controlled talking conditions
IL = 64 Far end Ve Speech voltage at interface (dBV) under conversational conditions
OLR = —0.27 RLR = —5.15 RN Level of room (environmental) noise (dBA), Hoth spectrum
SLR = 4.76 STMR = 9.02 ICN  Level of injected circuit noise referred to a 0 dB RLR receiving end
Vi = —18.24 Yie = 348 NI Near interface
Ve = —22.69 Yc = 3.15 Fl Far interface
ICN = —65.00 RN = 40.00 LTS - Local telephone system

| I@I

Note I — Room noise has Hoth spectrum.

Note 2 — The OLR printed in the left column is for near to far and the OLR in the right column is for far to near.

FIGURE A-1
HRC 1 Own exchange call
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Stone feed bridge (2 x 200 Q, 2 + 2 uF, 50 V)
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1 Unloaded cable 1.6 km of 0.5 mm (168 ochms/km, 50 nF/km)
2 Stone feed bridge (2 x 200 Q, 2 + 2 uF, 50 V)

3 PCM system 3 dB up to 3.4 kHz, 600 Q

4 Transformer feed bridge (50 V)

5 Attenuation 3.5 dB, frequency independent, 600 Q
6 Channel filtering 300 Hz-3.4 kHz, 600 Q
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FIGURE A-3

Long distance call with a PCM junction
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Transmission elements
Telephone instruments are BT Type No. 706
1 Unloaded cable 6 km of 0.5 mm (168 ohms/km, 50 nF/km)
2 Stone feed bridge (2 x 200 Q, 2 + 2 uF, 50 V)
3 FDM system loss as shown up to 3.4 kHz, 600 Q
Near end i = 32 L = 32 Far end
STMR = 13.89 SLR = 8.21 OLR = 14.35 - RLR = -—1.31
RLR = —1.31 OLR = 24.22 SLR = 8.21 STMR = 13.89
Yie = 2.62 Vi = -21.40 vV, = —21.40 Yie = 3.40
Ye = 2.18 Ve = —22.69 Ve = —2422 Yo = 2.90
RN = 50.00 ICN = —60.00 ICN = —60.00 RN = 5000 °

The results shown in the curves below are for the same connection with the loss from near to far in the FDM system varied from 2 dB to -
32 dB. The loss from far to near was kept at 17 dB.
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(=) c
1 ] __-/
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OLR (N—F) — OLR (F—>N) OLR (N—F) — OLR (F—>N) CCITT-41731
FIGURE A-4

HRC 4 — Effect of asymmetry of transmission loss
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2 Stone feed bridge {2 x 200Q, 2 + 2 uF, 50 V)

3 Attenuation 20 dB, frequency independent, 600 Q

4 Unloaded cable 6 km of 0.5 mm (168 ohms/km, 50 nF/km)
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FIGURE A-5

HRC 5 — Effect of room noise level
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Transmission elements

Telephone instruments are Intermediate Reference Systems (see Recommendation P.48) with a sidetone path of STMR = 20 dB.
1 Attenuation 0-30 dB, frequency independent, 600 Q

2 Filtering 600 ohms, (a) 0-3.55 kHz
(b} 0-2.80 kHz
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Note — These curves show the effect on Yip and Y ¢ of changing the level of injected circuit noise from —65 dBmp to -40 dBmp,
referred to a 0 dB RLR.

a) Effect of injected circuit noise level and overall loss on the listening effort and conversation opinion scores.

~

~.b
T~
Cut-off frequencies a) 3550 Hz

b) 2800 Hz

w
w

//
/

—

Listening effort (Y, g)
~N
Conversation Mean Opinion Score (Y.C)
~N

o
w

0 S 10 15 20 25 30 4B 10 15 20 25 30 dB
Attenuation . Attenuation CCITT - 41781

Note — These curves show the effect of bandlimiting with ideal lowpass filters.

b) Effect of bandlimiting (lowpass) and loss on the listening effort and conversation opinion scores.

FIGURE A-6

HRC 6 — Effect of injected circuit noise level and bandlimiting
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1 Line: random selection from a sample of 1800 existing customers’ lines.

2 Stone feed bridge (2 x 200Q, 2 + 2 uF, 50 V)

3 PCM system 600 Q, 3 dB
4 Line: random selection of a line from the same sample of 1800 as in 1 above.
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HRC 7 — Example with random selection of customers’ lines
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Telephone instruments are BT Type No. 706, with the values of Zs, modified as required

1 Unloaded cable: as specified below.

2 Line: random selection from a sample of 1800 exisiting customers’ lines
3 Stone feed bridge (2 x 200Q, 2 + 2 uF, 50 V)

4 PCM system 600 Q, 3dB

Note — See also Tables A-1 and A-2.

FIGURE A-8
HRC 8 — Example of the use of CATNAP in design

TABLE A-1

Values of STMR (dB) for specified lines (copper conductors)

1.6 km 6 km 3.7 km 7.2 km 10 km

0.5 mm 0.5 mm 0.4 mm 0.63 mm 0.9 mm
Zso (median) (limiting) —»
706 9.9 15.7 7.2 7.5 0.0
Conjugate of input Z 1.8 1.1 0.6 -0.2 -0.6
60 ohms 6.6 -0.8 -1.2 ~2.0 -3.0
Suggested values 10.2 13.4 13.8 4.4 -1.3

TABLE A-2

Distribution of STMR for a sample of 40 lines for a Standard 706 and the suggested values of Z

Zso Mean Standard deviation Maximum value Minimum value
706 8.3 +£2.5 14.1 3.8
Suggested values 9.4 3.1 17.9 4.2
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Telephone instruments are BT Type No. 706 )

1 Unloaded cable 0-10 km of 0.63 mm (109 ohms/km, 50 nF/km)
2 Stone feed bridge (2 x 200 Q, 2 + 2 uF, 50 V)

3 Loaded junction 19.6 km of 0.9 mm, 88 mH at 1.83 km

4 Transformer feed bridge (50 V)

5 Attenuation 3.5 dB, frequency independent, 600 Q

6 Channel filtering 300 Hz-3.4 kHz, 600 Q

The results are shown in the curves.
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Supplement No. 5

THE SIBYL METHOD OF SUBJECTIVE TESTING

(Geneva, 1980)

(Quoted in Recommendation P.74)
(Contribution by the American Telephone and Telegraph Company)

SIBYL is the name given to the facility developed by Bell Laboratories for the study of human factors in
communications systems. The use of SIBYL allows an experimenter to control transmission parameters during
normal business calls of cooperating Bell Laboratories employees in a manner which ensures maintaining privacy
of telephone conversations. (See [1], [2] and [3].) '

The test subjects used in any experiment involving SIBYL are obtained by contacting employees before the
test to ask if they would be willing to participate in the test. If they agree to participate, their telephone lines are
routed through the SIBYL facility.
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The present SIBYL facility is available at the Holmdel Bell Laboratories where each telephone set is
connected to the serving central office over a 2-wire cable about 3 miles in length. In general, only internal
(within Holmdel Bell Laboratories) telephone calls originated by the subjects are included in a SIBYL experiment.
In addition to presenting controlled transmission conditions on a test call, SIBYL collects objective data such as
timing information (e.g. time length of call) or speech levels.

A typical connection involving SIBYL is depicted in the diagram of Figure 1. At the left is the subject’s
telephone set connected by less than 1500 feet of 2-wire cable to SIBYL which converts the 2-wire transmission
path into a 4-wire path and also separates the signals sent from the subject and the signals received by the subject.
This permits the insertion of different transmission parameters in the two directions of transmission and also
permits independent measurements of the transmitted and received signals.

| SIBYL : Called

| _/WC A [ . pm’y;s Called
Subject | | party
@1— Hybrid N Hybrid : C;;‘l‘c’:'

' |

[ | _

| Subject’s

| loop
- - ____ _ CCITT - 41880

FIGURE 1
Diagram of a telephone connection with SIBYL

Moving from left to right through the diagram of Figure 1, the 4-wire path in SIBYL is converted back to
a 2-wire path and connected to the serving central office over the subject’s loop. The central office connects the
subject’s line to the called line dialled by the subject which is terminated with the telephone set of the called party
who is another employee at the Holmdel Laboratories. If the called party also happens to be a subject for the
experiment no transmission conditions are introduced into the called party’s line.

Each subject is provided with instructions at the beginning of an experiment explaining the procedures
involved in making a test call. A sample procedure is depicted in Figure 2. The subject initiates the procedure by
taking his handset from the telephone set cradle and dialling a number. If the call is not a test call, it completes
normally just as if SIBYL were not involved. This would happen if the called number was not that of another
employee at Holmdel or if SIBYL was otherwise programmed not to intercept the call. If the call is a test call and
the called line is not busy, the selected transmission conditions are inserted while the connection is being
completed and the call proceeds. If the transmission condition is unacceptable to the subject at any time during
the conversation, the subject can dial a special digit (i.e. 5 in Figure 2) which signals SIBYL to remove the
selected transmission degradations from the call.

When the conversation is ended and the subject replaces the handset on the cradle, SIBYL rings the
subject’s telephone set with a short burst of sound. This alerts the subject to the fact that a test call has just been
completed and that it is necessary to rate the transmission quality of the call by dialling one of five single digits
indicating his rating on the five-point comment scale: Excellent, Good, Fair, Poor and Unsatisfactory. This rating
information is recorded by SIBYL for later processing.
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Supplement No. 6

ATTENUATION OF THE ELECTRO-ACOUSTIC EFFICIENCY OF TELEPHONE SETS
IN VIEW OF PROTECTION AGAINST ACOUSTIC SHOCKS

(Geneva, 1980)

It is also desirable for the protective devices to reduce efficiently the discomfort liable to result for the user
of the telephone set from exceptionally high voltages on the subscriber line. For this purpose the electro-acoustic
efficiency of the telephone set, expressed as the ratio between the acoustic pressure produced by the earphone on a
suitable measuring device and the sinusoidal voltage applied at its terminals, should decline when the level of the
electrical signal increases in relation to its value for the usual speech signals, which is taken as a reference.
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Pending the conclusions of a full study of the subject, it is recommended that the values in Table 1 below
should be observed for the attenuation, expressed in dB, of that efficiency, relative to the electrical level N applied
to the receiver terminals.

Measurements are to be made for frequencies between 200 and 4000 Hz. The reference value of the
electro-acoustic efficiency is that recorded when N = —20 dBm.

The acoustic pressure considered is that produced by the earphone of the receiver applied to an
IEC 318 [1] artificial ear (see Recommendation P.51) with a weighting curve A. .

TABLE 1 .
Voltage level at terminals, N Attenuation of electro-acoustic W
(reference dB 0.775 V) efficiency (dB)
-20 - 0. (reference)
-10 <05
0 < 2
+10 > 6
+20 >12
+30 >18
Reference
[1] International Electrotechnical Commission Recommendation An IEC artificial ear, of the wide band type,

for the calibration of earphones used in audiometry, IEC publication 318, Geneva, 1970.

Supplement No. 7

GENERATION OF THE ARTIFICIAL VOICE

(Malaga-Torremolinos, 1984)

(Contribution from the Italian Administration)

1 Introduction

This Supplement describes a possible generation process of the artificial voice according to Recommenda-
tion P.51.

The artificial voice is produced by alternatively activating two different sources, namely a glottal periodic
wave and a random noise (Figure 1). While the glottal wave produces voiced sounds and contains almost all the
power of the signal, the random noise reproduces the unvoiced sounds and lasts on the average only for 10% of
the time.

Glottal al Shaping
excitation T filter
Multiplier
Artificial voice
|
Random Shaping |
noise | filter |
:__ - Envelope
| generator
|
1
Voiced/unvoiced
switching
CCITT - 82730
FIGURE 1
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2 Glottal excitation

The waveform of the glottal excitation signal is shown in Figure 2. The pitch is time-dependent, according
to the time variation of the parameter x: every 200 ms the x value is randomly varied, according to a normal
distribution centred around a mean value of 1 and with a standard deviation of 0.11. In addition, it is allowed to
vary only within 0.835 and 1.165 in order to reproduce the typical pitch variations of natural voice
(120 Hz-168 Hz).
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FIGURE 2

The variation of the x parameter from each value to the next one, randomly generated 200 ms later, is
smoothly accomplished following a semiperiod of a cosine waveform.

2.1 Shaping filter

The shaping filter processes the glottal excitation signal in order to obtain the desired long-term average
spectrum (see Figure 3/P.51). Its response characteristic closely depends on the glottal excitation spectrum and on
the long-term spectrum recommended in Recommendation P.51, § 3.4.1.
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3 Unvoiced sounds

Unvoiced sounds are generated from a random noise generator, followed by a shaping filter giving to the
signal the spectrum specified in Recommendation P.51, § 3.4.5.

4 Syllabic rate and time configuration of the envelope

The envelope of both voiced and unvoiced sounds is created in such a way as to reproduce average real
speech characteristics; while the voiced sounds have a sawtooth envelope, where the rise time is much shorter than
the decay time, the unvoiced sounds have an envelope characterized by a half-period sinusoidal waveform. Every
nine sawtooth vocal envelopes, one half-wave sinusoidal unvoiced envelope is generated. The characteristics of the
envelope waveforms are specified as follows:

41 Voiced sounds

Voiced sounds have an envelope characterized by triangular waves as shown in Figure 3.

The amplitude A4 is normally distributed between Ap, and 0.3 A, with standard deviation
S, = 0.25 Apax.

The gradient of the rising slope RS is normally distributed between RS;.x = 64 ms/ Ay, and
RS, = 16 ms/ Ap,., with standard deviation S, = 16 ms/ A,,.

The gradient of decay slope DS is normally distributed between DS,., = 576 ms/A4n.x and
DSpin = 144 ms/ A,,,x with standard deviation S; = 144 ms/ A,,.

The silence time T, between two consecutive triangular envelopes is normally distributed between
Tzmax = 17 ms and Tzn;, = 7 ms with standard deviation S, = 5 ms.
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FIGURE 3
Envelope waveform of voiced sounds
42 Unvoiced sounds

Unvoiced sounds are envelopped by half-period sinewaves whose amplitude and duration are related to
those of voiced envelopes. In particular, the duration of each unvoiced burst is equal to the last occurring voiced
envelope, while the amplitude is reduced by 15 dB.

Volume V — Suppl. No. 7 241



Supplement No. 8

OBJECTIVE MEASUREMENT OF ACTIVE SPEECH LEVEL

(Malaga-Torremolinos, 1984)

(quoted in Recommendation P.52)

Preamble

It is considered important that there be a standardized method of measuring speech level in telecommuni-
cation links, so that measurements made by different Administrations may be directly comparable. This requires a
meter that is not dependent on operator interpretation.

This meter should ideally be such as to maintain maximum comparability and continuity with past work:
in particular, that the new method should yield 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.

The active speech level should 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,

— Method B: measuring a quantity called active speech level, used for other purposes.

A suggested form of terminology is as follows:

speech volume: hitherto used interchangeably with speech level, should henceforth 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 terms such as these, e.g. see [1], and other related terms such as those for the meters
themselves [2], should be adjusted accordingly.

1 General

1.1 Introduction

Recent studies [3,6,9] have shown that it is possible to construct devices fulfilling most of the functions
listed as desirable in § 1 of Question 26/XII (Study Period 1981-1984). Most of these devices are different
embodiments of the same general principle — that of measuring the mean power of speech averaged over the
aggregate of time during which the speech is present (“active time”). However, the minimum active time required
to give a stable mean is of the order of a few seconds, which is too long for the purpose of giving an immediate
direct-reading indication suitable for rapid real-time adjustment of level by a talker or operator. It is possible,
though not yet definitely established, that an instrument suitable for this purpose could be based on the same
fundamental principle, implemented in some rapidly adaptive form [9]. But because of this uncertainty, this
Supplement confines itself . to describing the method to be used for three other functions mentioned in
Question 26/XII (Study Period 1981-1984), leaving real-time control of speech level to be governed by the devices
listed in Recommendation P.52 pending further study.

1.2 Electrical, acoustic and other levels

This Supplement 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 — acoustical, for example. 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). :
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1.3 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).

14 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, 0.1150% is commonly added to the median or mean
level in order to estimate the mean power, on the ground that the distribution of mean active speech levels
(dB values) is approximately Gaussian.

2 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 the pointer deflexions should be appropriate to the
application, as in Table 1.

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
Application Meter Quantity observed
Control of vocal level in live-speech ARAEN volume meter (SV3) Level exceeded once in 3 s
loudness balances
Avoidance of peak limiting Peak programme meter Highest reading
Maintenance of optimum level in VU meter Average of peaks (excluding the
making magnetic tape recordings most extreme peaks)
3 Method B: Active speech level for other applications

3.1 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.

Volume V — Suppl. No. 8 243



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, but 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 [5]. 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 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).

The description given below shows how a very simple detection method can be made to meet the
requirements satisfactorily. Even though 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, nevertheless by accumulating sufficient information during the process it is possible to apply the correct
threshold retroactively, 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.

32 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 2'2 quantizing intervals (i.e. using 12 bits per sample including 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
for the value exceeded with probability 0.001 [4].

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 their own voltage, i.e. 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 t = 1/fseconds.

Other constants required are:

v’ (volts/unit) scale factor of the analogue-digital converter

T time constant of smoothing in seconds

q = exp(—t/T) coefficient of smoothing

H hangover time in seconds
I=H/t rounded up to next integer
M (margin) 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_; +1
Si = Si—1 + X
sq; = 8qi_1 + xf

where §¢, sqo and nq (initial values) are zero.
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Process 2

Perform two-stage exponential averaging on the rectified signal values:-
pi=gxpi-1+ (1-g) x [ x|
=gxqga+(10-g)xp
where py and ¢, (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, &;, be maintained. For each value of j in turn:

if i > ¢ or gq; = ¢, then add 1 to a; and set A, to 0;

if g < ¢ and hj < I, then add 1 to a; and add 1 to h;;

if g; < ¢; and h; = I, then do nothing.

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.

All the a; and the A; values are initially set equal to zero.

It should be noted that the suffix ; 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 sq, but
this value is continually updated. At the end of the measurement, therefore, the suffixes can be omitted from s, sq,
n, p, and gq.

Let all these processes continue until the end of the measurement is signalled. Then evaluate the following
quantities:

Total time = n X ¢
Long-term power = sq X v%/n

Note — 1If it is suspected that there may be significant d.c. offset, this may be estimated as s x v/n, and
used to evaluate a more accurate value of long-term power (a.c.) as v2 [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 equals sq X v2/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 logyo (sq x v¥/n) — 20 log;o r

Active-level estimate 4; = 10 logyo (sq X v¥/a;) — 20 logy r

Threshold G = 20 logyo (¢ x v) — 20 logy 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 4 — C = M. If one of the pairs of values 4; and C; fulfills this condition
exactly then the true activity factor is a;/n, but in all cases it can be evaluated from the expression 10(E—4)/10,

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 to fulfill the
definition.

3.3 Values of the parameters

The values of the parameters in Table 2 should be used. They have been found suitable for the purpose
and have stood the test of many years of application by various organizations [5], [6].
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TABLE 2

Parameter Value Tolerance
f 694 samples/s Not less than 600
T 0.03 s + 5%
H 02s + 5%
M 15.9 dB + 0.5

Note — The value M = 15 dB might appear to be implied in [5], but the threshold
level described there 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 logy, (r.m.s.
voltage/mean absolute voltage) for a sine wave. '

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 Supplement. 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 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.

Note that certain measurement systems with fixed thresholds, instead of the retroactively selected threshold
as described above, may still give active speech level according to the above definition in cases when the margin
turns out to be within the specified limits. Otherwise the margin must be quoted with each reading. This applies to
some of the methods described in reference [3], including the SV5B [5].

4 Approximate equivalents of Method B

Other methods under development, some of which are described in [3], use a broadly similar principle of
measurement but depart in detail from the algorithm given above.

One such method uses a threshold based on peaks of the instantaneous waveform, using a larger margin,
no smoothing, and a minimum time above threshold for detection of speech. Since peaks are more variable than
the mean power, this method seems likely to give less stable results, though parameter values could no doubt be
chosen to yield results agreeing on average with those obtained from Method B.

Another method, otherwise similar to Method B, omits the accumulation of x? when the detector indicates
absence of speech. This procedure excludes not only noise energy but also a substantial part of the speech energy
at the beginning of each utterance, because the delay inherent in the envelope-extraction process leads to a
time-lag in operating the detector. The resultant levels are too low, especially for speech comprising a large
number of short utterances.

A third method [7] fixes the threshold by examining the distribution of amplitudes at the end of the
utterance, leaving the temporal features of the speech structure out of account. It is not clear how the results of
this method are affected by activity factor and noise level.

It is not the intention of exclude any such method entirely, 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. -
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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 v e e e 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 seconds (active time);

Bandwidth . . ... ................ 300-3400 Hz and 100-8000 Hz;

Added noise . ... ................ 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.

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 EPL method [8] is
an example of a method that can be expected to meet this criterion.

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.

5 Conclusion

Two methods of measuring speech level have been suggested: Method A for real-time human control, and
Method B for other uses; where Method B is not practical, allowance is made for the use of demonstrably
equivalent methods. Method B gives substantially the same results as the methods that were used to establish the
speech contribution to the conventional load.
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Supplement No. 9

PROVISIONAL METHODS OF TESTING HEADSETS
SO THAT P-SERIES RECOMMENDATIONS MAY BE USED

(Malaga-Torremolinos, 1984)

1 Introduction

This Supplement discusses the precautions recommended when testing headsets so that the procedures
developed for analysis of conventional telephone sets can apply also to headsets. CCITT Study Group XII has
been studying the subject of testing of headsets [operator telephone system (OTS)] under Question 3/XII.

2 Definition of a headset ; operator telephone set

For the definition of these terms, see § A.1.

3 Elements of the testing method

3.1 In contrast to previous proposals for headset testing procedures, where a complete set of procedures just
for headset testing were envisioned, this Supplement highlights the several areas of differences between headsets
and conventional handsets so that data can be obtained which can then be analyzed by the established subjective
and objective procedures and recommendations.

32 There are many similarities between headsets and conventional handsets. Each has a transducer system for
converting voice signals into sending electrical signals. Each has a transducer system for converting received
electrical signals into sound pressure for the user’s ear. Each system is ultimately conditioned to a common 2-wire
standard.

33 Briefly the differences between headsets and handsets that affect testing are as follows:

a) The majority of headsets are adjustable and have no fixed distance between the receiver and the
microphone, as is the case with conventional handsets. Thus headset microphone positioning rules can
be different.

b) Headsets with other than conventional on-ear (supra-aural) receivers are normally measured on ear
simulators with smaller cavity size than the on-ear receiver ear simulator.

' ¢) Headsets with other than conventional on-ear types of receivers cannot be simply held to the head
with a hand with any certainty of acoustic parameters, thus requmng a different subjective test
method for these headsets (contra-lateral balance method).

d) Headsets with other than conventional on-ear receivers require a method for converting receiver test
results to a reference point to enable analysis. It would simplify analysis if this reference point is the
same as the ear reference point (ERP) used for analysis of conventional on-ear (supra-aural) receivers.

e) Headsets are 4-wire devices. A 4-wire to 2-wire network needs to be specified to allow the headset to
be tested as a system in the manner of telephone sets.

f) Headsets typically have been leaders in the use of electronic “signal-conditioning” which requires
some precautions in testing to achieve correct results.

N

These areas are discussed below in greater detail.
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4 Basic testing philosophies of headsets

4.1 Non-adjustable versus adjustable headsets — mouth to ear distance; two broad categories

41.1 Those headsets which are not adjustable in distance from the receiver (or ear centre) to the microphone
require that the microphone be adjusted to a position relative to the mouth lip-ring as per established median
dimensions based on measurement of a population of user’s head sizes. The procedures established for positioning
of conventional telephone sets can be used with suitable modification for establishing the equivalent of the
receiver cap plane surface to the headsets that do not have supra-aural receivers. [See Figure 1a).]

4.1.2 Those headsets which are adjustable in distance from the receiver (or ear centre) to the microphone should
be adjusted to the subjectlve talker’s lip-ring or the artificial mouth’s lip-ring per the headset manufacturers or
Administration’s user wearing instructions. [See Figure 15).]

a) Headset with non-adjustable b) Headset with adfustable
ear to mouth distance i - ear to mouth distance
FIGURE 1
4.2 Converting receiver test results to the ERP (ear reference point) to be used with Series P Recommendations

Objective calculation methods for receiver rating would be greatly simplified if a fixed reference point for
measurement of headset receiver sound pressure could be used, or sound pressure readily related to it. For on-ear
(supra-aural) receivers, this point is the ear reference point (ERP) which is defined as the centre of the plane of
the circular receiver earcap when it is placed comfortably against the ear. With insert type receivers, it is not
possible to directly measure the sound pressure at the ERP because it is outside of the ear insert and ear canal.

It is proposed by use of narrow frequency bands of noise signal and contra-lateral balancing technique to
estabish correction factor tables for ear insert type receivers which would be very similar to the “Lg” table now
used for handset receiver reference equivalent calculation (see Recommendation P.79) which would correct the
data to the ERP [1].

43 Subjective loudness testing of headsets — contra-lateral balance method

Loudness balance rating of receivers is traditionally done by balancing the unknown receiver system
against the NOSFER system by holding the unknown receiver and the NOSFER receiver in one hand and
alternately placing the receivers to one ear (typically the left ear) while balancing the loudness. This method is not
appropriate to headsets, and particularly headsets with ear-insert type of receivers because of the probability of
breaking the headset receiver seal in the process of removing and restoring the headset to one ear.

Thus the contra-lateral method of loudness balancing is one recommended method. With this method, the
headset receiver is carefully applied to one ear and the NOSFER receiver is applied to the other ear, the balance
made and recorded. The receivers are then interchanged and the balance made. The two balances are then
averaged for the loudness balance used.

Data from contra-lateral balance tests typically shows the left ears to be on the average 1 to 2 dB more
sensitive than the right ear. This is at present believed to be caused by the fact that test teams typically use the left
ear for balancing and thus this ear gets more “practice” than the right ear. If this is true, providing additional
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practice for the right ear should correct the problem. It is suggested that the average difference of the overall
balances be presented with. the data, and corrective action be considered if the average difference between the left
and right ear balances exceeds 4 dB.

4.4 Rating of headset receiver sensitivity — acoustic leaks

The following test philosphy for headset receiver objective testing extends existing practices used for
supra-aural receiver testing, with modification for special headset receiver systems.

44.1 If the receiver system is of a type with which a seal can easily be made by the user to his ear, then the
objective testing is done with the sealed condition.

4.4.2 If the receiver system is of a type in which an acoustic leak is an unavoidable result of the design of the
receiver coupling system, then suitable nominal acoustic leakage should be used in the objective testing. The
receiver category termed “intra-concha” type generally falls in this category.

4.5 Rating of receive sensitivity of headsets with dual receivers

Receive sensitivity of headsets with dual receivers cannot be rated directly with conventional or contra-
lateral loudness balancing techniques. The following method for rating dual-receiver sensitivity is recommended
for study.

Rate the headset with one receiver of the two in use by the contra-lateral balance method. Establish a
subjective improvement factor from adding the second receiver. Use this factor to correct the value of the single
receiver sensitivity rating.

5 4-wire to 2-wire coupling networks

5.1 Headsets are 4-wire devices. Although there may be circuitry from the sending side to the receiving side for
the purpose of powering the receive-electronics, there is no deliberate audio path between the two sides. To test
the headset, it is thus necessary to provide a 4-wire to 2-wire network which is an integral part of conventional
telephone sets. This 4-wire to 2-wire network fulfills the following functions:

a) transforms the headset sending impedance and the headset receiver impedance to the correct 2-wire
line impedance — 600 ohms in the case of CCITT testing;

b) provides the path for electrical current from the 2-wire circuit to the sending side of the headset;

c) couples the signal from the sending side of the headset to the 2-wire circuit;

d) couples the signal from the 2-wire circuit to the receiving side of the headset;

e) attenuates the signal from the headset sending side to the headset receiving side to the proper level
specified (“side-tone” level).

An example of a coupling network from British Telecom is given in Figure 2.

Relay Type 3406 ,
(400 ©, 50V, high impedance)

oP 0Os1

o]
Il
20
082 ? . Line
151 !
440
2 .
T
: “ 0
Turns ratio 1:1.7 + 1.7 1 1S2
Induction coil Type 3/16 CCITT-14 281

FIGURE 2

4-wire to 2-wire network for testing headsets
(British Telecom Operator’s network)
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5.2 There are two general types of headset applications: those for telephone “operators” such as at telephone
Administration offices and those in which the headset is an adjunct of a telephone instrument for “hands-free”
usage by reservation agents, for example. /

The 4-wire to 2-wire networks of each of the above applications are slightly different and may yield
different results. In particular, the network from some telephone sets (the 500 type set in the USA, for example)
contains varistors which attenuate the sending signal about 4 dB and shunt some of the line current at higher line
currents.

Thus it is possible that a headset may have more than one sensitivity rating depending on the application
for which it is tested and the corresponding 4-wire to 2-wire network specified. The nomenclature defining the test
specimen should thus include the network reference as well as the headset model reference.

6 Types of headset microphones used

6.1 There are typically four types of microphones used in headsets:

a) carbon type [see Figure 3a)] — these are tested basically in the same manner as conventional handset
carbon microphones regarding conditioning and in the same posmon as the conventional handset is
normally used (see Recommendation P.75),

b) miniature microphone on boom [see Figure 35)],
¢) voice-tube, coupling sound to a remote transducer [see Figure 3¢)],
d) proximity, or pressure-gradient microphone (sometimes called “noise-cancelling”) [see Figure 3d)].

a) Carbon microphone b} Miniature microphone on boom

I\/‘
&

CCITT - 14081

¢} Voice-tube, coupling to remote d) Proximity microphone on boom
transducer

FIGURE 3

Microphone types used with typical headsets
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6.2 All of the above microphone types except the proximity type are of the pressure type and will yield an
output voltage proportional to the input sound pressure. The proximity type yields an output voltage proportional
to the ‘difference in sound pressure from the front to the back of the microphone. This gives the proximity
microphone an output voltage inversely proportional to the square of the distance from the microphone to the
sound source, and will aggravate any errors in sensitivity testing caused by positioning of the microphone. It is
thus very important in subjective testing of headsets with proximity-type microphones to position them carefully to
the manufacturer’s or the Administration’s instructions as to how the user should wear them. If the lip-ring
prevents the microphone from being thus positioned, then a correction factor should be introduced in the data
which accounts for the sensitivity difference caused by the positioning error.

7 Positioning the headset microphone to real and artificial mouths

7.1 Subjective loudness testing of sending systems involves using real voices as excitation signals for the
sending microphone. The amplitude of the talker’s voice is controlled by speech level meters so that the sound
pressure is at the desired level at a lip-ring in front of the talker’s mouth. The headset microphone or voice-tube
should be positioned to this lip-ring, either by positional gauges.or by simple measurement relative to the lip-ring
following the positional dimensions established for the headset type (see § 4.1 above).

7.2 To obtain high values of signal-to-background noise with headsets, most microphones are specified to be
close-talking types and thus the user is instructed to adjust the microphone close to his lips. A microphone close
to and directly in front of the user’s lips will produce “blasting” noises from the user’s breath. Thus most headset
manufacturers will also specify that the user position the microphone or voice-tube at the side of the mouth or
below the lips, out of the “blasting” area. Because of the talker’s lip-ring used in subjective testing and the need to
sometimes position the microphone farther away from the talker’s mouth than when in actual use, some “blasting”
may still occur. If this happens, it is recommended that the microphone or voice-tube be adjusted vertically or
horizontally away from the blasting area until the speech signal is clean.

73 Administrations have typically positioned headset microphones to artificial mouth lip-rings in the same
way as real-mouth lip-rings. This method is satisfactory providing that the sound distribution around the artificial
mouth is essentially the same as with real mouths.

Since there are generally no “blasting” effects associated with artificial mouths, and since the sound
pressure versus distance on-axis from an artificial mouth is more consistent than at the sides of the artificial
mouth, some Administrations place the headset microphone or voice-tube on-axis from the artificial mouth at a
position of calibrated sound pressure level. This method is particularly recommended to avoid errors in testing
headsets with proximity microphones.

8 Types of headset receiver systems

There are a variety of receiver coupling methods used with headsets:
a) conventional on-ear (supra-aural) receivers similar to conventional handsets receivers [see Figure 4a)],
b) headsets with ear insert (eartip or earmould) types of receivers [see Figure 454/},

¢) headsets with couplers that mount in the concha portion of the ear, termed “intra-concha” couplers
[see Figure 4¢)].

9 Coupling the headset receiver system to real and artificial ears

9.1 Headsets with conventional on-ear (supra-aural) receivers can be tested per conventional handset receiver
test procedures and with the artificial ear for these types of receivers (see Recommendation P.51).

9.2 Headsets with ear insert types of receiver couplers have been tested in the past with simple 2 cm? cavity
artificial ears. For future testing an ear simulator per IEC-711 is recommended. This is a multi-cavity simulator
which is a better simulation of the impedance of a nominal human ear versus frequency. Attention is drawn to an
increase of sound pressure of up to 8 dB (at 3 kHz) using the IEC-711 ear simulator compared to the simple
2 cm? cavity. '
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Ear-tip type

0B RAAL

Typically six sizes provided

a) Conventional on-ear receiver system b) Ear insert receiver system
~
CCITT-14082
d) “Intra-concha’ receiver systems Ear mould type is custom fitted to concha

d) Ear insert receiver system

FIGURE 4

Receiver types used with typical headsets

9.3 Headsets with intra-concha types of receiver couplers have also been tested in the past with simple
2 cm?® cavity artificial ears. It is understood that the IEC-711 Recommendation is in the process of being extended
to provide an adaptor to couple intra-concha types of couplers to the multi-cavity ear simulator.

10 Precautions in testing of headsets

10.1  Headsets with receive electronics require the transmit side to be powered to provide power to the receiver
side electronics. :

10.2  Some headsets have sending electronics (termed “threshold amplifiers”) which reduce the sending sensi-
tivity when the input sound pressure level is below a “threshold” value. It is important that input sound pressure
levels be above this “threshold” value during all testing. Typical threshold sound pressure level values are in the
range of —25 to —10 dB Pa. [2].

10.3  Some headsets have receive electronics which “compress” or linearly limit the higher drive signals to the
receiver transducer. It is important that the receiver excitation levels be below the compression level when rating
the sensitivity of the receiver system [2]. :

104  Receiver coupling systems that use sound pipes comprise an acoustic system in which the length and inside

diameter of the sound pipe are important to the acoustic characteristics. Thus the ear coupling system of the
headset should not be altered in testing. : '
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ANNEX A

(to Supplement No. 9)

Definitions of terms

Al headset ; operator telephone set

Telephone apparatus comprising essentially a “hands-free” handset. It is typically secured to the head of
the wearer. It includes a telephone microphone and a telephone receiver. It is by definition a 4-wire device having
a pair of wires for sending and a second pair for receiving. Also termed “head telephone sets”, “speaking sets”.

Note — When referring to a headset tested using a 4-wire to 2-wire network, such as tested by CCITT
procedures, the term “headset” includes the network.

A2 intra-concha receiver

A receiver intended to couple directly into the concha of the human ear and essentially filling the concha
cavity but without entering the ear canal.

Al intra-concha (receiver to ear) coupler

A device which adapts the IEC-711 occluded ear simulator to provide simulation of an extension of the
occluded ear canal to its entrance, together with the concha cavity. Its purpose is to facilitate objective
performance measurements on intra-concha types of receivers.

A4 threshold amplifier

An electronic system which will decrease the gain of a sending system (10 to 15 dB) when the user is not
talking and the signal peaks are below a certain threshold. It is typically used to increase the signal-to-noise ratio
of sending systems. Also termed “switch-gain” amplifier.

AS compression limiter

An electronic system which will linearly limit signals above a certain threshold by controlling (lowering)
the gain of the system. It is typically used in telephone receiver systems to limit the loudness of high level signals.

A.6 proximity microphone

A transducer converting sound energy into electrical energy, responding to the difference in sound pressure
between a front port and a rear port. Also termed “noise cancelling microphone”, “pressure gradient micro-
phone”.
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Supplement No. 10

CONSIDERATIONS RELATING TO CHARACTERISTICS
FOR SUBSCRIBER SETS (HANDSET TELEPHONES)

(Malaga-Torremolinos, 1984)

1 Introduction

This Supplement based on reference [10] summarizes available information on how some characteristics for
handset telephones can be optimized.

It contains information about sending and receiving sensitivities, frequency responses, sidetone characteris-
tics, influence of impedance and handset dimensions. It must be remembered that there are different ways to make
an optimization. For instance the number of degrees of freedom are essential. As there are different opinions in
different countries (for instance, the different assumptions made) the results of the optimization will be different.
This Supplement touches some of these aspects.

Desirable characteristics for digital telephone sets are still under study. However, what is mentioned about
handset dimensions will also be applicable to digital sets. :

2 Receiving frequency response

Most Administrations seem to prefer a fairly flat frequency response between 300 Hz and 3400 Hz. This
probably derives from the early days of telephone networks, when it was determined that possible pre-emphasis at
higher frequencies should be located at the sending end to obtain the best possible overall signal-to-noise
performance. If we consider free-field, two-ear listening as a reference (face to face conversation) and assume a
frequency-independent (flat) response, we should in principle simulate these conditions also at one-ear telephone
listening. :

Then, at the earphone listening, we should have a frequency response of the earphone as in Figure 1 to
simulate the diffraction effect we have at free-field two-ear listening [1]. However, most Administrations seem to
prefer a flat response and to put the corresponding correction at the sending end. It may also be easier to
construct a receiver with high efficiency if the goal is a flat response. Reference [2] has suggested a response as in
Figure 2 optimized for a mean local line. Where mains noise may cause problems, a response with greater loss at
lower frequencies, e.g. at 200 Hz and lower frequencies, may be appropriate.
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The diffraction effect around the head
at 1 m distance in free field [1]
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FIGURE 2
Receiving frequency response according to [2]
3 Receiving sensitivity

Receiving sensitivity today often is represented by values between CRE = 0 to CRE = —8 dB (RLR of
—4 dB and — 12 dB respectively).

A further increase of the sensitivity by the use of amplifiers might technically be possible. However, the
probability for the audibility of crosstalk will increase with increased sensitivity. Therefore, the information
gathered in Recommendation P.16 must be considered and it is doubtful if it can be recommended to increase the
sensitivity further beyond CRE = —8 dB (RLR of —12 dB).

Increasing the receiving sensitivity also decreases the margins against the effects of speech-off noise on the
connection, e.g. unwanted modulation products from PCM systems. The stability against singing will also be
affected.

4 Sending frequency response
Having chosen the receiving response to be flat, the sending frequency response can be optimized to give

the proper overall characteristic. Reference [3] suggests an optimization achieved by asking the listeners for the
“preferred” response. The result is shown in Figure 3. Reference [4] suggests a 2 to 3 dB increase per octave with
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increasing frequency. This result was obtained in tests regarding “naturalness”. Reference [2] suggests a steeper
curve (Figure 4) as a result of an optimization where maximum loudness, minimum listening effort and lowest
output level are combined. The degree of freedom used by [2] is of course less than in [3] and [4]. Here we may
have a difference in opinion concerning which assumptions we must include in the optimization. If the
signal-to-noise ratio is a problem, some decibels could be gained (without overloading) in the way shown by [2]. If
there are no signal-to-noise ratio problems, an optimization for best naturalness as in [3] and [4] can be used.
Thus, the result will depend on the assumptions.
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FIGURE 3
Sending frequency response according to [3]
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FIGURE 4

Sending frequency response according to [2]
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Different opinions may also exist about the local cable length for which the frequency response should be
optimized and if the high frequency loss at long lines should be compensated. Reference [2] suggests optimization
of the mean local line which will be optimum to the highest number of subscribers (because of the statistical
distribution of cable lengths).

The curves according to Figure 4 and [4] give with a flat receiving frequency response an overall
characteristic close to what is obtained by the diffraction effect at free-field listening. However, this is probably
not the whole explanation to the preferred curves. Even if the receiving responses were flat during sealed
measuring conditions, hardly anyone keeps the earphone tight to the ear during conversation. Therefore, the actual
responses during conversation probably give some additional low frequency cut-off that certainly has an influence
on the results.

5 Sending sensitivity

When we want to choose the sending sensitivity we have one degree of freedom less that at the receiving
end. We must consider both the probability of crosstalk and the probability of overloading other parts of the
telephone system. Actual output levels from the telephone must be considered. As shown in [5] different output
levels for the same SRE-value have been found in different countries. However, the different results show one
important feature in common: output levels during normal conversation are generally lower than during reference
equivalent measurements. Hopefully we will get better agreement on this point in the future if we use the
measuring distance defined in Recommendation P.76, Annex A for loudness rating measurements.

Recommendation G.121, § 1 permits the corrected sending reference equivalent of a local telephone circuit
on a limiting line to be about 11 dB higher than the corresponding corrected receiving reference equivalent
(assuming no differential gain in the circuits of the national extension).

6 Regulation

"A possibility to increase the sending sensitivity on long lines exists if we use sending regulation dependent
on line length The probability for overloading and the probability for far end crosstalk will not increase if the
mean power is kept to the same value as today. See also [2). The probablhty of near end crosstalk in the local
cable will of course increase and has to be considered.

If regulation is introduced both at sending and receiving, more subscribers can have overall reference
equivalents or Loudness ratings close to a preferred optimum, i.e. less calls will be rated poor and unsatisfactory.
Another reason to introduce regulation is to obtain a better sidetone performance on short and long lines at the
same time. -

7 Handset dimensions

A The shape and the dimension of the handset have an important influence on both send and receive levels.
As stated in [2] “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”.

If we manage to get a design which gives a good seal during normal conversation it may influence the
preferred frequency response (see § 4).

Reference [7] is an ergonomic study which suggests certain dimensions (see Figure 5) which will cater
for 95% of the distribution of the relevant finger and head dimensions.

A later head dimension investigation carried out in the People’s Republic of China [11] gives an ellipse of
about the same size and the same distance to the ear as in Figure 5, but with the angle a = 21° instead of 17.7°.
A further investigation, also from the People’s Republic of China [12], shows that a handset with a mouthpiece
tangential to the ellipse found in reference [11], although it only excludes 5% of lip positions, is only acceptable
to 65% of the users.
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FIGURE 5

Telephone handset design criteria referred to in [7]

The investigation shows that for convenience the mouthpiece of the handset should be 8 mm or more
outside the ellipse (the distance depending on the angle) to be acceptable to 95% of the people. However, when a
longer mouth-microphone distance is chosen, the signal-to-noise ratio will be worse. Therefore both signal-to-noise
ratio and distance for convenience must be considered and probably a compromise must be chosen. It seems
interesting that a handset designed according to reference [12] is slightly shorter than one designed according to
reference [7].

However, it is noteworthy that in respect of dimension d in Figure 5, few handset designs exhibit the value
37.8 mm. A value of 30 mm is more representative of modern designs (including the type used for the CCITT
IRS). The weight balance of the handset also depends on this distance and for given weights of sending and
receiving insets, is worse if d = 37.8 mm. '

8 Impedance presented to the line

Some considerations concerning this topic are as follows:

— a conjugate match with the line maximizes the power transferred but creates sidetone problems on
short lines and also stability/echo problems on long-distance calls;

— an image match to the line reduces the range of impedance presented to the exchange and eases the
sidetone problem except for short subscriber-lines connected to resistive junction plant (e.g. PCM
circuits); 4

— an impedance approximating the reference resistance (e.g. 600 ohms) eases standardization problems
particularly in respect of alternative uses of the local line for non-speech services, but the optimum in
respect of sidetone cannot be attained over the whole range of local line lengths.

References [2], [8] and [14] touch upon this subject.
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9 Sidetone balance impedance

The degree of sidetone suppression is governed by the following parameters:
— microphone sensitivity;

— earphone sensitivity;

— sidetone balancing arrangement within the telephone instrument circuit;
— the impedance of the line to which the telephone is connected.

The microphone and earphone sensitivities and the instrument circuit are in part controlled by the required
sending and receiving sensitivities. The impedance of the line to which the telephone is connected is not usually
within the control of the telephone instrument designer. The only parameter freely available to the telephone
designer to control the sidetone level is Zjgo, the sidetone balance impedance [8], [9], the impedance which when
connected to the telephone completely suppresses sidetone V. If a transformer hybrid is used in the telephone then
the internal balance network impedance is equal to the sidetone-balance impedance Zgo modified by the turns
ratio of the transformer. However, the concept Zso is not affected if the circuit uses any other form of balancing
arrangement instead of a transformer.

10 Interworking with the existing network

The design of new handset telephones to be introduced into the telephone network must take account of
the need to give satisfactory transmission on connections to existing local telephone circuits either directly or via
the long-distance network. Reference [8] contains information touching upon this aspect.

Reference [13] is an example of a specification used in North America. Guidance for desirable sending and
receiving levels are given as well as characteristics to be minimally acceptable for connection to the public
switched network. It should be noted that this specification uses IEEE terminology, which is different from that
found in CCITT Recommendations.
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Supplement No. 11

SOME EFFECTS OF SIDETONE ON THE SUBSCRIBER WHEN TALKING

(Malaga-Torremolinos, 1984)

(referred to in Recommendations P.11 and P.79)

Over a number of years sidetone has been studied in CCITT Study Group XII under Question 9/XII.
Some important provisional conclusions have been reached from the point of view of the subscriber in his role as
a talker. These provisional conclusions relate to the effect on the talker as regards the subjective effect of listening
to his own voice, and the effect of sidetone on his talking level. These effects are summarized in the Figures 1
and 2.

Figure 1 shows that there is a preferred range for sidetone when the subscriber is talking under quiet
conditions, and that the difference between the sidetone being objectionable or too quiet is of the order of 20 dB.
(These results were obtained from talking-only tests and need to be confirmed by conversation tests.) The
preferred range lies between 7 and 10 dB, STMR (sidetone masking rating — Recommendatin P.76) [1], [S]. It is
not possible at this stage to suggest an acceptable range for the wide range of telephone connection and room
noise conditions that can be encountered in practice. However, under good conditions of low room noise a
“probable acceptable range” is indicated. In general, the higher the loss in a telephone connection the higher the
value of STMR required to maintain good conversational conditions.

Figure 2 shows the way in which the talking level changes with sidetone level [11, [2], [3], [4]. These results
were obtained by means of conversation tests [6], for a connection close to the preferred overall loss. The speech
voltage will also be a function of room noise for the same connection conditions.

The effects of sidetone when the subscriber is listening in conditions of moderate to high level room noise
is under study in Question 9/XII.
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FIGURE 1

Curves showing sidetone levels that are objectionable and too quiet,
together with the preferred range
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Speech voltage as a function of STMR
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Supplement No. 12

COMPOSITION AND ALIGNMENT OF THE NOSFER SYSTEM

(Malaga-Torremolinos, 1984)

(quoted in Recommendation P.42)

1 Introduction

This Supplement describes the composition and allgnment procedures for the two NOSFER systems
currently in use in the CCITT Laboratory, these are:

a) the original NOSFER based on the ARAEN and introduced around 1960;
b) the NOSFER-1984 which has been used experimentally since 1977.
Both systems are designed to fulfil the basic specification as detailed in Recommendation P.42. Similarly,

the basic representation of a complete NOSFER as shown in Figure 1/P.42 is applicable to both models. The
main working details related to composition and alignment for use are given or referred to below.
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2 The original NOSFER system as based on ARAEN

The composition of this system is shown in Figure 4/P.42. It was based on the components of the ARAEN
as given in Recommendation P.41, Yellow Book version. Modifications were made to the ARAEN as shown in the
figure, in order to achieve sending and receiving sensitivity/frequency characteristics similar to those of SFERT [1]
and thus ensure the validity of previously obtained reference equivalents made by comparisons with SFERT.

21 Composition of the original NOSFER

The original NOSFER was based on a linear wideband stable microphone (moving coil type 4021E)
calibrated under free-field conditions so that the results were applicable to the real voice use of NOSFER at least
in the frequency range 80-8000 Hz.

Details of the absolute calibration method previously used for the microphone are given in Volume V,
CCITT Red Book, 1962, Annex 5. This includes information on the fundamental (Rayleigh Disk) method used for
calibrating probe tube microphones as secondary standards and using these in a closed coupler device to check the
calibration of the NOSFER microphone type 4021E. For this purpose, the relationship between the free-field
calibration and the coupler test had been previously established using a number of microphones type 4021E.

Similarly, a stable wideband NOSFER receiver (type 4026A or type DR 701) with an attached rubber
cushion of specified shape and properties has been used. The latter was provided to minimize acoustic leakage and
noise ingress over a fairly wide frequency range but primarily to ensure a reasonable degree of agreement between
real ear and artificial ear calibrations by giving a more repeatable seal between the human ear and the receiver.

Detaijls of the NOSFER receiver are given in Annex D to Recommendation P.42 and the method of its
calibration in Annex C of that Recommendation and in [2]. Apart from the transducer requirements detailed
above, other components are as shown in Figure 4/P.42. Details of these may be obtained from Recommenda-
tion P.41 and former Recommendation P.42 (Yellow Book version). (Although Recommendation P.41 relates to the
ARAEN it contains appreciable detail of the original NOSFER equipment which is common to both systems.)

22 Alignment of the original NOSFER

The alignment (normal adjustment) of the original NOSFER necessitated:

a) periodic tests of all frequency-dependent items, e.g. transducers and equalizers, together with adequate
tests of fixed gain/loss items such as amplifiers and attenuators;

b) daily simple checks, prior to use on voice-ear tests, to ensure that the send, receive and overall system
performance was being maintained.

Descriptions of these have been given in earlier CCITT Books with references as given in the former
Recommendation P.42. However, for convenience, Table 1 has been assembled here for those elements of
NOSFER which are frequency-dependent and re-expressed to align with current practice, i.e. using frequencies
corresponding to ISO mid-frequencies of 1/3 octave bands and, where appropriate, with sensitivities related to the
mouth and ear reference points so that the data may be applied to both types of NOSFER and to loudness
calculations.

Microphone sensitivities (columns 1 and 2) are in terms of open circuit emf. For the free-field test the flat
circular acoustic grid of the microphone lies in the same horizontal plane as the direction of the incident sound
wave (as in normal use). Calibration methods as used previously are detailed in [2] and [3].

NOSFER send end sensitivity (column 6) which is used for loudness calculation is also in terms of
free-field pressure, but referred to the mouth reference point at 25 mm in front of the equivalent lip position. The
resulting voltage is measured across the input of the 600 ohm junction (J;).

For the receiver (column 3) and NOSFER receive end (column 7) sound pressures are measured with the
rubber cushion of the receiver seated on a flat plate of the ARAEN or Model IEC 318 artificial ear as shown in
Annex C to Recommendation P.42.

In column 7 the voltage is applied across the 600 ohm input of the NOSFER receive end (J;) and the
sound pressure measured as in column 3.

Insertion losses (columns 4 and 5) are measured between 600 ohm terminations.
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In the periodic check, a necessary stage of alignment is to ensure that the shapes of the nicrophone and
receiver sensitivities lie within the masks formed by the sensitivity/frequency characteristics of columns 1 or 2,

and column 3 respectively with the appropriate tolerances.

For daily alignment check of the complete NOSFER system, the practice is to use a 1000 Hz injected
signal, as it is shown in a level diagram in Figure 7/P.42 (Yellow Book version).

Sensitivities and insertion losses of the original NOSFER components

TABLE 1

Sensitivity Insertion loss NOSFER Sensitivity NOSFER system
equalizer
Microphone type 4021E Receiver type Sending end | Receiving end
Fre((};xze)ncy P P 4026Ayp Send Receive ® ¢
Free field |Closed coupler (dB) (dB)
(dB V/Pa) (dB V/Pa) (dB Pa/V) (dB V/Pa) (dB Pa/V)
1 2 3 4 5 6 7

100 —65.70 —67.50 26.00 12.60 28.70 —6.60 1.30
125 —64.50 —66.00 26.40 12.50 28.30 —5.50 2.10
160 —63.30 —64.60 26.30 12.40 28.00 —5.00 2.40
200 —62.50 —63.70 26.50 12.30 27.30 —4.80 3.30
250 —62.00 —63.10 26.20 12.30 26.60 —5.20 4.00
315 —-61.50 —-62.70 25.60 12.00 25.30 —5.60 4.80
400 —61.70 —62.60 25.30 11.50 23.80 —5.40 5.70
500 —61.70 —62.60 24.70 11.00 21.40 —4.60 7.30
630 —61.30 —62.30 23.60 10.40 21.10 —-3.40 6.70
800 —62.30 —62.70 22.50 9.60 20.20 —-2.40 6.50
1000 —63.40 —63.10 21.30 8.70 19.00 —1.40 6.60
1250 —64.60 —63.50 20.50 8.00 18.20 -1.10 6.40
1600 —66.10 —64.50 20.30 7.40 17.80 —-1.30 6.70
2000 —66.70 —65.30 21.30 6.80 18.00 —0.90 7.50
2500 —67.40 —65.60 23.30 6.50 19.80 —-0.90 7.70
3150 —66.20 —65.40 26.80 6.30 24.90 0.50 6.10
4000 —65.90 —64.80 27.90 7.60 27.00 —0.10 4.10
5000 —65.40 —64.10 25.60 12.20 20.20 —4.20 7.40
6300 —64.60 —58.40 29.00 20.80 17.20 —11.80 12.50
8000 —65.60 —59.70 20.10 23.80 22.20 —15.90 2.00

Note 1 — Tolerances on columns 1, 2, 3, 6 and 7 are + 1 dB (0.1-4.0 kHz), = 1.5 dB (4.0-6.3 kHz) and + 2.0 dB (6.3-8.0 kHz).

Note 2 — The closed coupler used for column 2 was specific to the 4021E microphone and used for day by day stability checks.
It was not intended to produce sensitivities equal to the free-field response.

3 NOSFER-1984

In the currently used NOSFER-1984 (which has been in provisional use since 1977) a 1 inch condenser
microphone (Bruel & Kjaer type 4144) with its associated preamplifier replaces the original moving coil micro-
phone. As with the condenser microphone the sensitivity is independent of frequency over the range 80-8000 Hz.
Consequent advantages arise from greatly reduced calibration processes which can now be readily reproduced in
most laboratories. In addition there is now no need for a microphone equalizer.

A replacement receiver (IWATSU, Japan, type DR 701), has also been substituted for the original model
(STC, UK, type 4026A). Both receivers, when fitted with the specified rubber cushion, have the same impedance
and substantially similiar performance.

These transducers are associated with modernized integrated circuits and active equalizers, thus achieving
an appreciable degree of miniaturization.
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As with NOSFER based on ARAEN, variable elements are provided in-both the send and receive
amplifiers to give a certain degree of fine adjustment (+ 2.5 dB).

The composition of the NOSFER-1984 remains the same as described in § 2.2.

The physical representation of the NOSFER-1984 is shown in Figure 5/P.42. Specification details and
performance requirements of constituent parts are contained in working documents held by the CCITT Labora-
tory.

The dynamic range of NOSFER-1984 permits to accept up to +13 dB/Pa of sound pressure on the
diaphragm of the NOSFER microphone, i.e. +25 dB/V read on the speech voltmeter (SV) without visible increase
of harmonic distortion of the NOSFER system.

3.1 Alignment of NOSFER-1984 sending end

The NOSFER condenser microphone should be positioned in an anechoic chamber with the diaphragm in
a horizontal plane and its centre at 140 mm from the plane of a vertical guard-ring of an artificial mouth. In this
position the perpendicular axis of the circular guard-ring lies in the plane of the microphone diaphragm.

A standard microphone of sufficiently small dimensions (e.g. 2 inch or 1 inch manufactured by B&K), to
avoid disturbance of the sound field in the range 100-8000 Hz, is first used to set up the sound pressure in the
absence of the NOSFER microphone at the ISO 1/3 octave frequencies given in Table 1.

With the conditions for establishing the sound field known, the standard microphone is replaced by the
NOSFER microphone. The voltage at the output of the NOSFER sending end, i.e. across the input of the
600 ohm junction, is then measured for each of the pure tone frequencies concerned.

The shape of the sensitivity/frequency characteristic so obtained, in terms of dBV/Pa across the input to
the 600 ohm junction (J;) with free-field sound pressure at the microphone, is then checked to see that it falls
within the tolerance mask based on column 6, Table 1. If it is outside these tolerances, individual items in the
sending end will need to be checked against their particular specification.

When within the tolerance for shape, a fine gain adjustment may still be required to adjust the sending
sensitivity to its specified value.

The method for this is given in Annex B to Recommendation P42. In principle it is based on the
calculation of a send loudness rating (SLR) of the calibrated system against the specified system with sensitivities
as in column 6, Table 1. Ideally this should yield SLR = 0; any small departure should be taken up by an
appropriate change in the send amplifier gain to obtain an SLR within £ 0.2 dB of zero.

32 Alignment of NOSFER-1984 receiving end

In this case the ISO 1/3 octave frequencies of Table 1 are injected into the input of the NOSFER
receiving system from a 600 ohm source simulating the NOSFER junction and the corresponding sound pressures
from the receiver are measured, so that the sensitivity may be expressed in dB relative to 1 Pa/V in the manner of
column 7, Table 1.

For this purpose it is essential to mount the receiver complete with rubber cushion on the flat plate of an
Model IEC 318 artificial ear in the manner specified in Annex C of Recommendation P.42. It is also advisable to
include the normal receiver connecting cable as an integral part of the receiver, as the resistance of the cable is
not generally negligible (about 2 ohms) against the receiver impedance (nominally |Z| = 22 ohms).

The shape of the sensitivity/frequency characteristic so obtained must then be compared with the tolerance
mask of the column 7, Table 1 response. If it falls outside the mask then individual circuit elements of the
receiving end will need to be checked and corrected where necessary). When within tolerance, the procedure is
similar to that for the sending system in that a calculation of RLR is made in the manner of Annex C to
Recommendation P.42. Any small departure from the result RLR = 0 is appropriately adjusted by a small
adjustment of the receive amplifier gain to obtain an RLR within + 0.2 dB of zero.

1) As individual receiver (type 4026A or type DR 701) sensitivity/frequency characteristics may sometimes show departures
from the nominal characteristic presented in column 3, Table 1, a receiver (active) (preset corrector) has been introduced in
the NOSFER-1984 receive end (see Figure 5/P.42). This allows the alignment of the NOSFER-1984 receiving end to
maintain its characteristic within the tolerance mask.
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The daily alignment check of the complete NOSFER-1984 system is made using as a source a microphone
calibrator producing 1000 Hz, and it is positioned directly on the NOSFER microphone. This yields a level
diagram which is presented as shown in Figure 1.

Microphone
calibrator,
f=1kHz Speech
voltmeter
Py = 0 dB/Pa . Artificial
Microphone 1" SV ) Attenuation NOSFER Preset ear
type 4144 sett0 24 dB  rgceive receiver : l Level
equalizer equalizer meter

NOSFER Send
send amplifier
equalizer
| Junction
dasv ¢ >
20 - -5.4 dB/Pa
o} '2.0[——\
0
- 40
CCITT - 82820 - 45,8 dBv

Note — A 1000 Hz signal as the acoustic sound level 0 dB/Pa is supplied to the NOSFER 1 inch condenser microphone by using a
microphone calibrator.

FIGURE 1

. Level diagram for the NOSFER-1984 used in the CCITT Laboratory
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Supplement No. 13

NOISE SPECTRA

(Malaga-Torremolinos, 1984)
(quoted in Recommendations P.44 and P.45 and Question 24/X11)

(Contribution from British Telecom)

1 Introduction

This Supplement gives the descriptions of noise spectra used in the evaluation of telephony transmission
performance that are recommended by the CCITT or have been employed in studying questions assigned to Study
Group XII.

Controlled environmental noise is used in subjective evaluations such as:
a) AEN determinations as described in Recommendations P.44 [1] and P.45 [2];
b) conversation and listening experiments as described, for example, in Supplement No. 2 [3].

Spectra for two different environments are described, one for room noise and two for internal vehicle
noise.

2 Room noise

The room noise should have a power density spectrum corresponding to that published by Hoth [4].
Table 1 gives the spectrum density adjusted in level to produce a reading of 50 dBA on a sound level meter
conforming to IEC Recommendation Publication 179 [5]. This is reproduced in Figure 1. This spectrum is
independent of level, i.e. for 40 dBA the level in each band will be 10 dB less than that shown in Table 1.
Additional information on the power in each 1/3rd octave band is also given in Table 1.

3 Internal vehicle noise

Two spectra representing internal vehicle noise [6], [7] have been recommended for use in the study of
Question 24/XII [8] for evaluating mobile radio systems. They are adequately represented by simplified curves [9];
one spectrum for moving vehicles and the other for stationary vehicles. Table 2 gives the spectrum densities
together with additional information on the power in each 1/3rd octave band. The spectrum density for moving
vehicles is shown in Figure 2 a) and for stationary vehicles in Figure 2 b). These spectra are independent of level.

Table 3 gives the computed values of the unweighted sound pressure levels for various speeds calculated
over the ISO 1/3rd octave frequency bands centred on 63 Hz to 8000 Hz. '
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TABLE 1

Room noise spectrum

Fre(q]_l;ze)ncy Sp(((:jcl;rgrlr;]jir;zs)ity Bandwidt(}:i ]; )0 logio Af T;J/t;a rl dp g:{:; ;nbzi?jh Toizr];mce
' (dB SPL) )
100 32.4 13.5 459 A
125 309 14.7 45.5
160 29.1 15.7 449
200 27.6 16.5 44.1
250 26.0 17.6 43.6
315 24.4 18.7 43.1
400 22.7 19.7 23
500 21.1 20.6 41.7
630 19.5 21.7 41.2
800 17.8 22.7 40.4 +3
1000 16.2 23.5 39.7
1250 14.6 24.7 39.3
1600 . 12.9 4 25.7 38.7
2000 11.3 26.5 37.8
2500 9.6 ' 27.6 37.2
3150 7.8 28.7 36.5
4000 5.4 29.7 34.8
5000 2.6 30.6 33.2
6300 —13 317 30.4
8000 —6.6 32.7 26.0 v

Note 1 — The electrical input signal, e.g. white noise, shall be band-limited to the 1/3rd octave bands centred on the ISO
preferred frequencies (ISO 266) between 100 Hz and 8000 Hz with the band edges conforming to the filters described in

IEC 225.

Note 2 — The acoustical room noise is difficult to control at low frequencies, especially in the unspecified region below 100 Hz
because of the dimensions of typical test cabinets, poor attenuation of such cabinets and the influence of extraneous noises,
e.g. air-conditioning plant. It is therefore desirable to select a test cabinet that keeps these unwanted low frequency sound

pressure levels to a minimum.
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TABLE 2
Internal vehicle noise spectra
Spectrum density Total power in each
(dB SPL/Hz) Bandwidth 5 octave band
Frequency 10 logyo Af (dB SPL) Tolerance
(Hz) . (dB) (dB)
Moving Stationary Moving Stationary
63 723 58.3 11.7 84.0 70.0 4
80 69.3 55.0 12.7 82.0 66.7
100 66.5 49.8 13.5 80.0 63.3
125 63.3 45.1 14.7 78.0 60.0
160 60.3 42.0 15.7 76.0 56.7
200 57.5 36.8 16.5 74.0 53.3
250 544 34.7 17.6 72.0 52.3
315 51.3 326 18.7 70.0 51.3
400 48.3 30.6 19.7 68.0 50.3
500 454 28.7 20.6 66.0 49.3
630 423 26.6 21.7 64.0 48.3
800 39.3 24.6 22.7 62.0 473 +3
1000 36.5 22.8 23.5 60.0 46.3
1250 333 20.6 24.7 58.0 453
1600 30.3 18.6 25.7 56.0 44.3
2000 27.5 16.8 26.5 54.0 433
2500 244 14.7 27.6 52.0 © 423
3150 21.3 12.6 28.7 50.0 413
4000 18.3 10.6 29.7 48.0 40.3
5000 15.4 8.7 30.6 46.0 39.3
6300 123 6.6 31.7 44.0 383
8000 9.3 4.6 327 42.0 37.3 v
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TABLE 3

Computed sound pressure levels of spectra

Sound pressure level,
‘ Spectra : unweighted
(dB SPL)
Moving 30 km/hr 80
80 km/hr . 85
110 km/hr 90
Stationary 75

Notes to Tables 2 and 3:

Note 1 — These values apply for typical vehicles. Discretion may be used to adjust the levels downwards for luxury vehicles
and upwards for noisier vehicles.

Note 2 — Because of the practical difficulty of generating such high sound pressure levels at low frequencies, and because
normal speech contains no apparent energy below about 63 Hz in which range of frequencies the ear is also comparatively
insensitive it is probably advisable to restrict the recommended noise spectrum to frequencies above 63 Hz. However, it should
be borne in mind that low and medium frequency vibrations have important physiological and psychological effects which
should be studied in their own right.

Note 3 — The electrical input signal, e.g. white noise, shall be band-limited to the 1/3rd octave bands centred on the ISO
preferred frequencies (ISO 266) between 63 Hz and 8000 Hz with the band edges conforming to the filters described in IEC 225.
Note 4 — The acoustical room noise is difficult to control at low frequencies especially in the unspecified region below 63 Hz
because of the dimensions of typical test cabinets, poor attenuation of such cabinets and the influence of extraneous noises
e.g. air-conditioning plant. It is therefore desirable to select a test cabinet that keeps these unwanted low frequency sound
pressure levels to a minimum.
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Supplement No. 14

SUBJECTIVE PERFORMANCE ASSESSMENT OF DIGITAL
PROCESSES USING THE MODULATED NOISE REFERENCE UNIT (MNRU)

(Malaga-Torremolinos, 1984)

(quoted in Recommendation P.70)

1 Introduction

The primary purpose of this Supplement is to define a specific subjective testing method for evaluating
digital processes in a manner such that the quantization distortion effects of these processes on transmission
performance can be taken into account in the evolving international telephone network. This implies both the
ability to uniquely assign a numerical contribution to each digital process and the ability to- use this assigned
contribution in conjunction with other impairments to estimate telephone connection performance.

Secondary purposes of the Supplement are to suggest ways in which the subjective test results can be
treated to arrive at the assigned impairment level of a particular digital process and how this assigned impairment
level can be used in transmission performance analysis.

The defined test method, the listening-only Absolute Category Rating (ACR) test method described in
Annex A to this Supplement, has been used successfully by a number of organizations as a basis for selecting a
32 kbit/s algorithm for standardization by the CCITT [1]. (The method should be used with caution when
comparing within the same test systems with widely differing degradations, e.g. digital codecs, frequency division
multiplex systems, vocoders).

2 Background for the ACR Test Method of Annex A

N

The method is based on a procedure utilized in an experiment conducted by a working group of the IEEE
(Institute of Electrical and Electronics Engineers) in which representatives from seven countries participated
(Canada, France, Italy, Japan, Norway, the United Kingdom and the United States) [2]. The aim of this
experiment was to determine whether comparable results could be obtained when the same test is performed in
several countries. Speech samples in the native languages of the participating countries were processed at a central
location through 38 communications circuits. The recordings of the processed speech were returned to each
country for evaluation on a five-point category rating scale by native listeners.

The communications circuits included 22 references (continuous random noise, MNRU, pn-255 PCM) and
16 adaptive differential PCM (ADPCM) systems. (The type of ADPCM system used was a .first order fixed
predictor [3].) An important part of the data analysis was estimation of the quality of the 16 ADPCM conditions
at one location given measurements of ADPCM quality elsewhere.

Results (mean opinion scores [MOS]) obtained at the different locations differed [2]. Nonetheless, analysis
of the results indicated that a reasonably accurate estimate of ADPCM quality in country B is the quality
measured in country A adjusted by an additive constant.

Changes in the methodology were discussed at an IEEE working group meeting in May 1982 in Paris. The
methodology incorporating these changes was recommended by Study Group XII in June 1982 as a basis for
evaluating candidate 32 kbit/s algorithms for CCITT standardization. Subjective tests using the methodology were
conducted under the auspices of Study Group XVIII in late 1982 with the results that a codec algorithm was
selected and improvements (not related to telephone speech transmission issues) were identified. A second series of
subjective tests in late 1983 confirmed that telephone speech transmission performance of the improved algorithm
was suitable. (Differences between test results from the different participating organizations were also found in the
1982 and 1983 CCITT tests.)

The preceding discussion should not be taken to indicate that the subjective testing methodology is

completely satisfactory: the reasons for differences found between countries [2] and [4] are thus far not explained.
Nevertheless the testing methodology has the important feature of having been used by several countries.
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3 Impairment reference scale for digital processes

Two reference scales that have been used for performance assessment of digital processes are continuous
random noise and random noise with amplitude proportional to the instantaneous signal amplitude. Random
noise with amplitude proportional to the instantaneous signal amplitude in terms of the Q ratio, according to the
MNRU as specified in Recommendation P.70, should be used. -

The reasons for this proposal are:

1) the signal processed through the MNRU is perceptually very similar in character to the signal
processed through various digital processes, thus resulting, in principle, in easier assessment by test
subjects, and

2) considerable experience and information has been accumulated with the MNRU.

Note — It has not been documented that Q represents a more suitable reference scale than continuous
random noise.

4 Comparison method

A variety of methods are possible to characterize the performance of digital processes in terms of Q. These
comprise listening-only tests involving:

1) opinion (category) ratings of test conditions generated using the MNRU and using digital processes
being studied,

2) pair or multiple comparisons of MNRU and digital process conditions, and

3) articulation tests of MNRU and digital process conditions.

Listening-only tests involving ACRs (Absolute Category Ratings) using the methodology of Annex A to
this Supplement are recommended. The methodology according to Annex A provides a basis for digital process
performance evaluation.

A modification of the ACR test method, the Degradation Category Rating (DCR) test method, is described
in Annex B to this Supplement. Based on results from one Administration, the DCR test method provides greater
discrimination between conditions than does the ACR test method [5].

Future experience may result in changes in the methodology of Annex A. Furthermore, there is the need
for supplementing listening-only tests with conversation tests. These considerations need to be kept in mind in
future studies.

5 Analysis of test results

The purpose in conducting test of digital processes is to determine their suitability for use in telephone
networks. A procedure which has been used is to assign Q values, determined using the reference system of
Recommendation P.70, to processes of interest. Various methods of data analysis are possible, but it appears
desirable to define a single method to be used in order to assure expressing results in common terms. The
proposed provisional method is based on the use of MOS (mean opinion score) values obtained using the
procedures of Annex A.

Hypothetical results obtained from a subjective test conducted according to the methodology of Annex A
to this Supplement are shown in Figures 1 to 4. (Straight lines are used simply to connect data points.) Generally
such results will display a saturation effect at and near the very good conditions (high MOS) and the very bad
conditions (low MOS). (For high MOS, the saturation is caused by the 5-point scale and possibly by the idle
circuit noise of the subjective test system without added impairments, e.g. idle circuit noise, Q, codec quantization
distortion. For low MOS, the saturation is caused by the 5-point scale.) Experience [2] has shown that due to this
saturation effect, acceptable accuracy for the determination of Q is obtained for the range of about 5 dB to 25 dB.

Analysis of test results should include statistical analysis to establish that MOS values obtained are due to
the test conditions and not to other factors. Student’s test may be suitable, but there is some indication that
analysis of variance is more appropriate.

The principles of a method of analysis used by one organization are outlined in Annex C of this

Supplement. The method uses analytic values, called fit means, calculated from subjective test results; these
analytic values are similar to MOS values calculated from test results.
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ANNEX A

(to Supplement No. 14)

Absolute category rating (ACR)
-method for subjective testing of digital processes

Al Introduction

The listening-only test method consists in principle of three parts: preparation of source tapes; processing
of the sources tapes to obtain stimulus tapes containing the test conditions of interest; conduct of subjective tests
using the stimulus tapes. Certain steps may be combined if interchange of source/stimulus tapes between locations
is not involved. ‘

The methodology is based on the notion of simulating a connection comprising a sending system, a
receiving system and an interconnection system which provides for inserting the impairment of interest (idle
channel noise and quantization distortion from the MNRU and from digital processes).

Listener responses in the subjective tests are influenced by a number of sources of variation, e.g. speech
material, talker voice characteristics, presentation orders, time effects, etc. Unless controlled in some way, these
variables may bias the outcome of the experiment. It is therefore recommended that appropriate experimental
design be applied to take this into account. Principles for experimental design may be found in textbooks on
statistics. ’

A2 Preparation of source tape(s)

The recording system consists of a tape recorder, means for injecting calibration tones and a suitably
defined sending system. :

A.2.1 Tape recorder

The tape recorder should be a high (studio) quality two-track machine. The type of equalization should be
stated, but IEC is preferred. One of the tracks is used for recording the speech samples; the second channel is
available for other purposes, €.g. cueuing tones to allow computer start/stop control of the tape recorder. The tape
recorder should be operated at 19 cm/sec. '

Low print-through, low-noise tape should be used and the tape should be stored “tail-out” so that it is
necessary to rewind the tape before it is played.

Note — The use of an A/D converter and a television cassette recorder should be considered as a means
for recording and storing high quality source and test tapes.

A.2.2 Calibration tones

It is recommended that calibration tones be recorded on the source tape(s) to enable checking the
sensitivity/frequency characteristics of the connection simulation from input to the source tape recorder to output
from the stimulus presentation tape recorder. Tones should be recorded in sequence at 250, 500, 1000, 2000, 3000
and 4000 Hz of 5 seconds duration each, with a level 6 dB below the maximum r.m.s. input level of the tape
recorder. These tones should be followed by a 15 second recording of a 1 kHz test tone at maximum r.m.s. input
level to enable calibration of the interconnection and listening systems. This should be followed by several metres
of leader tape.

A.2.3 Sending system

The sensitivity/frequency characteristics of sending systems of different countries are likely to differ and,
thus, results of different countries may differ because of attenuation distortion. Furthermore, the performance of
complex digital codec algorithms may be dependent on the shape of the sending system sensitivity/frequency
characteristics. Therefore, it is desirable that at least for some of the conditions in a test the sending system
characteristic be as given in Table A-1 (simulates the IRS send part without filter).
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TABLE A-1

IRS characteristics before adding SRAEN filter

Frequency Smi Sie
(Hz) (dB V/Pa) (dB Pa/V)
100 —22.00 —21.00
125 —18.00 ~17.00
160 —14.00 —13.00
200 ~10.00 — 9.00
250 — 6.80 — 570
315 — 460 — 290
400 — 330 ~ 130
500 — 260 ~ 0.60
630 — 220 - 0.10
800 - 120 + 0.00
1000 4+ 0.00 + 0.00
1250 + 120 + 020
1600 + 2.80 + 040
2000 + 320 + 0.40
2500 + 4.00 ~ 030
3150 + 430 — 0.50
4000 + 0.00 ~11.00
5000 — 6.00 —23.00
6300 —12.00 —35.00
8000 —18.00 ~53.00

It may be desirable to include conditions for which the sending system represents a typical (average) local
system according to the testing organization’s (country’s) network and/or needs. This system comprises a handset
telephone set, a simulated physical cable pair, a feeding bridge and a resistive termination (e.g. 600 ohms,
900 ohms) to which the soufce tape recorder is connected. The telephone set can utilize a linear telephone
microphone with a real voice sensitivity/frequency characteristic such that the acoustic-to-electric response of the
sending system represents the organization’s average local system. It may also be desirable to include conditions
obtained with a carbon telephone microphone representative of the type(s) used in the organization’s (country’s)
network. (See Recommendation P.64.) The characteristics (and feeding current) should be reported. It may also be
desirable to report the characteristic measured using an artificial sound source. (See Recommendations P.51
and P.64.)

A.2.4 Recording environment

The recording environment should be that of a quiet living room or office. The ambient room noise level
should be 25-30 dB(A). The noise spectrum should, if possible, have the shape of the Hoth spectrum of
Supplement No. 13. Special tests may be required using other noise levels and/or spectral characteristics
(e-g. typewriter noise, etc.).

- The room noise characteristic should be reported in as complete a form as is possible [e.g. dB(A),
long-term spectrum, amplitude/time distribution, etc.].

A 30 second recording of the room noise through the local system should follow the calibration tones. This
should be accomphshed with a talker holding the telphone handset in a normal use manner. (Special precautions
may be necessary in order to avoid breath sounds if desired.) .
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A.2.5 Speech samples

A source tape is made of 4 x C samples (4 talkers, samples consisting of training, reference and test
conditions). Each sample should comprise 2 or 3 sentences separated by at least 1 second.

All samples should be different to avoid repetition of sentences during a test. When reporting test results,
it may be desirable to provide a list of the sentences used (i.e. 8 x C or 12 x C sentences).

Each sample is expected to be 6-10 seconds in length. The samples should be separated by 5 seconds of
silence to allow for control (e.g. turning the tape recorder on and off) and of the amount of time needed for
subjects to vote.

The r.m.s. level of the speech samples (speech power while active) should be 12 dB below the r.m.s. level of
the 1t kHz calibration tone in order to avoid peak clipping of the speech samples by the tape recorder and to
measure in an easy way the actual r.m.s. level of the speech.

A2.6 Talkers

At least 4 different talkers (2 female, 2 male) with different voice characteristics should be used. Selection
of the talkers will depend on the judgement of the experimenter.

A3 Preparation of stimulus tape(s)

The interconnection system will consist of the source tape recorder (resistive, 600 or 900 ohms), an input
filter, a means for inserting test conditions, an output filter, and the stimulus tape recorder (resistive, 600 or
900 ohms). The characteristics of the filters should be provided.

A.3.1 Test conditions

The test conditions comprise the digital codec(s) of interest. The codec(s) should be defined as simply and
completely as possible (e.g. A-law/p-law, ADPCM with first order fixed predictor, etc.). This is to enable unique
performance specification for codecs of the same type.

Because codecs may have different performances at different speech input levels, they should preferably be
tested not only at a nominal fully-loaded condition, but also at levels below and above this level, say + 10 dB.
These changes in input level to codecs should be “off-set” by corresponding adjustments of their outputs to
maintain an approximately constant output level for the test. (Listening level may also affect relative performance
of different digital processes. See also § A.4.4.)

The codec(s) should be tested singly (one encoding/decoding pair) and with 2.4 and (possibly) & codecs
connected in tandem asynchronously. (It may also be desirable to include conditions in tandem synchronously.)
The codecs may be hardware or software implemented; if the latter, injected circuit noise expected for practical
codecs should be included.

For the single codec(s) conditions, the line bit rate should be the design value and, if possible, line bit
rates both above (to ensure subjective saturation) and below (to ensure degraded performance). These conditions
may be useful in assigning a performance level(s) to the codec(s). (For example, a nominal 32 kbit/s ADPCM
algorithm might also be tested at 16, 24, 40 and 48 kbit/s.)

The tandem conditions should utilize the codec(s) at the design line bit rate(s).

Codec conditions with line errors should be included. Bit error rates covering the range 1073 to 10~¢
should be used.

A.3.2 Reference conditions

Reference conditions which should be included are Q values within the range 5 dB to 25 dB with a
minimum of 4 steps. (It may also be desirable to include Q values of 0 dB and 30 dB.)

It is desirable to include injected circuit noise values to provide SNRs within the range 5 dB to 45 dB with
a minimum of 4 steps. (SNR is the dB ratio of speech power in milliwatts while active to injected circuit noise in
milliwatts; the circuit noise conditions should be band-limited by filters having the same characteristics as the
filter of the MNRU.) Note that the 45 dB ratio could be dependent on the inherent system noise, e.g. noice from
the source tape preparation process, noise from the source tape recorder, etc.
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Source conditions should also be included. (These are obtained by removing the injected idle circuit noise.)

The purpose of including the injected circuit noise conditions is to enable the relating of test results to
results available on the effects of loss and circuit noise (Question 4/XII) and to allow use of the test results in
subjective opinion model studies (Question 7/XII).

Other reference conditions can be included at the discretion of the testing organization. For example,
particular organizations may have available information from previous tests of A-law/u-law companded PCM,
and it may be desirable to include some PCM conditions to allow comparison with previous results.

‘A.3.3 Calibration

The insertion loss of the interconnection circuit should be 0 dB at 1 kHz between the resistive source/
termination. This should apply for the better conditions e.g. O = 25 dB, SNR = 45 dB and the test codec(s)
operated at design line bit rate(s).

The r.m.s. level of the 1 kHz calibration tone at the input to the inter-connection circuit should be 3 dB
below the codec(s) overload level (which should be quoted). This will ensure that r.m.s. level of the speech samples
will be 15 dB below the codec(s) r.m.s. sinewave overload level.

With the above calibration, the injected circuit noise levels in dBm across the output resistive termination
should be adjusted to an appropriate level relative to the output 1 kHz calibration tone level in dBm. Note that in
particular the circuit noise impairment should be present during the speech sample idle periods but not before and
after the speech sample. ‘

The stimulus tape recorder calibration should be the same as that for the source tape recorder.

A.3.4 Stimulus tape(s)

Stimulus tapes should begin with the 1 kHz calibration tone recorded (without introduced impairments),
12 practice conditions and then the test and reference conditions.

The practice conditions should be selected to introduce the test subjectvs to the test format and range of
speech quality. These conditions should consist of each of the four talkers with 3 practice conditions.

The basic test and reference conditions will be 4 (i.e. number of talkers) times the number of nominal
conditions. These conditions should appear in random order. There should be at least 2 stimulus tapes with
different random orders. (These could be used in different tests with different subject groups.)

It may also be desirable to include replication of at least some of the test/reference conditions. However,
this may not be possible for a practical subjective test size.

The timing of conditions in the stimulus tapes is the same as that for the source tapes, e.g. approximately
6-10 seconds (2 or 3 sentences) with each condition separated by 5 seconds of silence.

The calibration tones on the source tape need not appear on the stimulus tape (except for 1 kHz
calibration tone as noted above). However, the calibration tone levels should be measured at the interconnection

system output resistive termination so that the system sensitivity/frequency characteristics can be measured and
reported for all condition types.

A4 Testing procedure

A.4.1 Listeners

The preferred number of listeners is 32, assigned equally to each tape. At least 12 test subjects should be
used. It is desirable that the subjects be selected to represent the typical customer population (e.g. half of the
group females and half males, ages approximating the population distribution of ages, normal hearing, etc.).
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A.4.2 Listening system

For reasons given in the first paragraph of § A.2.3, the receiving system characteristic should be as given
in Table A-1 (simulates the IRS receive part without filter). :

It would be desirable if the listening system simulated the organization’s typical (e.g. average) local system
representing the central office source impedance, feeding bridge, physical cable pair and the handset telephone set.
The electric-to-acoustic sensitivity/frequency characteristic of the listening system should be determined (see
Recommendation P.64). Sidetone in the listening system should be suppressed.

A.4.3 Listening environment

The listening handset(s) should be located in a room with an ambient room noise level < 40 dB(A),
preferably 25-30 dB(A) (simulating a quiet office or living room). The noise spectrum should, if possible, have the
shape of the Hoth spectrum of Supplement No. 13. The actual ambient room noise level and spectrum, if different
from the above, should be reported. '

A.4.4 Speech level

, The 1 kHz calibration tone on the stimulus tape when played through the listening system should be
adjusted such that reproduction occurs at a level of —3 dB Pa as measured with the artificial ear recommended by
the CCITT. (See Recommendation P.51.) This will result in a speech level of about —15 dB Pa which is close to
the preferred level. It may also be desirable to include conditions with a 10 dB lower level and 10 dB higher level
since the listening level may affect the relative performance of different digital processes. "

A.4.5 Test instructions

Test subjects will be provided with a written set of instructions which will also be read to them (either by
the test administrator or by means of a tape recording). The instructions should be given before the practice
conditions. Subjects should not be instructed that the practice conditions represent the full range of quality to be
encountered in the test. After the practice conditions, there should be sufficient time allowed for answering
possible questions by the subjects.

The subjects should be asked whether the speech they have just heard comes from a connection that was
(in English) “Excellent, Good, Fair, Poor and Bad (or very Poor)”. In countries for which English is not the
native language, the appropriate terms in the native language should be used.

A.4.6 Data collection

Subjects’ responses can be recorded by computer, on paper or by such other means as are appropriate. If
paper and pencil are used, the response to each condition should be recorded on a separate card so that the
subject is not looking at a previous opinion while making a new judgement.

AS Results reports

Reporting all of the raw data may be desirable but results in excessive documentation. Therefore, it may
be appropriate to combine data across talkers and report the number of ratings in each of the 5 categories for
each condition type, e.g. @ = 15 dB, SNR = 25 dB, etc. (Conclusions resulting from an analysis of the study of
possible talker effects should be reported.) In addition, mean opinion scores (MOSs), standard deviation,
95 percent confidence intervals and other statistics computed by the organizations in analyzing the data should be
reported.

- Other items which should be reported are as follows:
a) microphone type;
b) sensitivity/frequency characteristic of the sending system (Recommendation P.64);

¢) description of recording room and ambient noise levels;

1) There is some indication that a speech level of —5 dB Pa (1 kHz tone level of +7 dB Pa) would be more suitable than
—15 dB Pa for discrimination between coder conditions.
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d) measurement and adjustment procedure for speech levels; ,

e) sensitivity/frequency characteristics of the interconnection system for all test/reference condition
types; ;

f) sensitivity/frequency characteristic of the listening system (Recommendation P.64);

g) description of the listening room and ambient noise level;

h) method of recording test subject opinions;

i) description of subject group including age, sex, population, prior experience and, if possible,
audiometric threshold;

j) handset dimensions.

Bibliography for Annex A

KIRK (R. E.): Experimental design procedures for the behavioral sciences, Brooks/Cole Publishing Company,
Belmont California, 1968.

CCITT Recommendation P.64.
CCITT Recommendation P.74.

ANNEX B

(to Supplement No. 14)

Subjective perfomance assessment of digital encoders
using the degradation category rating procedure (DCR)

(Contribution of the French Administration)

B.1 Introduction

A listening-only test method has been drafted by CCITT SG XII to assess the subjective quality of digital
encoders (see Annex A). This procedure, Absolute Category Rating test (ACR), leads to a low sensitivity in
distinguishing among good telephone quality coders (within the range of quality of 6-8 bit PCM coders). If higher
sensitivity is needed we propose to use a modified version of that procedure, which can be defined as a
Degradation Category Rating test (DCR). For image testing CCIR [6] recommends two alternative methods,
absolute category ratings and degradation category ratings. The DCR procedure, which in particular uses an
annoyance scale and a high quality reference before each judgement, seems to be suitable for evaluating good
quality images. Therefore this method has been adapted to evaluate speech quality.

This Supplement first describes the adaptation of the DCR procedure to speech. Then the sensitivity of the
method is compared with that of the ACR procedure on the same circuits. Only the differences between ACR and
DCR procedure are presented here. One can refer to Annex A for common points which are not covered in this
Annex.

B.2 Degradation category rating procedure (DCR)

B.2.1  Speech samples

Each configuration is evaluated by means of judgements upon four talkers reading two different samples.
Each sample should comprise two sentences separated by at least one second. These two samples (S1, S2), hence
four different sentences, should be selected from a wider corpus composed of phonetically balanced sentences so
that the mean score obtained in evaluating MNRU circuits for these four sentences is about the same as that
obtained for the wider corpus. Therefore the corpus consists of eight samples defined as follows:

talker T1 reading samples S1, S2
talker T2 reading samples St, S2
talker T3 reading samples S1, S2
talker T4 reading samples S1, S2.
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This results in a repetition of the two samples during the test. But we feel that this is not so critical for the
procedure where a degradation is evaluated with regard to a reference, especially for good telephone quality where
the intelligibility of speech is nearly perfect. The use of different samples for each configuration as is done in
ACR experiments could be one of the reasons for this procedure’s lack of sensitivity.

B.2.2  Reference conditions

Reference conditions should include multiplicative noise with @ values within the range of 10 to 30 dB »
with a minimum of four steps. (It may also be desirable to include Q values of 5 dB and 35 dB).

A high quality reference should be chosen to be inserted before each judgement. Usually source conditions
are used, i.e. samples with no more degradation than those introduced by sending systems and limitations of
frequency bandwidth. Four “null pairs” (A-A) are included to check the quality of -anchoring of the listeners’
judgements.

B.2.3  Stimulus presentation

The stimuli are presented to listeners by pairs (A-B) or repeated pairs (A-B-A-B) where A is the high
quality reference sample and B the same sample processed by a codec. The purpose of the reference sample is to
anchor each judgement of the listeners. Using a reference and subjective judgements with respect to that reference
is quite a common procedure in psychoacoustics. It tends to result in a good sensitivity for the overall evaluation
by listeners. Samples A and B should be separated by 0.75 s and in a repeated pair procedure (A-B-A-B) the
separation between the two pairs should be 2 s.

It seems that the classical order effect observed in a one-sample listening test (ACR for example) is not
observed with the DCR procedure. Thus, only one random order of presentation can be used. Therefore the basic
test and reference conditions will be eight times (four talkers x two samples) the number of nominal conditions.

The timing for the response of listeners is the same as for the ACR test, i.e. 5 s between each presentation
(pair or repeated pairs).

B.2.4  Test instructions

The subjects should be instructed to rate the conditions according to the five point degradation category
scale as follows:

5 — Degradation is inaudible

4 — Degradation is audible but not annoying
3 — Degradation is slightly annoying
2 — Degradation is annoying '
1 — Degradation is very annoying.
B.3 Comparison between the sensitivity of an ACR and a DCR procedure for the same coder configurations

Tables B-1 and B-2 summarize the results obtained with ACR test and DCR test respectively for the
evaluation of three 32 kbit/s ADPCM algorithms.

Figures B-1, B-2 and B-3 show the mean opinion score (MOS) and degradation mean opinion store
(DMOS) obtained by the same conditions with the two procedures (ACR and DCR respectively).

From these figures one can note:

— a good agreement between the results obtained with the two procedures;

— a larger spread of the DMOS obtained for MNRU circuits with Q values ranging from 10 dB to
35 dB, and a good anchoring of the judgements of listeners (“null pairs” have obtained a score of
4.98);

—  a higher sensitivity of the DCR procedure in the range of good telephone quality (20 < @ < 35 dB).
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These sensitivities can be quantified by means of a statistical multiple comparison test. When an a
posteriori comparison of codecs is needed a Tuckey [7] honestly significant difference (HSD) test can be applied
effectively. The HSD test is designed to make all pairwise comparisons among the means and to determine the
significance of the differences in the mean values. Under identical conditions (o = 0.01, k = 2, N = 225, fixed
mode) the HSD limit value (gq«~) is 3.70 and since the residual errors for ACR and DCR procedures are about
the same (0.42), two means can be declared as significantly different if:

A=|% - X|>021

This difference, expressed in Q value, corresponds to:

Range in Q ACR test Range in Q DCR test
(dB) A : (dB) _ A
15 — 20 : 1.48 . 15 — 20 1.07
20 — 25 1.87 20 — 25 1.14
25 — 30 3.00 25 — 30 1.36 -

This means that the resolution of the DCR test may be twice that of the ACR test in terms of QO value in
the range of good telephone quality.

B4 Conclusion

A good agreement between the results obtained with the two procedures (ACR and DCR) has been found.
The presence of a reference before each judgement for the DCR procedure ensures a good anchoring of the
listener’s rating and consequently a larger spread of the degradation mean opinion score (DMOS) obtained by the
coders. The evaluation of the coders based on the same speech samples leads to a better precision for the DCR
procedure at a price, of course, of a decrease of the importance of the effort made to comprehend the samples in
the overall quality judgement. Therefore the degradation category rating procedure seems well adapted to evaluate
good telephone quality coders.
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TABLE B-1

Mean opinion scores (MOS) and 95% confidence interval (INT) for ACR test

X Y Z
Test conditions -

MOS INT MOS INT MOS INT
PCM 3.8 0.45 3.89 0.13 4.16 0.13
PCM 2A 3.99 0.13 4.10 0.13 3.90 0.14
PCM 4A 3.35 0.12 4.02 0.14 3.70 0.14
PCM 8A 3.39 0.14 3.48 0.14 346 0.12
PCM 10-4 3.31 0.15 3.55 0.14 3.15 0.16
PCM 103 1.90 0.15 1.78 0.13 2.10 0.17
PCM +10 dB 3.94 0.15 4.0_2 0.12 4.14 0.11
PCM -15dB 3.49 0.16 3.60 0.14 341 0.16
ADPCM 3.60 0.15 3.41 0.13 3.65 0.12
ADPCM 2A ' 3.72 0.13 3.30 0.12 3.38 0.13
ADPCM 4A - 314 0.13 2.85 0.13 2.63 0.13
ADPCM 8A 2.51 0.14 209 0.14 2.23 0.15
ADPCM 2T 3.77 0.12 333 0.13 3.42 0.13
ADPCM 4T 3.86 0.14 3.01 0.14 3.80 0.13
ADPCM 10—* 3.54 0.11 3.28 0.12 2.81 0.15
ADPCM 103 2.88 0.16 2.55 0.15 1.93 0.13
ADPCM +10dB 3.80 0.14 3.55 0.14 3.61 0.13
ADPCM —15dB 3.20 0.15 3.02 0.15 292 0.14
ADPCM, C 2A 244 0.16 2.62 0.16 2.23 0.14
ADPCM, C 4A 213 0.15 2.14 0.13 1.90 0.13
ADPCM, C 8A 1.98 0.14 1.84 0.13 1.59 0.12

S/N 40 3.52 0.15
S/N 35 3.18 0.17
S/N 25 2.04 0.15
S/N 15 1.23 0.09

Q10 141 0.10
Q15 234 0.11
Q20 3.04 010
Q25 361 009
Q30 396  0.09

Note 1 — Votes combined across four speakers and two sentences.

Note 2 — Number of votes = 128 except for Q where N = 256.
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Degradation mean opinion scores (DMOS) and 95% confidence intervals (INT) for DCR test

TABLE B-2

Y
Test conditions -
DMOS INT DMOS INT DMOS INT
PCM 4.35 0.10 4.41 0.11
PCM 8A 3.48 0.16 3.33 0.15
PCM 10-3 2.21 0.11 2.25 0.14
ADPCM 433 0.11 4.22 0.11 4,05 0.12
ADPCM 8A 2.63 0.14 2.35 0.14 2.38 0.17
ADPCM 1073 3.14 0.16 2.83 0.14 1.85 0.14
ADPCM 4T 429 0.10 3.69 0.14 4.09 0.13
Q15 1.99 0.15
Q20 2.97 0.17
Q25 3.89 0.18
Q 30 4.66 0.10
Q35 4.81 0.09
Origin 498 0.03
Note I — Votes combined acrésg four speakers and two sentences.
Note 2 — Number of votes = 128.
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ANNEX C

(to Supplement No. 14)

Principles of a method used by one organization in analyzing
digital codec performance (Bell Communications Research, Inc.)

Hypothetical mean opinion score (MOS) results obtained from a subjective test conducted according to the
methodology of Annex A are shown in Figures 1 to 4 of this Supplement. (Straight lines are used simply to
connect data points.) Generally such results will display a saturation effect at and near the very good conditions
_ (high MOS) and the very bad conditions (low MOS). (For high MOS, the saturation is caused by the 5-point scale
and possibly by the idle circuit noise of the subjective test system without added impairments, e.g. idle circuit
noise, 0, codec quantization distortion. For low MOS, the saturation is caused by the 5-point scale.)

An analytic method of data analysis used by Bell Communications Research, Inc. provides a value called
“fit mean” for each test condition [8]. The fit means are then used in analysis of the data. (Fit means and MOSs
are nearly equal over the mid-range of MOS values; however, fit means are not numerically constrained for
extremely good and extremely bad conditions as are MOSs.) Plots of test results in terms of fit means will be
similar to those of Figures 1 to 4, but will numerically exhibit greater spread.

The objective of the analysis is to determine a function:
Qs = f(L) (C-1)
where
Qs = Q value for the codec quantization distortion,

L = Line bit rate (e.g. in kbit/s).

(A simple linear relation may be possible in some cases while other cases may require a more complex
function.)

The codec Q can then be estimated from Equation (C-1).

Determination of Equation (C-1) needs to take into account in an appropriate manner the saturation
effects discussed earlier. For example, the codec design line bit rate may correspond to the middle data point of
Figure 3 for which there appears to be a modest saturation effect.

Similarly, the equivalence function (SNR vs, Q) internal to the test may need to be considered. [This
function is determined from appropriate functions fitted to the curves (in terms of fit means) similar to the curves
of Figures 1 and 2.]

An important consideration in the:analysis method is obtaining predicted performance values (fit
means, ) approximating as closely as possible the actual performance values (fit means similar in form to the
curves of Figures 3 and 4 or Q values obtained by converting the fit mean values to Q values using an
appropriate function fitted to fit mean data similar in form to the data of Figure 2). (For present purposes, it is
assumed that for asynchronously tandemed codecs the combining law is 15 logy n, where n is the number of
tandemed identical codecs. It may also be desirable to include the determination of the combining law in the
analysis.)

The Q values obtained for a digital process according to the procedure described above can be used in
various ways to assess the effect of quantization distortion on telephone connection performance. The subjective
opinion model of Supplement No. 3 is in terms of corrected reference equivalent and idle circuit noise level. This
model requires that the Q for an overall connection be converted to an equivalent SNR which can then be
converted to an idle circuit noise level based on knowledge of the speech levels for connections of interest.

Equivalence functions used for this purpose have been found to vary (see [9], [10], [11], [12] and [13]). It is
not clear if there exists a unique equivalence function which can be agreed on, and what that equivalence function
should be. (Perhaps a basic equivalence function should be based on conversational test results.)
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The Q values obtained for digital processes can also be used as a basis for specifying codec network
application rules in terms of the number of asychronously tandemed 8-bit, u-255 codecs. For the model of
Supplement No. 3, the relation between the number of such codecs and Q (based on a 15 logj nlaw) is as
follows:

Number? 1 2 3 4 5 6 8 10 12 14
Q(dB) 37 325 30 28 26.5 25.5 23.5 22 21 20

According to the model of Supplement No. 3, a 7-bit, u-255 PCM codec would correspond to about
2.5 asynchronously tandemed 8-bit, p-255 codecs. (Note that the value of Q = 37 dB is 3-4 dB greater than the
minimum S/D values of Recommendation G.712 [15]; it is assumed that average 8-bit systems perform at the
higher value.)
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