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PREFACE

Thank you for your interest in wired telecom products from Philips Semiconductors. As a leading supplier to the telecom
market, we offer a wide range of discrete and integrated semiconductor components.

This Application Handbook is largely a compilation of already-published laboratory reports from several Philips
Application Laboratories. It contains extensive practical information for those designing-in Philips Semiconductors I1Cs
into a variety of telecom sets - from the simple to the most advanced featurephone. it supplements the latest information
given in product data sheets and in the Philips Semiconductors data handbook ‘Semiconductors for Wired Telecom
Systems’ (IC03a).

Whilst the individual reports have been grouped and ordered logically, no attempt has been made to make a continuous
story, nor to edit individual reports to avoid repetition of subject matter. In addition, though the principles described remain
valid today, some of the components solutions have been superseded; no attempt has been made to replace old type
numbers. :

More information is available from Philips System Laboratories world-wide.
July 1996
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Application notes summaries

APPLICATION NOTE SUMMARIES

Below are summaries of application notes available for wired telecom systems. Application notes marked with an * are
published in this Application Handbook for Wired Telecom Systems (IC03b). For all other application notes, please
contact Philips Semiconductors.

Note: The stated references refer to the actual application report.

* AN94016
Basics of PCA1070: a programmable analogue CMOS transmission IC (PACT)
Details: 102 pages, March 1994

The PCA1070 opens the possibility to manufacture a programmable transmission part for use in the telephone line
interface of electronic devices such as electronic telephone sets and feature phones, cordless phones, answering
machines, modems and fax equipment.

The PCA1070 is a CMOS integrated circuit performing speech and line interface functions. It needs a minimum number
of external components. The transmission parameters are programmable via the 12C-bus. This makes the IC adaptable
to nearly all country requirements in the world, and to a various range of speech transducers, without changing the (few)
external components of the basic application. With the PCA1070 the number of printed circuit board versions and the
number of components is minimised. This reduces the costs of logistics and manufacturing operation extensively. For
some countries a 12 kHz or 16 kHz tax pulse filter has to complete the design.

This report gives a detailed description of the PCA1070 and its basic application in electronic telephone sets. Also EMC
aspects, protection and tax pulse filtering are discussed. Furthermore an application example of PCA1070 together with
a pre-programmed pC PCD3353A/008 is given and some measurement results of this application are shown.

AN94017
Tax pulse filters at 12 and 16 kHz for the PCA1070
Details: 13 pages, March 1994

Tax pulse filters for 12 and 16 kHz metering systems were designed for the PCA1070. With these filters, the BRL of all
West-European countries can be met by adaptation of the programmable set impedance, if needed. The range of the
programmable sidetone impedance was adequate for the test method used. For the filter design an exchange is possible
between receive gain of the PCA1070, the filter Q-factor and spread of filter components. For Switzerland with

12 kHz/10 Vrms tax pulse the maximum receive gain is +6 dB for a filter with a Q of 15,3% inductors and 5% capacitors.
For Germany with 16 kHz/9.8 Vrms the maximum receive gain is +10 dB for a Q-factor of 20,3% inductors and 5%
capacitors.

AN94021
French current-regulation circuit for the PCA1070
Details: 17 pages, March 1994

This report describes the application of the programmable transmission circuit PCA1070 in the French current-regulation
system. A detailed circuit is given with measurements of the V-1 characteristic, BRL, side tone, send and receive gain
and line current during dialling and start-up. The measurements show that the influence of the regulation circuit on the
original transmission parameters is small and that the combination fulfils the requirements.

100R A 14 7
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* AN94069 (SUPERSEDES ETT/AN94002)
High-end telephones with PCA1070, TEA1093 and PCD3755A
Details: 104 pages, September 1994

The PCA1070 programmable transmission circuit, the TEA1093 handsfree circuit and the PCD3335x 1C can be used to
design a high-end handsfree telephone set. With PCA1070 the number of printed circuit board versions to suit the various
country transmission requirements is minimised because many country and control parameters can be programmed via
the 12C-bus. The number of components that are needed for the application is reduced when compared to an application
using a TEA106x family member. This reduces the cost of logistics and manufacturing operation extensively. For some
countries a 12 kHz or 16 kHz tax pulse filter has to complete the design. Additionally the PCA1070/PCD335x
combination offers the possibility to realise extra features by means of software (e.g. hold function, NSA or DMO, multiple
anti sidetone).

This report describes hardware and software design considerations for a high-end telephone set application with
PCA1070, TEA1093 and the PCD3755A. The PCD3755A is a One Time Programmable (OTP) pC which supports the
PCD3351A, 52A and 53A uC. In the report also EMC aspects and protection are discussed. Furthermore some
measurement results of the described application with a pre-programmed pC PCD3755A are given. A complete
functional description of the SW used for the evaluation is given in Appendix D.

This report is not meant to give a turn-key application solution but merely gives first application ideas and test results that
may be helpful to start a design of a high-end telephone set with PCA1070, TEA1093 and PCD335x. The printed circuit
board which is mentioned in this report is intended for evaluation purposes only and is not meant to be a demonstration
board. The application is intended for countries which require voltage regulation for DC termination of the telephone line.

* ANS5023
Application of the UBA1702/A line-interrupter driver and ringer circuit
Details: 57 pages, November 1995

The UBA1702/A performs the high voltage interface and ringer functions for corded telephone sets. The IC itself, its
typical behaviour and the combination of this circuit with a transmission IC (a member of the TEA106x family) and a
micro-controller are described in detail. Information on adjustments to fulfil country requirements and several application
proposals are given.

* AN95050
Application of the TEA1112 and TEA1112A transmission circuits
Details: 67 pages, November 1995

The TEA1112 and the TEA1112A are bipolar transmission circuits for use in electronic telephone sets. They are added
to the range of well-known transmission circuits of the TEA1060-family.

This report contains a detailed description of the circuit blocks of the TEA1112 and the TEA1112A. Two application
examples of the TEA1112 are given. The report handles the consecutive steps to design or to adjust the basic application
with these ICs The EMC behaviour of an evaluation board with the TEA1112 or the TEA1112A is included.

The General notation in this report for both ICs, TEA1112 and TEA1112A, is: TEA1112/A.

1996 Aug 14 8
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* CTT/AN95083
TEA1095 voice-switched speaker-phone IC
Details: 42 pages, September 1995

The TEA1095 is a high-performance, low-power consumption voice switched speakerphone IC designed for integration
of a handsfree function in terminal environments.

A detailed description of the IC, advises on the adjustments and a worked-out application example are contained in this
report.

EIE/AN91001
Workbench EMC evaluation method
Details: 18 pages, December 1991

With the proposed EMC workbench evaluation method small application boards, printed wiring boards containing one or
more ICs can be verified on basic EMC parameters such as Radio Frequency (RF-) emission and immunity over the
frequency range from 150 kHz to 230 MHz, or even 1 Ghz.

This EMC evaluation method can be used in a qualification procedure to select between new electronic circuit (systems)
implementations from various supplies or as a design tool when developing new products based on modular circuit
blocks.

EIE94006
A comparison of test signals for testing the RF immunity with burst-mode disturbances
Details: 18 pages, November 1994

Itis expected that RF immunity standards for all electronic equipment will soon be extended with requirements on GSM
and DECT frequencies. As the existing test methods use sine wave amplitude modulated RF signals, it is interesting to
know the relation to the newly proposed block pulse modulation.

For the judgement of self-pollution, e.g. in a DECT base station, it is also required to look at the psophometrically
weighted noise that is added as noise to the line. This report presents a relation between the results as obtained with
various test signals.

ESG8801
An evaluation method to characterize the EMC performance of PCBs containing ICs
Details: 44 pages, July 1988

The evaluation of the ElectroMagnetic Compatibility (EMC) performance of Printed Circuit Boards (PCBs) is the most
essential part to obtain proper EMC performance of the entire product from the very start of development. These methods
can even be applied to evaluate the performance of Integrated Circuits (ICs) either as single device or implemented in a
typical application.

It is tried to establish an evaluation method without ambiguity, which is comprehensive and economic in three senses:
» The initial costs of the verification tools

¢ The ease to perform the measurements

¢ The benefits: reduction of development throughput-time and re-design.

From the theory and practical experience, based on this EMC-performance evaluation procedure, it can be concluded
that only a small number of tests are necessary to determine whether or not a PCB fulfils certain requirements.
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ESG89001
Electromagnetic compatibility and printed circuit board (PCB) constraints
Details: 30 pages, April 1989

Today’s Printed Circuit Board designs often fail to comply with Electro Magnetic Emission and immunity requirements
applicable for complete products. Herewith, guidelines are given which will enable the designer to take those precautions
necessary to tailor PCBs, that they will fulfil those requirements.

* ETT/AN8903
Galvanic separation of the 12C-bus
Details: 11 pages, March 1989

In some telephone applications, there is a need for galvanic separation of the I2C-bus, for example if 12C devices coupled
to the bus are not fed from the same internal power supply. In this note, a technical solution is given where the [2C-bus
specification can be met. As galvanic separation device, an optocoupler is used.

* ETT/AN89008
Application of the speech-transmission circuit TEA1062
Details: 24 pages, October 1989

The TEA106x family consists of a range of bipolar integrated circuits performing all speech and line interface functions
required in fully electronic telephone sets. The TEA1060 family designers guide (lit.1) provides information on most of
the members of the TEA106x. The TEA1062 is not described in this guide. Detailed information about this circuit can be
found in the data sheet (lit.2).

The TEA1062 is a low-voltage speech-transmission IC able to operate down to a dc line voltage of 1.6 V to facilitate the
use of more telephone sets in parallel. The TEA1062 has a modified performance and less features compared to the
TEA1067.

In this report differences between the TEA1062 and the TEA1067 as described in lit.1 are elucidated. When applying the
TEA1062 this report should be used in combination with the designers guide.

The figures given in this report all refer to the TEA1062. The TEA1062 is described in this report with respect to the basic
application circuit shown in fig.1 (lit.3)

* ETT/AN90005
The TEA1064A with complex set impedance and complex line termination
Details: 8 pages, February 1990

More and more PTTs require a complex setimpedance for telephone sets. It can be expected that the sending frequency
curves will be measured with a complex line termination instead of 600 Q. The German PTT is the first one that actually
changed over from 600 Q to a complex termination. Furthermore they require a better accuracy of the complex set
impedance (balance return loss up to 18 dB). To prevent high frequency roll-off in sending direction with the TEA1064A
in such a case, the application hint mentioned in this report should be considered.

1996 Aug 14 10
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* ETT/AN90017
Software controlled ringer for German market
Details: 32 pages, July 1990

In sets with the listening-in feature, it is possible to generate a ringing signal via the loudspeaker instead of using a
separate mechanical bell or PXE. By using the Philips components TEA1064A (speech-transmission), TEA1085
(listening-in), PCD3312 (DTMF-generator), PCD3346 (micro-controller plus EEPROM) and a power converter it is
possible to do this software controlled such that both the German TELO2 ringer requirements and the
speech-transmission requirements are fulfilled.

* ETT/AN91010
User's manual PR4535x DEMO board with TEA1083A-TEA1064 call progress monitoring application.
Details: 25 pages, June 1991

The printed circuit board PR4535x demonstrates the TEA1083A call progress monitoring circuit in combination with the
TEA1064A transmission IC. The TEA1083A may be replaced by the TEA1083.

This report describes the printed circuit board and gives some application information. However, it is not intended to be
an application report. Refer to the literature given in chapter 7 for application details.

*ETT/AN91012
User’'s Manual - PR4516X; demo board with the TEA1085A-TEA1064A listening-in application
Details: 29 pages, July 1991

The printed circuit board PR4516x demonstrates the TEA1085A listening-in IC in combination with the TEA1064A as
transmission IC. This report describes the printed circuit board and gives some application information. However it is not
intended to be an application report. Refer to the literature given in chapter 7 for application details.

First version: ETT/AN90006, May 1990. Updates: ETT/AN91012, July 1991: TEA1085 replaced by the TEA1085A.
Demonstration board PR4516x is delivered with the TEA1085A. The TEA1085A may be replaced by the TEA1085.

ETT/AN91013
Micro-controller PCF84C12/xxx - for PCD4440 scrambler/descrambler applications
Details: 18 pages, May 1991

An analogue voice scrambler device, the PCD4440 needs to be driven by a controller circuit via the serial inputs SDA
(Serial Data), and SCL (Serial Clock), to switch the device to the correct split frequencies in the time domain. Also other
features like crystal oscillator frequency generation, initialisation, transparent mode and mute mode switching can be
done via the serial bus, the 12C-bus.

In a system where no controller function is needed for other tasks, this micro-controller can provide these functions. It
includes different feature setting via keyboard inputs, while the controller can be switched to the AUTOMATIC or BCD
modes so that it can operate without a keyboard as well.
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ETT/AN91014
Demonstration board PR45284 for PCD4440 scrambler and NE577 compander
Details: 16 pages, May 1991

The PCD4440 scrambler/descrambler IC has been developed for use in cordless telephones for the purpose of
scrambling and descrambling the analogue speech signals which are transmitted by a radio link between handsets and
base units. This report describes a printed circuit board designed to exercise the PCD4440, which in combination with
the NE577 compander IC provides an excellent vehicle for the purposes of demonstration and measurement. A
micro-controller is used to control the PCD4440 via an 12C-Bus.

* ETT/AN91016
TEA1085A/TEA1085 - a listening-in facility for electronic telephone sets
Details: 64 pages, September 1991

The TEA1085A and the TEA1085 are designed for use in line powered telephone sets. Besides the listening-in function,
they incorporate an effective dynamic limiter and a Larsen Level Limiter to reduce annoying howling effects.

They have to be combined with a transmission IC of the TEA1060 family. Nearly all line current can be utilised for
powering the loudspeaker without affecting the transmission characteristics. This report describes the
TEA1085A/TEA1085 and an application with the TEA1064A.

* ETT/AN92010
User’'s manual OM4723 demo board: PCD3330-1/TEA1067/TEA1083A feature-phone application
Details: 37 pages, July 1992

This feature-phone board OM4723 is designed to demonstrate the PCD3330-1: a mixed-mode multi-standard repertory
dialler/ringer with EEPROM. The on-hook dialling feature is realised with the TEA1083A call progress monitoring IC.

The main components on the board are:

o Multi-standard repertory dialler/ringer |C-PCD3330-1
e Versatile Speech/Transmission IC-TEA1067

e Call progress monitoring IC-TEA1083A

e Line current interrupter DMOST-BSP254A.
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ETT/AN92011
Software specification to control the PCA1070 PACT-IC (PCD3353A/008)
Details: 38 pages, January 1993

This report gives the objective target specification of demonstration and test software to control the PCA1070 which is a
Programmable Analogue CMOS Transmission (PACT) circuit, with the PCD3353A micro-computer.

The PCD3353A/008 is a member of the PCD3353A micro-computer family, special developed for telephone
applications. This PCD3353A micro-controller family has on-board DTMF generator, EEPROM and a special ringer
output and is fully able to control the PCA1070 via its software 12C-bus.

The PCA1070/PCD3353A circuits combination performs the following functions:
¢ Pulse and DTMF dialling

o Redial and repertory dial stored in EEPROM

e PCA1070 control

e PCA1070 variables stored in EEPROM

e PCA1070 variable programmable via 12C-bus and Key-board

e Dialling options programmable via keyboard stored in EEPROM

¢ Ringer functions incorporated 3-tone, 4-speeds and 4 volumes

e Display.

The program will firstly be used for evaluation of the first samples of this PCA1070 in application with the PCD3353A
micro-computer.

To use it for demonstration purposes at customers and to complete the dynamic evaluation a mask programmed version
(PCD3353A/008) is made.

ETT/AN93010
User's Manual of the OM4737 evaluation kit for the PCA1070
Details: 8 pages, July 1993

This report describes the OM4737 evaluation kit. The kit is intended to be used for laboratory evaluation of the PCA1070
Multi-standard Programmable Analogue CMOS Transmission IC (PACT).

The kit consists of:

¢« PCA1070 evaluation board

¢ 12C-bus interface board for use with an IBM-compatible PC

« Evaluation software with the 12C-bus control program (on 3.5" diskette).

1996 Aua 14 13
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* ETT/AN93015 (SUPERSEDES REPORT NOVEMBER 1993 WITH SAME NUMBER)
Application of the TEA1093 hands-free circuit
Details: 67 pages, 29 November 1993 (revised 30 November 1995)

The TEA1093 is a hands-free telephone IC, that can be used in combination with a transmission IC of the TEA106x,
TEA111x family or the PCA1070, in line powered telephone sets and in mains supplied sets, to extend the function of
the transmission IC with a handsfree function. It provides a half duplex connection. The decision logic eliminates back
ground noise from speech signals. If both sides are quiet the TEA1093 goes into idle mode to avoid the ‘line dead’
phenomenon.

This report contains a number of application examples that can be taken as starting point for new designs and application
hints that can be used during design phase.

* ETT/AN93017
User's manual for the OM4736 demo kit: a multi-standard telephone set with PCA1070 and PCD3353A/008
Details: 34 pages, December 1993

The feature-phone kit OM4736 is designed to demonstrate the programmable transmission IC PCA1070 with the help of
the PCD3353A/008 pre-programmed micro-computer.

The PCA1070 is a Multi-standard Programmable Analogue CMOS Transmission (PACT) integrated circuit performing all
speech and line interface functions required in fully electronic telephone sets. It needs a minimum number of external
components. The transmission parameters are programmable via the 12C-bus, which makes the IC suitable for nearly all
countries in the world without changing the (few) external components.

The PCD3353A/008 has three functions:

e Control of the normal feature phone functions such as pulse/tone dialling, redial/repertory dialling and software
controlled ringer function

o Setting of the transmission parameters of the PCA1070, which are stored in the on-chip EEPROM, via the 12C-bus
o Setting of the dialler and the ringer parameters which are also stored in the EEPROM

e Changing of all the programmable parameters via keyboard to show the flexibility of the total application.

All dialled or programmed numbers, programmed or stored parameters for dialling ringer and PCA1070 control, are

shown on an LCD-Display. This report gives a brief description of the application and gives a guide-line for operation of
the DEMO kit.

* ETT/AN94001
User manual for OM4750: Demonstration board TEA1093 and TEA1094
Details: 16 pages, April 1996

This report describes the TEA1093/TEA1094 demonstration board. The board demonstrates the performance of the
TEA1093 and TEA1094 handsfree circuit in conjunction with a TEA1062 or TEA1067 speech transmission circuit. It
provides handset, handsfree and listening-in operation. The difference between the TEA1093 and TEA1094 is that the
TEA1093 is line powered while the TEA1094 is externally powered. An external power supply is useful, for instance, in
answering machines. It has the advantage that a high loudspeaker output power can be realised.

1996 Aug 14 14
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* ETT/AN94004
Application of the TEA1094 hands-free circuit
Details: 49 pages, March 1994

A detailed description of the TEA1094 is given. In conjunction with a member of the TEA106x family transmission circuits,
it offers a hands-free function. It incorporates a microphone amplifier, a loudspeaker amplifier and a duplex controller
with signal and noise monitors on the transmit and the receive channel. A cookbook gives the general application steps
and also several application examples are given including listening-in, cordless-base and answering machine.

* ETT/UM95004.0
OM4775 user manual - basic phone demonstration board OM4775. UBA1702/A, TEA1062/1064B and PCD3755A
Details: 25 pages, November 1995

The OMA4775 is a demonstration board of a basic phone realised with the UBA1702/A line interrupter driver and ringer
circuit, the TEA1062/1064B transmission circuit and the PCD3755A micro-controller.

The basic phone is in fact a general application with different demonstration possibilities with respect to interrupter/ringer
and transmission ICs. It is not made to fulfil specific country requirements, however adaptation is possible to a certain
extent and is made easy by mounting concerning components on sockets or solder pins. These components are
underlined in the text of chapter 2 and 4.

The OMA4775 contains a handset with microphone and earpiece and a base with the hardware including a piezo-buzzer
for ringing and a keyboard. The OM4775 is delivered with the UBA1702, BSP254A, TEA1064B and PCD3755A. The
UBA1702 and BSP254A can be replaced by the UBA1702A and MPSA92, the TEA1064B by the TEA1062.

ETT/UM95011.0
OM4776 Evaluation board for TEA1112(A) and TEA1113
Details: 17 pages, October 1995

This document describes the evaluation kit OM4776. This kit is intended to be used for laboratory evaluation of the
TEA111x.

The TEA1112 and the TEA1112A are speech transmission ICs for application in electronic telephone sets. They are
added to the range of transmission circuits of the TEA106x-family. Besides the required basic interface functions
between microphone capsule, earpiece, telephone line and dialler circuit (DTMF and pulse dialling) they offer the user a
Hook-Status indicator function (LED output) and a transmit mute function (MMUTE). The EMC behaviour is improved
with respect to the TEA106x Ics.

The TEA112A differs from the TEA1112 by the inverted MUTE and the MMUTE input (Ref 1). The TEA1113 differs from
the TEA1112 by the inverted MUTE and by the use of a dynamic limiter in combination with MMUTE (Ref. 2).

ETT/UM95013.0
OM4766 evaluation kit for TEA1069N speech/dialler/ringer
Details: 25 pages, February 1996

This document describes the evaluation kit OM4766. This kit is intended to be used for laboratory evaluation of
Speech/Dialler/Ringer IC TEA1069N.

The purpose of the evaluation kit is to evaluate and demonstrate the basic features of the TEA1069N one-chip telephone
IC. The board behaves as a normal telephone. Using the handset and the keyboard telephone calls can be made, and
incoming calls can be accepted. In order to accommodate easy evaluation of the additional features of the TEA1069N it
is possible to access the different pins of this chip.
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ETT/UM96003.0 (ETT/AN89006 REVISION)
OM4729 basic application board for the TEA1062 and TEA1062A
Details: 25 pages, February 1996

This document describes the evaluation kit OM4729 (formerly known as CAB3422) This kit is intended to be used for
laboratory evaluation of the TEA1062(A).

The TEA1062 and TEA1062A are speech transmission ICs for application in electronic telephone sets. They are part of
the range of transmission circuits of the TEA106x-family.

The TEA1062A differs from the TEA1062 by the inverted MUTE input (Ref. 1).

* ETT/UM96006.0
OM4784 user manual - System board of TEA1069N, TEA1093 and UBA1702/A
Details: 33 pages, March 1996

This document describes the system board OM4784. This board is intended to be used for laboratory evaluation of the
Speech/Dialler/Ringer IC TEA1069N in combination with the TEA1093 and the UBA1702/A.

The purpose of the system board is to evaluate and demonstrate the features of the TEA1069N one-chip telephone IC
in combination with the TEA1093 (handsfree) and the UBA1702A (line-interface). The board is a feature phone with
Music On Hold, keytone, parallel set detection and handsfree.

ETT8503
The coupling network between the PCD3311/12 DTMF generator and the TEA1060/61 transmission circuit
Details: 17 pages, March 1985

The DTMF generator PCD3311/12 needs a transmission circuit as an interface to the telephone line. The report
describes the design considerations for a fixed passive coupling network between the generator and a TEA1060/61. The
worst case variation of the DTMF voltage on the line will, according to the specifications of both devices, exceed the
CEPT recommendation. However, by using statistical methods it can be proved that 99% of the
PCD3311/12-TEA1060/61 combinations will meet the recommendation.

*ETT8612
Application of the PCD3310 bilingual dialler in electronic telephone sets
Details: 27 pages, October 1986

The PCD3310 is a CMOS integrated dialling circuit with dual-standard dialling for either pulse dialling (PD) or dual tone
multi frequency (DTMF) dialling with last-number redial.

This report gives a description of the circuit, the dialling procedures and the subscriber set architectures of the PCD3310.
Also the Electro Magnetic immunity compared with other dialling circuits is given.
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*ETT8707
Application of the TEA1081 - a supply IC for peripheral circuits in electronic telephone sets
Details: 45 pages, 15-9-87

TheTEA1081 is intended for application in electronic telephone sets which are powered from the telephone line. This
circuit performs the interface function between telephone line and supply line for peripheral circuits. In combination with
a transmission circuit of the TEA1060 family it improves the power supply capabilities of the set depending on the
available line current.

The TEA1081 is a successor of the TEA1080, major differences with the TEA1080 are the improved performance and
an extension of the circuit with a power down function.

Described are the comparison of the TEA1081 with the TEA1080, applications of the TEA1081 with the TEA1060
including its effect on the transmission characteristics, and application of the TEA1081 in a pulse dial telephone set.

*ETT8710
Specification of quartz and ceramic resonators for PCD33xx and PCF84cxx CMOS ICs
Details: 34 pages, September 1987

The oscillator of the PCD33xx and PCF84cxx CMOS integrated circuits was originally designed to operate with a quartz
resonator. Ceramic (or PXE) resonators form an economically attractive alternative but can not always replace the
quartz. A procedure is described which explains how to decide whether or not a ceramic resonator is suited for the
oscillator. The report gives also general and more specific information on oscillators, on start-up time and on parasitic
eifects in quartz or ceramic resonators.

ETT8711
Bridge: A software tool for optimising the TEA1060 anti-sidetone bridge
Details: 11 pages, September 1987

Bridge is a software tool that helps you to find the optimal anti-sidetone balance network for your TEA1060 application.
It is designed for use with the IBM PC or compatibles.

Starting with your initial guess BRIDGE can calculate a better balance network resulting in a lower average sidetone
level. It can also present you the performance of balance networks graphically (if your computer is equipped with a
colour/graphics adapter).

BRIDGE allows you full editing of all relevant parameters and components. Besides sets of parameters/components can
be stored on disk for later retrieval.

There -are two versions available on the diskette:
e BRIDGE which will run on every IBM PC or compatible
o BRIDGE87 which runs 4 times faster, but only on PCs equipped with a 8087 mathematical co-processor.
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ETT8805

Controller (PCD3344/006) programmed for telephone sets with on-hook dialling and up to 20 numbers repertory dial
facilities.

Details: 24 pages, July 1988

The PCD3344/006 is a programmed version of the standard telephony micro-controller PCD3344 which has an on-chip
DTMF/melody generator. With the software described in this report the /006 behaves as a 20 number repertory
pulse/DTMF dialler controlling the listening-in part of the telephone set realised by the TEA1081 supply IC and the low
frequency amplifier TDA7050.

* ETT89008
Listening-in with the TEA1081, TDA7050 and TEA1064
Details: 27 pages, May 1989

This report describes a listening-in application with the TEA1081 supply iC, the TDA7050 loudspeaker amplifier and the
TEA1064 transmission circuit for use in electronic telephone sets.

* ETT89009
Application of the versatile speech/transmission circuit TEA1064 in full electronic telephone sets
Details: 84 pages, August 1989

The TEA1064 is a speech/transmission integrated circuit for use in analogue electronic telephone sets. Itis added to the
range of well-known transmission circuits of the TEA1060-family. The circuit incorporates a relatively powerful supply for
peripheral circuits (such as microcomputers and diallers) with two options: a) stabilised supply or b) regulated line
voltage. Furthermore a dynamic limiter in the sending channel has been included that on the one hand limits the
maximum level (and prevents distortion) of the transmitted line signal and on the other hand improves sidetone
performance by reducing the maximum sidetone level and the distortion. This report gives a complete description of the
circuit and provides the necessary information to the set-design-engineer in order to enable him to take full advantage
of the many application possibilities.

* ETT89016 (SUPERSEDES ETT8613)
Measures to meet EMC requirements for TEA1060-family speech/transmission circuits
Details: 19 pages, 1-10-89

Recently the Electro Magnetic Compatibility (EMC) of the TEA1060-family, speech/transmission circuits, have been
investigated again. If a few components are placed at the right spots the TEA1060 circuits reach a good performance.
This report describes the measures which can be taken without influencing the basic functioning of the IC.
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* ETT94001
Application of the TEA1096 transmission and listening-in circuit
Details: 60 pages, January 1994

The TEA1096 as well as the TEA1096A are bipolar telephony IC’s for use in line powered telephone sets. They offer a
transmission function and a group listening-in (or monitoring) facility of the received line signal via a loudspeaker. The
TEA1096 and TEA1096A incorporate a line interface with active output stage, a stabilised supply, send and receive
amplifiers, a double anti side tone circuit, line loss compensation, a loudspeaker amplifier and dynamic limiters for
transmit and loudspeaker signal.

This report gives a detailed description of the TEA1096 and the TEA1096A and an application example. The description
is given by means of block diagrams and discussion of the details of the sub-blocks. For product details is referred to the
Device Specification ref.1.

ETT94008 (SUPERSEDES ETT/AN92011)
Functional specification of the demo PCD3353A/008 to control the PCA1070 (PACT)
Details: 39 pages, May 1995

This report gives a description of demonstration and test software to control the PCA1070 which is a Programmable
Analogue CMOS Transmission (PACT) circuit, with the PCD3353A microcomputer.

The PCD3353A/008, a member of the PCD335xA family of micro-computer special developed for telecom applications.
This PCD3353A micro-controller has an on-board DTMF generator, 6K ROM, 128 bytes RAM, 128 bytes EEPROM, 20
1/0 and a special ringer output. And is fully able to control the PCA1070 via it's software I2C-bus.

The PCA1070/PCD3353A circuits combination performs the following functions:
o Pulse and DTMF dialling

o Redial and repertory dial stored in EEPROM

e PCA1070 control

o PCA1070 variable stored in EEPROM

e PCA1070 variable programmable via [2C-bus and Keyboard

¢ Dialling options programmable via keyboard stored in EEPROM

¢ Ringer functions incorporated in 3-tone, 4-speeds and 4 volumes

¢ Display.
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* ETT95007.0.0
OM4757 demonstration board with the PCD3332-3, TEA1064B/1062 and TEA1093/1094
Details: 37 pages, April 1995

This OM4757 is a demonstration model of a feature phone realised with the PCD3332-3 dialler/ringer, the TEA1064B or
TEA1062 transmission IC, the TEA1093 or TEA1094 handsfree circuit and a ringer stage.

The feature phone contains a general application with different demonstration possibilities with respect to transmission
and handsfree ICs. It is not made to fulfil specific country requirements.

The OM4757 contains a handset with microphone and earpiece and a base with the hardware including buzzer,
microphone and loudspeaker. The OM4757 is delivered with the TEA1064B, TEA1093 and PCD3332-3. The TEA1064B
can be replaced by the TEA1062 and the TEA1093 by the TEA1094.

The TEA1093 is line powered. Although the TEA1094 is intended for supply by an external source, the demonstration
model is provided with the TEA1094-supply from the line as well.

* 9398 341 10011
TEA1060 family designer’s guide - versatile speech/transmission ICs for electronic telephone sets
Details: 72 pages, July 1987

This designer’s guide gives an overview, subscriber set architectures, a detailed functional description, hints for PCB
layout and anti-sidetone bridge calculations for the TEA1060 family. Powered by the telephone line, these ICs can be
used with virtually any kind of microphone and the set's impedance can be complex or real. Besides their application in
basic and feature phones, they can be used in automatic answering machines, facsimile equipment and cordiess
phones. The choice of TEA1060 family IC depends upon the microphone used and local PTT requirements.

* 9398 061 30011
An introduction to the basics of electronic telephone sets
Details: 53 pages, January 1994

The Telecom Applications Group of Philips Components Division has organised field application engineer (FAE) training
sessions on several occasions. These training sessions cover both theoretical and practical work. This course note
summarises much of the basic theory presented at the training sessions. It's aim is to give engineers working in the area
of components sales, application, and design, a thorough introduction to the fundamentals of analogue telephony
circuitry. This consists of the analogue telephone set and other subscriber equipment connected to the analogue local
subscriber lines (also referred to as central office lines, PABX lines, a/b wires or ring/tip wires. In later course notes
subjects covered will include: switching, cordless telephony, mobile telephony, ISDN, transmission, radio paging, data
communication.

The introduction in section 1 gives a brief description of the fundamentals of classical telephone sets (with rotary dial and
carbon microphone). Section 2 covers the DC requirements of a telephone set in relation to the line current and operating
voltage. Section 3 describes the speech circuitry in more detail. Theory as well as practical electronic replacement for
the coil hybrid are described. New features not available with carbon microphone sets are also included. In section 4 the
dialling circuitry is described. Electronic pulse diallers, the modern DTMF dialling system, and PTT requirements are also
covered in section 4. The ringer is described in section 5, and section 6 summarises all the user-friendly enhanced
features of an advanced electronic telephone set.
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THE 12C-BUS CONCEPT
Details: 27 pages

This document gives an overview of the design of 2C-bus. The complete specification is given in publication “The I2C-bus
and how to use it (including specifications), ordering code 9398 393 40011, April 1995.

*IEEE JOURNAL OF SOLID-STATE CIRCUITS, VOL. SC-19, NO. 3, JUNE 1984
Dual tone and modem frequency generator with on-chip filters and voltage reference
Details: 10 pages, June 1984, (Reprint from |EEE journal of solid-state circuits)

A single-chip CMOS circuit is described that contains a dual tone multi-frequency (DTMF) and modern frequency
generator. For optimum performance and economy, switched capacitor techniques are used for the on-chip bandgap
reference voltage, D-A converters, and filter. CEPT recommendations on output level stability and distortion are met
without recourse to external filtering and without a stabilised supply or external reference voltage. A self aligned contact
(SAC) CMOS process with 4 um design rules and with 50 nm thick gate oxide is used to manufacture the circuit.

TTE87132
Documentation for printed circuit board CAB3467
Details: 6 pages, June 1987

This printed circuit board incorporates a full-wave rectifier especially suited for use as polarity guard in electronic
pulse-dialling/flash telephone sets. Optionally also an electronic interrupter is presented on the board.

The bridge is realised with DMOS-field effect transistors, combining a very low forward voltage drop (total voltage drop
is typ. 0.18 V at 10 mA) with a very high maximum voltage rating (200 V).

The (optional) interrupter is equipped with a DMOS P-channel FET which combines the advantages of conventional
N-channel FETs (virtually no driving current required) with those of PNP-transistor interrupters (very simple interface
between pulse dialler and interrupter).

The complete board is realised in SMD technology.

TTE87168
Documentation for TEA1064 printed circuit board CAB3458
Details: 21 pages, November 1987

This report describes the printed circuit board CAB3458. This printed circuit board is meant to demonstrate the speech
transmission IC TEA1064. This report gives some brief application information, but is not meant as an application report.
Please refer to the literature given in chapter 4 for application details.
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1. CLASSICAL TELEPHONE SET
1.1 Introduction

Almost unchanged for many decades, the rotary dial carbon microphone set is
used all over the world. However, this position seems to be changing rapidly
in favour of electronic telephone sets. This section covers the basic principles
of classical telephone sets. It consists of three main parts:

« speech part with microphone, earpiece and the connection to the line

« rotary dial for dialling the required telephone number

» ringer or alert which tells the subscriber that a call is on the line

1.2 Speech transmission function

1.2.1 Carbon microphone

Speech (acoustic pressure waves) can be transformed into electrical signals by
a carbon microphone consisting of a container filled with carbon particles. At
one end, the container is closed by a flexible membrane. When acoustic pres-

sure waves impinge on the membrane, the carbon particles are compressed
resulting in small changes in resistance.

¥
JL

Fig.1.1 - Carbon microphone

The variation in resistance is used to modulate a current (DC) which flows
through the microphone (see Fig. 1.2).

Set 1 Line | Exchange " ! Line }
il ;

M |
i

|

i

1B

Fig.1.2 - One-way speech transmission
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The current (10 to 100 mA DC) which flows through the carbon micro-

phone M is supplied by battery B (usually 36 to 60 V). The current is mod-
ulated by the microphone in the rhythm of the speech (Fig.1.3).

Fig.1.3 - Microphone current as a function of time

The resulting AC can be heard in the earpiece of the receiving telephone
set (the DC is blocked by capacitors). The earpiece is normally an electro-
magnetic transducer (Fig.1.4).

L=}

L

Fig.1.4 - Electromagnetic transducer

The coils (L, usually about 10 H) prevent short-circuiting of the AC sig-
nals via the battery. With a mirror-image system (Fig.1.2) a full-duplex tele-
phone system can be realized with four-wires connecting each telephone  set
to the exchange.

1.2.2 2-wire full-duplex operation

To save two wires, another system is used which makes it possible to use the
same pair of wires for both transmission and reception of speech signals. This
is called a 2-to-4 wire conversion or hybrid function. The principles of the
hybrid circuit are quite simple. In a Wheatstone bridge (Fig.1.5) if R1 x R =
R2 x R3:

RL
then V3=—xVl,and V2=0
R1+RL

ie. if the bridge is balanced, the generator signal V1 does not cause any

signal V2. Maximum transfer will occur if R1 = R2 = R3 = Rp results in a
transmit signal V3 = 1, V1.
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RL

SLPE

» < V2 >

Fig.1.5 Wheatstone bridge principle

If V1 comes from a microphone and V2 from an earpiece, then the speech
signal from the microphone is only available on the telephone line Ry (V3)
and not to the earpiece. This 2-to-4 wire principle is one of the most basic
circuits in the telephone system. It exists even in the most modern digital
version called ISDN, but then it’s called an echo canceller. In the electro-
mechanical telephone set it’s realized with a transformer (Fig 1.6). In this.
Wheatstone bridge configuration the transformer replaces R1 and R2, the
balance network Z replaces R3, and Rp represents the combined impedances
of the telephone line and the other telephone set.

Set 1 Set 2

Line Exchange Line |
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Fig.1.6 - Full duplex speech transmission system
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The carbon microphone modulates a direct current i, Because it’s con-
nected to the centre tap of the primary winding of transformer T (the hybrid

transformer) the AC splits into current i’ to the left and a current i" to the
right (Fig.1.7).

Fig. 1.7 - Function of hybrid transformer (sending condition)

If current i’ equals current i" (Z = Z’) there will be no resulting AC

signal in the secondary winding, and the audio generated in the microphone
won’t be audible in the earpiece.

Fig. 1.8 - Function of hybrid transformer (receiving condition)
At the other end of the line, current i" induces (neglecting a small diss-
ipation in the carbon microphone and in impedance Z) a voltage in the sec-

ondary winding of transformer T which results in audio signals in the
earpiece (Fig.1.8).
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This situation is the ideal one, but in practice impedance Z’ is dependent
on both the impedance of the telephone set connected to the other end of
the line (usually 600 Q) and on the impedance of the telephone line itself.
Therefore, complete cancellation of - the microphone signals can only be
achieved for one particular telephone line length. For all other line lengths,
part of the signal generated in the microphone will be audible in the earpiece
(sidetone). A small amount of sidetone is not a drawback and is, in fact,
required to give the user audio feedback of his/her voice to avoid the temp-
tation to shout during a call. However, too much imbalance in the bridge
circuit makes line loss compensation more difficult as maximum amplifier gain
will be limited by the sidetone. This can be a real problem with long distance
connections. These transmission problems will be described in detail in later
course notes.

1.3 Signalling functions

1.3.1 On-hook/off-hook detection

The telephone exchange must know the status of the telephone sets connected
to it. The DC line current is used for this purpose. Each set has a hook
switch which interrupts the line current (Fig.9) if the handset is placed on

the cradle (on-hook). On-hook/off-hook detection is realized by a relay R
connected in series with the DC path in the exchange.

o e

Fig.1.9 - On-hook/off-hook signalling
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This system enables the same pair of wires to be used for both speech trans-
mission and detection of the hook status. The resulting current waveforms are
given in Fig.1.10.

t
f Telephone f
Handset call Handset
lifted replaced

Fig.1.10 - Telephone set current as function of time

1.3.2 Subscriber number dialling

In automatic telephone systems, subscribers must be able to indicate the num-
ber of the subscriber they want to call to the exchange. This is done by
turning a rotary dialler which interrupts the DC supply current (by means of
S1 in Fig.1.11) in a predetermined rhythm (usually 10 Hz). The number of
interruptions  corresponds to the digit dialled (1 interruption = ‘1°, 2
interruptions = ‘2, etc., 10 interruptions = ‘0’). To avoid loud clicks in the
carpiece, the speech part of the telephone set is muted during dialling by an
extra switch in the rotary dial (S2).

G WSO
L
]
) ! !
! - 11
' st N i
}

Fig.1.11 - On-hook/off-hook detection and
dial pulse generation and detection
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The digits dialled can be detected by relay (R) in the exchange (on-
hook/off-hook ~detection). The resulting current waveforms are given in
Fig.1.12.

Speech
t
”2” "1 ”
dialled dialled !
Going 75" Going
off-hook dialled on-hook

Fig.1.12 - Telephone set current as function of time

1.4 Alert function

Every telephone set incorporates a ringer (Fig.1.13) which has to alert the
subscriber to incoming calls. Usually this ringer is an electro-mechanical bell
which is driven by an AC supply of 40 to .70 V at about 25 Hz. A capacitor
in series with the ringer blocks DC.

Bell Mo v %
]

relay — IB_

Fig.1.13 - Circuit diagram of telephone set including ringer
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The ringing voltage is applied to the telephone set only when the
telephone set is on-hook. As soon as the handset is lifted (detected in the
exchange by the flow of DC) the ringing voltage is switched off to avoid
unpleasant sounds in the earpiece. The resulting current waveforms are given
in Fig.1.14.

Speech
nnn NNAN
VAVA'LY, U U¢U Y] } T i
Alerting Alerting Going Going
off-hook on-hook

Fig.1.14 - Telephone set current as function of time

2. DC REQUIREMENTS
2.1 Polarity guard

A telephone set must function properly independent of the polarity of the line
voltage applied to it. This is no problem for carbon microphone types with a
rotary dial since there are no polarity-sensitive components in such telephone
sets. It becomes a problem when electronic components are introduced into a
telephone set. Transistors and integrated circuits cannot operate if the supply
polarity is reversed and can even be damaged by a reversal. A diode bridge is
therefore always connected between the telephone line and the electronic
circuits in the telephone set. The circuit diagram of such a bridge is given in
Fig.2.1.

Always +
+ or —

+————— Always -

- or +—>»

Fig.2.1 - Circuit diagram of a polarity guard diode bridge
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Notice that this bridge has no rectifier function; the telephone line
already has a direct current supply. A drawback of this polarity guard is the
extra voltage drop of two forward diode voltages (1.4 V with typical diodes
or 0.6 V for more expensive Schottky diodes).

Sometimes the diode bridge has an additional lightning protection
function. Usually two of the diodes are then replaced by zener diodes or
transient suppressor diodes (e.g.BZW14).

2.2 DC voltage

A telephone set has to guarantee a minimum operating line current to ensure
that all relays in the exchange function properly.

Coil Line
| |
| S— |

+ Telephone
set

| a—
| S |

Coil Line

Fig.2.2 - Direct current path in subscriber loop

As shown in Fig.2.2 the direct current in the subscriber loop is
determined by; the supply. voltage of the exchange, the resistance of the coils
in the exchange, the resistance of the telephone line between subscriber and
exchange, and by the resistance of the subscriber set.

The battery voltage of most exchanges is normally 48 V, but it can vary
between 24 and 100 V; the coil resistance is normally 2 x 200 Q or 2 x 400 Q,
the line resistance (for 0.5 mm diameter line) is about 2 x 90 Q/km, and the
set impedance of a (carbon microphone) telephone set varies between 100 and
300 Q. An example of a worst case loop current calculation is:

coils resistance (2 x 400 Q) : 800 Q
10 km telephone line : 1800 Q
telephone set resistance : 300 Q
TOTAL : 2900 Q
Minimum battery voltage 1 42 V (48 V nominally)
Minimum loop current 1 42V/2900 Q = 14.5 mA

Figure 2.3 gives the minimum line current for some European countries.
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Country Minimum line current
Belgium 20 mA

Denmark 15.3 mA
W.Germany 17 mA

France 12 mA
Netherlands 16 mA

Norway 17 mA

United Kingdom 25 mA

Sweden 11 mA

Fig.2.3 - Table of minimum line curmrents in Europe

In the past, most PTTs have defined a maximum DC resistance for tele-
phone sets to guarantee the minimum loop current. However, for electronic
telephone sets it is not very practical to define a maximum DC resistance
since they have a non-linear voltage-current characteristic with (due to the
polarity guard bridge) a very high resistance at low currents. Nowadays, most
PTTs specify voltage-current masks. Figure 2.4 gives the voltage-current mask

for the USA.

Some PTTs allow a higher line voltage during DTMF dialling because this
system works without dial pulse detection relays at the exchange. The USA
normally allows a line voltage of 6 V at 20 mA, but during DTMF dialling it
may be 8 V at 20 mA. It is therefore easier to power the DTMF generator in

countries with this type of specification.
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Unacceptable
region 2

Acceptable
region 2

7.8 Unacceptable
region 1
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Fig.2.4 - USA voltage-current mask for telephone sets

Some PTTs require a lower line voltage during pulse dialling to make it
easier for the exchange to detect line current interruptions with relays. In
Italy, normally the maximum line voltage is almost 8 V (at 12 mA), but in the
make periods of pulse dialling it can be less than 4 V. These PTT requir-
ements can significantly influence the cost price of a telephone set.

2.2 Parallel o
4“5 xaraie: ¢

Many subscribers connect more than one telephone set to their telephone line.
However, most PTTs don’t allow more than one off-hook telephone set to be
connected to the telephone line at the same time. Extra hook-switch contacts
or relays must therefore be used to prevent other sets going off-hook in
parallel with a set that is already off-hook. To remove the need for the extra
components, there is a trend (in USA and in Japan) to allow subscribers to
simply connect their telephone sets in parallel. If more than one telephone
set is off-hook during switch over for a short time, they have to share the
total line current available. This can result in lower performance. Real prob-
lems can arise when a carbon microphone type of telephone set is connected
in parallel with an electronic type, especially when the subscriber is a long
way from the exchange (long lines).
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Take for example a carbon microphone set with a DC resistance of 200 Q
connected to a 20 mA line (Fig.2.5). The line voltage then will be 4 V. Now
connect an electronic telephone set in parallel which needs at least 4 mA to
have acceptable performance. This leaves 16 mA for the carbon microphone
set and gives a line voltage of 3.2 V. This means that the electronic
telephone set only has a supply voltage of 1.8 V! (3.2 V minus the polarity
guard voltage drop). A specially designed electronic speech circuit is therefore
required to achieve acceptable performance at such a low supply voltage.

20 mA 4 mA

—_ Speech O 18V

A circuit __E]

A

A

Fig.2.5 - Parallel operation of classical and electronic telephone set

Of course, no guarantee can be given for correct dialling when two telephone
sets are connected to one telephone line at the same time. Even pulse dialling
won’t be possible because the current through the parallel set can’t be inter-
rupted; DTMF dialling will be difficult because DTMF diallers need a minimum
supply voltage (usually 2.5 V) which can’t be guaranteed under these circum-
stances. In general, parallel operation is only required during conversation.

3. THE SPEECH PART OF A TELEPHONE SET
3.1 Newton, Pascal and (deci)Bell

All sounds consist of acoustic pressure waves. A sound source modulates the
air pressure and this modulation propagates at the speed of sound (about
330 m/s). Air pressure can be measured in Newtons per square meter (N/m?)
or in Pascal (1 Pa = 1 N/m?). The nominal ambient air pressure at sea level
is 100 kPa. We can hear air pressure variations between roughly 16 Hz to
about 15 kHz. The minimum sound level we hear is (frequency dependent)
about 20 pPa; the maximum level (threshold of pain) is about 200 Pa.
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20 uPa 0dB SPL — Threshold of hearing
____ 10dB SPL
— Forest
200 pPa 20 dB SPL
— Bedroom
____ 30dB SPL
— Library
2 mPa 40 dB SPL — Living room
50 dB SPL
20 mPa 60 dB SPL — Conversational speech
—> Business office
_____ 70dB SPL
200 mPa 80 dB SPL

— Average street traffic
90 dB SPL — Heavy truck

------ 94 dB SPL — Typical telephone microphone
2 Pa 100 dB SPL.  — Pneumatic drill
110 dB — Pop group
20 Pa 120 dB SPL
— Jet take-off (at 100 m)
__ 130dB SPL
200 Pa 140dB SPL  — Threshold of pain

Fig.3.1 - Real-life examples of Sound Pressure Levels (SPL)

Because our ears have a very large dynamic range (about 1 to 10%) it is
easier to express sound pressures on a logarithmic scale (in decibel):

sound pressure (Pa)

sound pressure (dB) = 20 log reference sound pressure (Pa)
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A commonly used reference level is the threshold of hearing, ie. 20 pPa.
This reference level is indicated by the abbreviation ‘SPL’ placed directly
after the ‘dB’. In Fig.3.1 a list of absolute and relative sound pressure levels
is given with a real-life example of where the level occurs. For telephony
applications during normal speech, the average sound pressure level at the
-microphone of the handset is about 94 dB SPL. The peak level which -is
important for the maximum drive level of the amplifiers is about 20 dB
higher. The human ear is not equally sensitive at all frequencies - a 70 dB
SPL, 100 Hz signal seems less loud than a 70 dB SPL 1 kHz signal. For this
reason loudness measurements are used which are weighted according to the
different sensitivities of the human ear.

The best known weighting curve is the A-curve with dB(A) values.
Another weighting curve is the psophometric CCITT P53 curve which is used
for noise loudness measurements in telephony. Measurements according to the
P53 curve are often characterized by a suffix ‘p’. The A- and the p-curves
are shown in Fig.3.2.

dB
0 e —
N\
~10 7 \\
/ \
A P/ P
/
-20 / \
100 1000 10000
Hz

Fig.3.2 - The A- and the p-weighting curves

Some other ‘decibel type’ symbols are frequently used in the world of tele-

phony.

dBm -  The reference level of 0 dBm is defined as the voltage resulting
from 1 mW of power dissipation in (usually) 600 £, i.e. a voltage of
0.775 V. Therefore, a voltage of 100 mV results in 20 log
(0.1/0.775) = -17.8 dBm.

dBmp - This describes a psophometrically weighted dBm level.

dBV - This has a reference level of 1 V.

dBmV - This has a reference level of 1 mV. Thus 0 dBV corresponds to 1
V. and 0 dBmV corresponds to 1 mV.
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3.2 Transducers

Transducers in telephone sets are used to convert sound into electrical signals
(microphones) and back again (earpieces and loudspeakers). An important
parameter of transducers is their sensitivity. This is expressed in V/Pa for
microphones and Pa/V or Pa/W for earpieces and loudspeakers.

3.2.1 Carbon microphones

The carbon microphone is the most frequently used type of microphone in the
world. The reason for this popularity is its sensitivity of 100 mV/Pa or more,
makes it the only type of microphone that doesn’t need additional amplif-
ication. This point was of crucial importance in the pre-transistor era.

The carbon microphone is a passive microphone; it can’t generate any
signals without an external power source because sound signals only result in
changes in the microphone resistance. By passing a current through it, the
resistance variations are transformed (linearly) into voltage variations.

The linear relationship between AC output voltage and direct current is a
weak point of the carbon microphone. High direct currents usually occur in
telephone sets connected to the exchange via short telephone lines (low
resistance) and low currents occur in long telephone lines (high resistance).
Speech signals of long-line subscribers are attenuated more than those of
short-line subscribers, and the sensitivity of the microphone is better at high
currents which is the opposite of what is required.

Other weak points of the carbon microphone include its instability (the
characteristics of the microphone, especially the resistance, are position
dependent) and its poor reliability (carbon particles can ‘weld’ together
resulting in a defect). The carbon microphone also produces a lot of
non-linear and frequency distortion. It’s also subject to the effects of aging.

A positive point of the carbon microphone is its ‘squelch’ effect. The
relationship between sound pressure and output voltage is not linear (Fig.3.3)
and it has a very low sensitivity to weak signals; background sounds are
therefore automatically attenuated, which gives better audibility.

Fig.3.3 - Output voltage versus sound pressure showing squelch effect

AR
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3.2.2 Dynamic transducers

Dynamic transducers can be used both as microphones and earpieces. Two
versions are available; the electro-dynamic or moving coil transducer (Fig.3.4a)
and the magneto-dynamic or moving-magnet transducer (Fig.3.4b).

_ A4
A 'E
S "g’—
a) b)

Fig.3.4 - Dynamic transducers
a) electro-dynamic

b) magneto-dynamic

These have a coil and a magnet which can move with respect to each other.
In the electro-dynamic type the magnet is fixed and the coil, which is
suspended in the magnetic field of the magnet by a membrane, can move.
Most loudspeakers work like this. In the magneto-dynamic type, the coil is
fixed and the magnet can move. This principle is used in some record player
cartridges.

If the device is used as a microphone, sounds generate an electromagnetic
force in the coil which in turn results in an output voltage. Used as an ear-
piece, an AC signal will generate an alternating magnetic field and this
results in movement of the membrane.

Dynamic transducers have a low impedance (a few hundred ohms) and
can produce very good sound quality, but they are not very sensitive (used as
a microphone they produce only about 1 mV/Pa).

3.2.3 Magnetic transducers

Magnetic or rocking armature transducers have a magnet with an air gap in
which a piece of iron, mounted on a flexible membrane, can move (Fig.3.5).

Z| |
——
0| <>

N—

Fig.3.5 - Magnetic or rocking armature transducer
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Used as a microphone, the movements of the piece of iron affect the
magnetic field and this generates an electromagnetic force in the coil; this in
turn results in an output voltage. Used as an earpiece, an AC signal in the
coil will generate a magnetic field resulting in magnetic forces on the piece
of iron. Movements of the piece of iron are transformed into sound by the
membrane.

Magnetic transducers don’t produce good sound quality; the frequency
characteristic is not flat and a lot of non-linear distortion is produced. The
sensitivity, however, is fairly high and the impedance is low (a few hundred
ohms).

3.2.4 Piezo-electric transducers

Some materials (e.g. BaTiO) generate a voltage when they are mechanically
deformed. This process can also be inverted; applying a voltage to the
material will deform it. This effect is called the piezo-electric effect and can
be used to make microphones and earpieces which can be very inexpensive.
Electrically, they behave as a capacitor of several tenths of a nano-Farad. An
amplifier driving an piezo-electric transducer must be carefully designed
because this capacitive characteristic can easily cause instability.

The sensitivity of piezo-electric transducers is fairly high when used as a
microphone (about 10 mV/Pa) but low when used as an earpiece. The
frequency characteristic is bad; there are a lot of peaks in it caused by
resonance effects which can be used in ceramic resonators for oscillators.
However, a specially shaped housing which damps these resonant peaks, can
greatly improve its frequency characteristic (Fig.3.6).

Fig.3.6 - Piezo-electric transducer

A very popular application of piezo-electric devices is as an electronic
ringer. The resonance effect can be used to create very high volume chimes
very efficiently.
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3.2.5 Electret microphones

An electret microphone has a pre-charged capacitor with a flexible plate that
can move under the influence of sound signals. Such movements result in
changes of the capacitance and therefore in changes of the voltage across the
microphone (according to the law V = Q/C) because the charge across the
capacitor remains constant (Fig.3.7).

+ o+ +hsy 77

Fig.3.7 - Electret microphone

Electret microphones are sensitive (about 10 mV/Pa) but need an
extremely high resistance termination to avoid leakage of the charge. An FET
is normally incorporated in the microphone as a preamplifier to bring down
the impedance to a more practical value (several kQ).

Figure 3.8a is the circuit diagram of an electret microphone with an FET
buffer and its three connections. The FET is used as a source follower. Pins
1 and 3 are connected to the supply voltage (1.5 to 5 V) and the AC signal is
available across pins 2 and 3.

1+
T
DY S— | b)
™ |
|| Vout I
| |
Y ____|

Fig.3.8 - Circuit diagrams of electret microphone with FET buffer

In Fig.3.8b, a type with only 2 connections is shown. The FET is used here as
a current source modulated by the electret microphone. Pin 1 is connected to
the positive supply voltage and pin 2 is connected to the negative side of the
supply via a resistor (usually several kohms). The sound signals are available
across this resistor. The advantage of type b is that only 2 wires (instead of
3 in type a) are required.

3.3 AC requirements of telephone sets
The most important AC requirements that electronic telephone sets have to

fulfil, and how they can be implemented, are described in the next few sect-
ions.
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3.3.1 Maximum output voltage; output stage configurations

The sending amplifier of a telephone set must be capable of modulating the
direct current to obtain a certain output voltage. The output impedance of
the sending amplifier is usually 600 Q, and the load impedance for
measurements is also usually 600 €. The maximum required output voltage
is usually about 3 dBm but it can be as high as 9 dBm depending on the
individual PTT. There are two ways to make such a sending amplifier. The
first is to use an output amplifier (voltage source) with an (internally
determined) impedance of 600 Q (Fig.3.9a). The second is to use a very high
resistance output amplifier (current source) and to adjust the impedance to
that required using parallel passive components (a 600 Q resistor in Fig.3.9b).
This is the method used with the TEA1060 family of - speech/transmission*
circuits. Both methods have advantages and disadvantages.

| 600Q

Ivout 600Q 600 Q Vout 600 Q

— a) / b)

Fig.3.9 - Two methods of realizing an output stage:
a) active 600 Q output stage
b) high resistance output stage with parallel passive 600 Q termination.

In the TEA1060 family, the method in Fig.3.9b is combined with a very
simple way of making a DC supply point for the internal amplifiers and exter-
nal peripherals. A capacitor is connected in series with the 600 Q resistor
(Fig.3.10). If the value of the capacitor is high enough, it will have no inf-
luence on the set impedance.

600 Q

¥l cC
Supply

point T . _

Fig.3.10 - Simple supply point with current source output stage

*Note:  The electronic circuit which interfaces the microphone and earpiece
with the telephone line is called a speechitransmission circuit.
Philips produces a range of integrated speech/transmission circuits
called the TEA1060 family.
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3.3.2 Impedances; balance return loss

The most popular telephone set impedance is still 600 Q. This value originates
from the use of air-spaced lines with a characteristic impedance of 600 Q.
Underground lines used more often nowadays can be better characterized by a
complex impedance. The trend is therefore to switch over to complex set
impedances (e.g. in United Kingdom, West Germany and France). Normally, the
required set impedance is not expressed as an impedance but as a balance
return loss (BRL) figure. The balance return loss describes how accurately a
telephone set impedance approximates the nominal impedance specified by the
PTT:

| Z + Znom |
BRL = 20 log
| Z - Zoom |

A high BRL indicates good matching, a low BRL indicates poor matching.
In Fig.3.11, circles of constant BRL are drawn in a complex impedance plane
using 600  as the nominal reference.

7dB
X 600 -
(€2)
400 10dB
14dB
200+ 20dB
0 .
200 |400 \ 600 /800, 1000 |1200 R
200 )
-400 -
—sooJ

Fig.3.11 - BRL with respect 10 600 Q in complex impedance plane
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If the characteristic impedance of the telephone lines is complex, then
the termination of the set also has to be a complex impedance. A mnetwork
used in the United Kingdom is given in Fig.3.12.

620 Q

370 Q

310 nF

Fig.3.12 - Complex network used in the UK to terminate telephone lines

The use of such a complex network doesn’t make any difference to the defin-
ition of BRL. The formula is valid for both real and complex line
terminations. However, it’s not possible to use Fig.3.11 to read the BRL for a
particular telephone set impedance, because the ideal set impedance is fre-
quency dependent. A set of circles of constant BRL must be therefore be
calculated for each frequency. Circles of constant BRL for the network shown
in Fig.3.12 are given in Fig.3.13 for frequencies of 300, 1000 and 3400 Hz.

X
Q) 400 4
200 -
o200 400 600 890~1000.3200 1400 1600
otz7 R(Q)
-200
3400
-400 Hz
16 dB 16 dB (300 Hz)
-600- (3400 Hz) 16 db
(1000 Hz)
-800

Fig.3.13 - Circles of 16 dB BRL with respect to network of Fig.3.12
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3.3.3 Line loss compensation

Speech signals are attenuated by the telephone line between subscriber and
exchange. The average attenuation of a 0.5 mm? telephone line is about
1.2 dB/km. Assuming that telephone lines have a length between O and 10 km,
speech signals arriving in the exchange can vary by more than 10 dB. CCITT
recommend a maximum loss on the subscriber line of 12 dB. The total atten-
uation including the other subscriber’s telephone set can be twice that (up to

24 dB) (Fig.3.14).
Exchange ‘

@ km line @ km line
@ dB att. @ dB att.

L™

Exchange

1@ km line 1@ km line
12 dB att. 12 dB att.

Fig.3.14 - Attenuation caused by the telephone line

3.3.3.1 Line loss compensation by adapting microphone and earpiece

Some PTTs have taken measures to equalize the line loss variation. One way
is to use different types of microphone with different sensitivity. For long-
line subscribers, a more sensitive type can be installed to compensate for the
extra line loss. In electronic telephone sets this system can be replaced by a
system in which the gain of the amplifiers can be easily adjusted (e.g. by
jumpers). This is done in Austria with two or three gain levels in the sending
and receiving amplifiers.

3.3.3.2 Line loss compensation by line current dependent AGC

Because telephone lines have a fixed resistance per unit length, and exchanges
a fixed supply voltage and coil resistance, the line current in a particular
subscriber line gives a indication of the line length according to the following
formula:

Vexchange - Vset

line current =
Rexchange + Rset + Riine

The line current can therefore be used to adjust the gain of the amplifiers in

the telephone set automatically in such a way that (part of) the line loss is
compensated.
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This is an option with the TEA1060 family. Here, the gain of the sending
and receiving amplifiers is changed for line currents which correspond to
telephone lines of 0 km (6 dB gain reduction) to 5 km (0 dB gain reduction)
(assuming a loss of 1.2 dB/km). The gain control facility must be adapted to
the supply voltage and coil resistance of the exchange by a resistor. Figure
3.15 illustrates this principle with the TEA1060 for a variety of exchanges.

Cable Gain
length control
(km) (db)
Gain 0 T i 50 r . 5 Cable
control _, \\ N T ( i - 2\\‘\;\\\‘ \\ 4 length
(db) 2 24{V\ 331 8\\’ iVex'charLge _2 36V 4%L\A\60‘ Vexchange (km)
\ ] L WY N L
NERMNSNEENSERNNN 3
\\\ \ N ! ! 2 ; v\ W\
-4 N L4 j VAN N r2
61.9 K\ 100\ 740 Re | _ | ARAN |
-5 KOO 15 —M\a3\120 R !
-6 N ~J Jo-6 68 kQ\\@\ kﬂ\\ | 1o

0 10 20 30 40 50 60 70 80 90 O 10 20 30 40 50 60 70 80 90

) lline (MA) line (MA)
Gain control Gain control

————Cable length ————Cable length

Fig.3.15 - Automatic line loss compensation of the
TEA1060 for 400 Q (left) and 800 Q (right) bridges

In France, a different system of automatic gain control is used. The line
current in France must be limited to a maximum of 50 mA by a current
limiter in the telephone set. As a rtesult, the line voltage will increase
automatically if the current limiter comes into action. The line voltage
therefore gives an indication of the line length and can be used to realize an
automatic gain control system.
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3.3.3.3 Line loss compensation by dynamic gain control

This method of dynamic gain control assumes that the average sound level of
an individual’s speech is constant. The gain control of the sending and recei-
ving amplifiers is based on the average amplitude of the AC signals. People
who speak softly into the microphone, therefore, get a high gain, and people
who speak loudly, a low gain. One method is dynamic limiting of the micro-
phone stage (horizontal part of the curve). Limiting avoids clipping the
sending signal with very high level microphone signals; this facility is built
into the TEAI064 speech circuitry. A further improvement can be realized if
electronic squelch is incorporated in the speech circuitry; ie. reducing the
amplifier gain for low amplitude inputs to eliminate background noise (Fig.3.16
dotted line).

Line voltage A
(MmVims)

300

30

Squelch

= — - —

3_

’

T T T T
70 80 90 100 110 SPL (dB)

Microphone input

Fig.3.16 Dynamic gain control in the transmitter channel
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3.3.4 Anti-sidetone circuits

As previously explained, a balance transformer can be used to prevent the
microphone signal being heard in the earpiece of the same telephone set
(Fig.3.17). The microphone is connected to the centre tap of the transformer,
the telephone line (characterized by its impedance Z) to the left connection,
and the balance impedance (impedance Z’) to the right connection. If imped-
ances Z and Z’ are equal, no microphone signals will be induced in the
secondary winding and be heard in the earpiece.

Fig.3.17 - Anti-sidetone circuit with transformer

Each telephone set has its own telephone line characterized by its own
length and therefore by its own impedance. In practice, telephone lines be-
tween the subscriber and the exchange can be from 0 km to more than
10 km. Ideally, the balance network Z’ should be optimized for each
subscriber, but this is not practical. Therefore, most PTTs optimize the
balance network Z’ for an average telephone line (e.g. a line of 3 km for
systems without, and 5 km for systems with, automatic gain control; for all
other line lengths a certain amount of sidetone is accepted). This level can be
reduced further by using two anti-sidetone networks: one for short lines, the
other for long lines. These networks can be automatically selected by
measuring the line current (for an indication of the line length).

In electronic telephone sets, the function of the transformer is performed
by a transformer-less bridge circuit. This can be a simple Wheatstone bridge
(section 1.2.2 and 3.3.4.1) or the TEA1060 anti-sidetone bridge (section

3.3.4.2).
3.3.4.1 Wheatstone bridge

This well-known bridge circuit (Fig.3.18) is shown in an application with a
speech/transmission circuit. Figure 3.18a is drawn in a normal way; Fig.3.18b
is the same circuit but redrawn in such a way that the bridge components
can be recognized more easily.
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Fig.3.18 - Wheatstone anti-sidetone bridge with a speech/transmission circuit

The balance condition for this bridge is:
Zba] xR9 =R8xR1// Zline

R8 R1 X Ziine
or Zpg="" x ————
R9 R1 + Zline

These calculations show that it would be difficult to have complete sidetone
cancellation for every length of subscriber line. This would require a different
Zya for each line length.

An advantage of this bridge is its simplicity. Furthermore if R8 >> R9
then Zpa is a high impedance which results in a smaller value of capacitor in
Zbal.

The main disadvantage can be seen in Fig.3.18; the balance network is
part of the voltage divider for the received signals, so this bridge will intro-
duce a frequency dependency for received signals (normally 3 to 4 dB over
the 300 to 3400 Hz band). ’
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3.3.4.2 The TEA1060 anti-sidetone bridge

The TEA1060 can be used in the Wheatstone bridge configuration of Fig.3.18.
However, moving Zpa to another point in the bridge avoids frequency
dependency problems with the received signal. This is illustrated by Fig.3.19
and the new bridge is called the TEA1060 anti-sidetone bridge. This bridge is
shown in Fig.3.19a drawn in the normal way, and Fig.3.19b shows the bridge
drawn in such a form that the bridge components can be more easily
recognized.

R1
620
Q

RECEIVING
AMPLIFIER

[
|

7297788

MICROPHONE
AMPLIFIER
&

(@) 3 et

RECEIVING
AMPLIFIER

(b)

7297789

Fig.3.19 - TEA1060 anti-sidetone bridge

The balance condition for this bridge is more complicated to calculate; two
equations must be fulfilled simultaneously:

a) R9 x R2 =R1 (R3 + (R8//Zpa1)

R8
b) Zbal = X Zline
R1

This bridge configuration only introduces some tenths of a dB of frequency
dependency for the amplitude of received signals. More details on bridge
configurations are given in Philips publication 9398 341 10011; "The TEA1060

family designers’ guide".
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3.4 Loudspeaking facilities

There are two main loudspeaking features:
o listening-in (also used as on-hook monitor)
 hands-free or speaker-phone facility

3.4.1 Listening-in/on-hook dialling monitor

This facility is the amplification of the receiving signal for a loudspeaker so
that the telephone conversation can be followed by more than one person in
the room. This loudspeaker function can also be used during on-hook dialling
to monitor the dialling and ringing tone, and to hear when the called party
answers the call. Figure 3.20 shows an application circuit where a loudspeaker
amplifier is connected to the output of the speech/transmission circuit (QR-)
and a potentiometer is used to control volume.

There are two problems with listening-in circuitry; the limited telephone
line supply, and feedback from the loudspeaker to the handset microphone. To
deliver sufficient energy to the speaker, an electronic "inductor" (TEA1081 in
Fig.3.20) or a bulky coil can be used to increase the current available from
the telephone line. A mains supply can be used but this will make the system
significantly more expensive and extra mains isolation (section 6.4) will also
be necessary.
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Fig.3.20 - Schematic of the sound part of listening-in telephone set
with TDA7050 listening-in amplifier and TEA1081 supply circuit
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The schematic for the audio path is shown in Fig.3.21. Depending on the
distance between the loudspeaker in the base of the telephone set and the
handset microphone, part of the received signal is fed back through the audio
path by the microphone to the telephone line. It’s attenuated by the anti-
sidetone network to the receiver input (the total attenuation depends on the
line length and the optimization of the ‘sidetone circuit). Amplified to the
earpiece output (QR) and again amplified by the loudspeaker amplifier, the
same signal will be output by the loudspeaker. Howling (singing) will occur if
the total gain in signal path is greater than or equal to 1 (the Larsen effect).
This howling occurs only when the handset is close to the base; mostly when
the handset is taken off-hook or replaced at the beginning or end of a con-
versation. Sophisticated telephone sets implement special precautions which
avoid or limit this howling effect. The solution shown in Fig.3.20 does not
have any anti-Larsen precautions.

Microphone
amplifier
NG Line
f/’ D V T
Acoustic Anti-sidetone
coupling ‘§ network
X R A I
-
N Receiver
Loudspeaker Receiving input
amplifier amplifier

Fig.3.21 - The sound path with a listening-in amplifier
telephone set and the howlround problem

3.4.2 Hands-free telephones

In 3.4.1 the received line signal had additional amplification to drive a loud-
speaker and the listener did not need to listen via the earpiece. If the micro-
phone sensitivity is increased by means of extra amplification the "user" can
also talk to the telephone set from some distance. Usually, a separate micro-
phone is built-in to the base of the telephone set, and the user can converse
without having to hold the handset. A telephone with this facility is called a
hands-free telephone. With listening-in, the loop from loudspeaker, to line, to
receiver input, to loudspeaker can generate howling. This loop is still present
with hands-free sets; the base microphone (with high sensitivity) is close to
the loudspeaker and the loop can easily oscillate if no special precautions are
taken by means of voice-controlled switches.
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Figure 3.22 is a block diagram of a hands-free/loudspeaking telephone set.
The function of voice switches VS1 and VS2 is to switch off the channel that
is not active. If the set is in the sending mode because sound is picked up by
the base microphone, VS1 is closed and VS2 is opened to avoid feedback via
the hybrid coupling network (TEA1060 family speech/transmission circuit). If
the set is in the receiving mode (audio from line to the loudspeaker) then
switch VS1 is opened and VS2 is closed so feedback via the base microphone
is blocked.

Telephone
line

Handset
microphone Earpiece

O P HAHBH~ -

'—O‘r _—}'—i
TEA1060 family A
®
v {>c
S1 /: T . VS2
A DUCO

+ -
O > i L4 > H(
Base PD1 PD2 Base
microphone Loudspeaker

Fig.3.22 - Hands-free/loudspeaking telephone set

Superior performance can be achieved by substituting switchable attenuators
in both channels (instead of switching the channels completely on or off).
Both voice switches are controlled by a duplex controller (DUCO) which is
essential to the operation of this type of set. The DUCO detects which
channel the strongest signal is present. It then switches off the attenuator in
that channel, and inserts the attenuator in the channel with the weaker
signal. An application with the TEA1060 family in a line powered hands-free
telephone set is described in laboratory report ETT8508. The attenuation
between loudspeaker and microphone is heavily dependant on the acoustics of
the telephone casing and the room in which the telephone is located. Also
background noise and line signal conditions have a strong influence on the
correct operation of this voice-controlled system. In other words the hands-
free loudspeaking feature is a very complex problem for the designer of a
telephone set.
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4. THE DIALLING PART OF A TELEPHONE SET
4.1 Electronic pulse dialling

The pulse dialling system (section 1.3.2) uses line current interruptions to
signal the digits dialled to the exchange. The number of line current
interruptions corresponds with the digit dialled except for the digit ‘0’ which
is characterized by 10 interruptions. The interruption rate normally is 10 Hz
(tm + tp = 100 ms in Fig.4.1) although faster dialling rates are also used
(16 Hz in Colombia and, 20 Hz in Japan and in some private exchanges
(PABX)). Digits are separated by the time required for the dial to rewind and
be wound up again. This is called the interdigit pause (tiq in Fig.4.1). The
ratio of the off-time (t,) and the on-time (ty) of the line current switch is
called the break-make-ratio (BMR) or mark-space-ratio. It is typically 3:2 (60
ms break and 40 ms make) or 2:1 (67 ms break and 33 ms make) in a 10 Hz
system.

tid

A
v

1

01 0.2 03 04 05 06 0.7 08 09 10 1.1 1.2 1.3 t(s)

":tb:"’

Fig.4.1 - Telephone set current during pulse dialling
(in this case dialling ..-2-2-..)

4.1.1 Electronic pulse diallers

Keypad-operated electronic pulse diallers have been developed to offer sub-
scribers connected to older exchanges with only pulse dialling, similar advant-
ages to those connected to exchanges compatible with keypad operated DTMF
sets. These pulse diallers convert push-button inputs into a stream of binary
codes that can drive an electronic line current interrupter (relay or trans-
istor) and a mute switch for the speech part. Together they emulate the
rotary dialler function.

Since digits can be entered on the keypad much faster than they can be
entered with a dial, a buffer memory is required. This buffer memory can be
adapted very easily to function as a last number redial memory. This allows
redialling of the last number dialled simply by pressing one button (usually
the ‘R’ or ‘#’ button). Most electronic pulse diallers have this redial function.

Usually an inaccuracy of £10% is allowed in pulse dialling systems. Some
types of pulse diallers use a stable and reliable quartz or ceramic resonator
but an RC controlled oscillator can be used if the +10% accuracy can be met.
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The logic output signals generated by electronic pulse diallers have "stand-

ardized" names:

DP: Dial pulse signal controlling the line current interrupter

DP: Inverted DP signal

M1: Mute signal indicating when the speech part has to be muted. Active
during dialling including interdigit pauses,

MI: Inverted M1 signal

M2: Digit mute signal. Unlike the M1 signal this signal is only active during
breaks and makes but not during the inter digit pauses

M3: Logic combination of the M1 and Dp signal M3 = M1.DP) needed in the
parallel architecture system (see section 4.1.2).

These logic signals are illustrated in Fig.4.2.

1 I
] l—_"
M2 l I R S
L7 S 1 1 O I

Fig.4.2 - Logic signals of a pulse dialler if ‘62’ is dialled

4.1.2 Architecture of a telephone set

Principally, there are two ways to connect a pulse dialler interrupter in a

telephone set:

. In the series pulsing system, the interrupter is connected in series with
the speech part (Fig.4.3a). The interrupter must be driven by the DP
signal, while the speech part must be muted (or short circuited) by M1.

. In the parallel pulsing system, the interrupter is connected in parallel
with the speech part (Fig.4.3b). In the speech mode, the interrupter is
opened. As soon as the set enters the dialling mode, the speech branch
is discon-nected by M1 while the current is taken over by the inter-
rupter switch in the dial branch (M3). After dialling (M3), the inter-
rupter switch is opened and the speech branch is connected to the line
again.
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With the series pulsing system it is easy to construct an interface (supply and
logic signals) between the speech and dialler circuitry. The advantages are:

. only one line interface - fewer external components

. click-free muting because the speech circuit stays switched on

. easy addition of extra dialling facilities.

The parallel pulsing system results in at least two line interfaces. Switch-
over is controlled by M1 and pulse dialling by M3. The advantages are:

. its compatible with a conventional set

. the speech circuit can be in the handset where it will be less sensitive

to Radio Frequency Interference (RFI) because it’s connected by shorter
wires.

f Speech

M1
Speech
’ part
T

<«M3 = M1 x DP

el

Fig.43 - Pulsing systems
a) series b) parallel

Speech | M1 | Dialler
circuit circuit

A
1l

Fig.4.4 - Popular interrupter circuit for series pulsing

Figure 4.4 shows a practical series pulsing circuit with two transistors.
Notice that to drive this circuit correctly, the pulse dialler must generate a
DP signal at an open drain output. The redial capacitor provides a back-up
voltage for the redial memory of the pulse dialler while the handset is on-
hook. The diode prevents discharging of the redial capacitor via the switched-
off speech/transmission circuit.
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The duration that the contents of the redial memory can be retained in
this way varies from several minutes to half an hour (depending on the initial
voltage, the retention current, and the capacitance and leakage current of the
redial capacitor). The time can be extended by taking the retention current
(some micro amperes) from the telephone line via a resistor of several MQ
(dashed in Fig.4.4). This method is not allowed by all PTTs, but another way
to extend the redial time is by using a battery to provide the back-up voltage
(section 6.3).

4.1.3 Alternative pulse dialling systems

There are other pulse dialling systems e.g. that used in the city of Oslo and
in Sweden. In Oslo the digits are (except for the‘0’ which is normal)
distributed in a complementary way by the rotary dialler. In Sweden, the
number of pulses is equal to the digit dialled plus 1, and ‘0’ equals 1 pulse.
The differences are listed in the Fig.4.5.

number of digit dialled
interruptions normal Oslo Sweden
1 1 9 0
2 2 8 1
3 3 7 2
4 4 6 3
5 5 5 4
6 6 4 5
7 7 3 6
8 8 2 7
9 9 1 8
10 0 0 9

Fig.4.5 - Oslo and Swedish system of pulse dialling

These differences don’t cause problems in telephone sets equipped for
pulse dialling only, because adapting normal pulse dialling circuits to one of
these systems is simply a matter of renaming the push-buttons. For telephone
sets incorporating both the pulse and DTMF function, it is more of a problem
because the push-buttons don’t have the same meaning for both pulse dialling
and DTMF dialling. The problem can only be solved by using a special dialler.
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4.2 DTMF dialling
4.2.1 Principles

To speed up the dialling procedure and to make it more reliable, a new
dialling system was introduced in 1970. In this system digits are transmitted
as two tones simultaneously. This explains the name Dual-Tone Multi-
Frequency (It’s also known as DTMF, tone dialling, and MF dialling). The
tone frequencies are selected to avoid harmonic interference from speech
signals. There are eight frequencies defined in the DTMF system; four in a
low frequency group (697-941 Hz) and four in a high frequency group
(1209-1633 Hz). A valid digit is defined as one tone out of the low frequency
group together with one tone out of the high frequency group. In total there
are sixteen combinations possible as indicated in Fig.4.6.
high frequency group
12090Hz 1336 Hz 1477Hz 1633 Hz

low 697 Hz 1 2 3 A
frequency 770 Hz 4 5 6 B
group 852 Hz 7 8 9 Cc

941 Hz * 0 # D

Fig.4.6 - DTMF tone assignments

Normally, only the digits 0,1,...,9 are used, but some systems also support
the * and # signals or even all 16 signals for special functions.

The maximum dialling speed with a DTMF system (limited by the
detection time required by the DTMF receiver in the exchange) is typically 7
digits/sec. (assuming a tone burst of 70 ms). With the pulse dialling system,
the dialling speed (assuming a dialling rate of 10 Hz and interdigit pauses of
0.8 s) varies between 1.1 (for ‘1’s) to 0.56 (for ‘0’s) digits per second
(average rate 0.8 digits per second). The DTMF system is therefore almost 10
times faster!

As well as the dialling function, another application for DTMF is low-
speed data transfer e.g. home banking, credit card verification, domestic
remote control and exchange facilities.
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Fig.4.7 - DTMF signal on telephone line

4.2.2 DTMF generation

Two tunable oscillators (one for the low frequency group and one for the
high frequency group) can be used to generate DTMF tones (Fig.4.7).
However, due to the rather accurate frequency demands (usually *1.5%
spread), LC oscillators incorporating a heavy, expensive coil are required.
When IC techniques became available (around 1974) ICs were put onto the
market with a crystal oscillator and two synthesizers which generate the
DTMF tones digitally.

Although it can’t synthesize the exact DTMF frequencies, an inexpensive
crystal (originally intended for NTSC colour television) has turned out to be
by far the most popular type of DTMF synthesizer clock in Europe. It
generates a frequency of 3 579 545 Hz and this can be divided down to the
DTMF fre-quencies with only a small error (Fig.4.8). Low cost 3.58 MHz

bf. sroad in o variane AnanNntriag

Ceramic resonators ca € USEd in various countrics.

frequency frequency error error
required generated in Hz in %
697 697.90 +0.90 0.13
770 770.46 +0.46 0.06
852 850.45 -1.55 0.18
941 943.23 +2.23 0.24
1209 1206.45 -2.55 0.21
1336 1341.66 +5.66 0.42
1477 1482.21 +5.21 0.35
1633 1638.24 +5.24 0.32

Fig.4.8 - Division errors in PCD3311/12 DTMF generator

The resulting dividing errors are well within the tolerances allowed
(£1.5%) even when the inaccuracy of the quartz crystal itself, is included.
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4.2.3 Amplitude and distortion requirements
4.2.3.1 European requirements (CEPT recommendations)

The CEPT (Conference des Administrations des Postes et des
Telecommunicatins) specify two options for the amplitude requirements:
Option 1: amplitude low frequency group tones: -11 dBm + 2 dB
amplitude high frequency group tones: -9 dBm + 2 dB
pre-emphasis: 2dB = 1 dB
Option 2: amplitude low frequency group tones: -8 dBm * 2 dB
amplitude high frequency group tones: -6 dBm + 2 dB
pre-emphasis: 2 dB + 1 dB

Figures 4.9a and 4.9b show these two options graphically. The cross-point of
the low and high frequency group amplitudes must fall within the boxed areas.

High High
frequency frequency
group group
(dBm) (dBm)
-10- -5
-15 T ] -10 T n
-15 -10 -5 -15 -10 -5
Low frequency Low frequency
group group
(dBm) (dBm)
(a) option 1 (b) option 2

Fig.4.9 - CEPT DTMF-amplitude requirements

The difference between the amplitudes of the high and low frequency
groups is called pre-emphasis; this compensates for the line losses which
increase with frequency. In Europe the amplitude requirements must be
fulfilled over the whole line current and ambient temperature range. Often an
extra stabilized supply voltage is required to achieve this. All Philips CMOS
diallers offer voltage stabilization on-chip.
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The CEPT specify two requirements for DTMF tone distortion:
1)  The total power level of all unwanted frequency components must be at
least 20 dB below the low frequency group component of the signal.
2) - The level of any unwanted frequency component must be below the fol-
lowing limits:

300 Hz - 4300 Hz : -33 dBm

4300 Hz - 28 kHz : -37 dBm at 4300 Hz falling 12 dB/octave

28 kHz - 70 kHz : -70 dBm

70 kHz - 200 kHz : -80 dBm

above 200 kHz : -70 dBm

See Fig.4.10.
-304
dBm
-40-
_50 -
-60 -
~704 —_
-80 T T T T -
100 Hz 300 Hz 4.3 kHz 28 kHz 70 kHz 0.2 MHz

Fig.4.10 - Distortion requirement 2 according to CEPT

These distortion requirements are not so much a problem for the LC or
RC DTMF generators, but more for the synthesizers which generate sinewaves
approximated from square waves.
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In the PCD3310/11/12, the frequencies are composed of 23 square wave
steps per full cycle of the sine wave. This results in strong 2279, 24 45t
47" harmonics. Figure 4.11 shows a synthesized sine wave. The number of
time slots is the same for all tones (23) and the amplitudes are quantized to

5-bit accuracy.

=10

-15-

Fig.4.11 - The synthesized sine wave.

To bring this harmonic distortion within the CEPT requirements, extra
filter components are required. Note that such a filter can influence the
amplitude of the DTMF signals, especially over the high frequency group, and
this may affect the pre-emphasis.
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All Philips CMOS DTMF diallers, generators, or microcontrollers with
DTMF generators on-chip, also have the complete filter on-chip e.g. the
PCD3310 which has an on-chip switched-capacitor filter. The spectrum for the
digit ‘1’ generated by the PCD3310 is given in Fig.4.12.
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-100

frequency (kHz)

Fig.4.12 - Typical frequency spectra of a dual-tone
signal after flat-band amplification of 6 dB

4.2.3.2 USA requirements (RS470)

The requirements for the amplitude and distortion for the DTMF tones in the
USA are considerably easier to fulfill than those for Europe. The amplitude
requirements are shown in Fig.4.13. There are two limits given; one for a line
current of 25 mA, and one for a line current of 100 mA. For intermediate
line currents, the maximum and minimum limits can be read from the figure.
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Automatic gain control is permitted but not required. If no automatic gain
control is used, the amplitudes of the DTMF tones must remain within the
cross-hatched area of the figure. Note that the maximum level is given for
maximum addition of the high and low frequency group levels.

High
frequency
tones Q-+
(dBm)

~5

-10+

1

- T
-15 -5

Low frequency
tones
(dBm)

Fig.4.13 - RS470 DTMF amplitude requirements

The total power of unwanted frequency components within the band
500 Hz to 3400 Hz must remain at least 20 dB below the power of the DTMF
frequency pair.

4.2.4 Interface to the telephone line

The DTMF tones generated by the DTMF dialler must be applied to the tele-
phone line respecting the AC and DC requirements of the PTT (i.e. BRL and
voltage drop as a function of line current). Most bipolar DTMF diallers
incorporate an on-chip line interface making it possible to connect them (via
a polarity guard bridge) directly to the telephone line (Fig.4.14).

CMOS DTMF diallers are designed to operate together with an electronic
speech transmission IC with a DTMF interface. They don’t incorporate an
on-chip line interface. This approach results in very simple and efficient
circuit designs. The DTMF dialler is powered from the speech-circuit
peripheral supply point. The DTMF tones are transmitted to the telephone line
via the speech-circuit line interface. The mute signal generated by the DTMF
dialler, controls the speech circuit and determines when to transmit speech
and DTMF signals. The switch-over from speech mode to dialling mode (and
back again) can be realized without noticeable audible clicks.
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Fig.4.14 - Interfacing a bipolar DTMF dialler to the telephone line

If the speech circuit passes part of the signals on its DTMF input to the
earpiece output, a confidence tone will be introduced. This approach is called
the common line interface architecture because both the speech and dialling
parts of the telephone set are connected to the line by the same interface
(see Fig.4.15 and section 4.1.2).

Supply ’_l[l

I'_fl@

Mute
DTM
TEA 1060 | DTMF | h3310
D_ family
-
l:o\wer [PIFIRIE]
down Dialling
a/b BST74 pulse
|76
; il
ine N
b/a Speech/ DTMF/Puise
—— transmission dialling
circuit circuit

Fig.4.15 - Example of common line interface architecture

If an appropriate speech circuit is not available for interfacing the CMOS
DTMF dialler to the telephone line, a separate line interface for the dialler
must be used. This usually requires a fairly large number of discrete comp-
onents.
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5. THE RINGER
5.1 Supply

The principles of the telephone set supply are explained in section 2; the DC
line current enters the telephone ringer via a feeding bridge which includes
some resistance and high inductance. In the exchange, several AC signals are
superimposed on this DC; dialling tone, busy tone, tariff pulse, and a ringer
voltage. A rather high voltage is used to alert a subscriber. This may be
superimposed on the DC signal (depending on the exchange).

Ib

—
a g
V,T —»Z; +:! .
bz_——é1 R1 ¢ off e |l

Fig.5.1 - AC-to-DC conversion

On-hook, the ringer circuit is connected to the telephone line via a
series-connected capacitor Cl and resistor R1. The capacitor blocks DC and
the resistor defines the minimum impedance, affords protection against mains
spikes and lightning induced surges, and sufficiently reduces the power
requirements to allow IC implementation of an electronic ringer. The AC line
voltage (e.g. 50 V RMS/25 Hz) is converted to a DC supply voltage Vy that
delivers power to the ringer circuit (equivalent resistance Req in Fig.5.1.).
This DC supply is converted by the ringer, via an output driver to AC for the
transducer which converts it to audible sound. The AC-to-DC conversion
depends on the ringer frequency, and on the values of C1, R1, and Req. The
required minimum input impedance Z; varies according to PTT requirements,
and on whether series or parallel connection of ringers is permitted (Z; is the
RMS input voltage divided by the RMS input current). Figure 5.2 shows an
application diagram of a simple 2-tone ringer circuit with a piezo-electric
(PXE) transducer.
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Ci
a/bo—| T
1 uF 2.2 kQ
Loadspeaker
L
Ringer IC
b/a O—— I

E

Fig.5.2 - Ringer circuit

5.2 Characteristics

The AC ringer voltage varies from 32 to 90 V RMS, and its frequency from
25 to 50 Hz (minimum of 16 Hz e.g. Japan, maximum 60 Hz). The ringer
operates when a burst (or series) of alternating voltages are applied. Timing
of the AC voltage varies considerably for different countries and exchange
types. Another very important characteristic is the impedance of the ringer
circuitt. On one hand, the ringer energy is limited, but on the other, an
alerting signal is required. The signal level is not only influenced by the line
length, but also by the number of ringer circuits connected in parallel with
the same line. To achieve a sufficiently loud ring, large and expensive bells
or sirens are needed. The introduction of electronic ringers allows a much
higher frequency (500 - 1500 Hz) alert signal with increased audibility because
the sensitivity of the human ear in this frequency region is greater. Elderly
and disabled people can also hear these frequencies much better.

5.3 Multiple-tone ringers

Electronic tone ringers generate tone bursts during the AC bursts. Tone gen-
eration may be single-, dual-, triple-, or multi-tone sequences depending on
the ringer type. The more advanced multi-tone ty.- ; are more pleasant. These
have a ringer tone generator which generates the tone frequency during the
on-sequence; the frequency is modulated in an LF rhythm. This produces a
warble tone in sync. with the AC burst. The 2- and 3-tone ringers reproduce
their fixed multiple frequencies continuously.
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Yet more advanced is the multi-tone ringer which can generate complete
melodies to customize telephone ringers in an office environment. The four
standard PCD3360 melodies are shown in Fig.5.3.

pin state tone sequence output at pin TONE
TS2 TS1
T ; A )
L L —r 11 = [ | " ¥ FF
T T 4 g 1 T T 17
P I I .. 0. S IS NS O = = S N |
tone code 3 33444222777 66 6
L H o R o s W 92 R 7 O = B o W
| o 1 o T o4 | o 1 4 1 4 T o | 4
tone code 131313131313 1313

tone code 4 5 4 5 4 5 4 5 45 45 45 4 5

H H Y S Y A A O A

tone code 4 4 4 044 4 044444400
7287949

—H

Fig.5.3 - PCD3360 Standard melodies

The ringer can be a PXE transducer or a small loudspeaker. The PXE
transducer is very attractive because it can be connected directly to a high
impedance square wave output and, if properly designed, can be very efficient
at the higher frequencies. The difficulty with a small loudspeaker is that is
must have a high impedance (a few kQ) and is therefore rather expensive. An
impedance transformer or a class-D output stage must be used to drive a low
impedance loudspeaker (e.g. 50 Q). When set in the loudspeaker mode (DM =
LOW), the PCD3360 has a class-D output (Fig.5.4).
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5.4 Features

Extra features are possible with electronic ringers. Anti-tinkle protection
avoids ringer activation during pulse dialling (10 Hz) on a parallei connected
set. Another feature is automatic swell. Here the output level progressively
increases in steps after the ringer voltage has been applied for the first time.
This gently increases the alert volume.

The output from the PCD3360 is a delta-modulated signal that approx-
imates a sine wave sampled at 32 kHz. The duty cycle of this signal can be
controlled thereby also controlling the DC resistance, the input impedance and
the alert volume (Fig.5.4). Automatic swell can be selected whereby the duty
cycle, and therefore the alert volume, increases in three steps so that the
maximum level is reached after the third AC ringing burst.

Voo

DM = HIGH
(PXE)

Tund = 48x 31,25 =1500 45

41111

10 20 30 40 48

each pulse has a duration of 1

Fig 5.4 Output waveforms of the PCD3360 in PXE mode and loudspeaker mode
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6. ADDITIONAL FACILITIES WITH FEATURE-PHONES

Telephone sets with enhanced user facilities are called feature-phones. These
facilities enhance the three basic operations; speech processing, dialling, and
alerting:

Speech processing enhancements:
. receiver volume control

. listening-in

. hands-free.
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Dialling enhancements:
° redial

. repertory dial

. extended redial

. notepad

. flash

. PABX digits

. direct dialling

. on-hook dialling
. music on hold.

Ringer enhancements:

. multiple tone and dedicated melody generation
. automatic swell

. built-in anti-tinkling.

6.1 Architecture

For a basic telephone set, there may be a requirement for one IC for each of
the three basic functions (dialling, speech and alert). With feature-phones,
additional functions may require several more ICs or a higher degree of inte-
gration. For basic telephone sets, the availability of sufficient current to
supply the ICs presents the problems described in section 2. With feature-
phones, these supply problems are even more severe because of the current
requirements of the additional ICs. In some circumstances, it may be neces-
sary to consider a mains power supply. For cost/production reasons the future
trend will be in the direction of integrating the three basic functions on one
chip. Of course, in future, BICMOS or analogue CMOS will facilitate effective
integration of the three basic functions on one IC. However, for now, it is
still far more effective to use bipolar technology for the speech and ringer
parts, and CMOS technology for the dialling part. The architectural
approaches for the three basic parts must therefore be analyzed separately.

6.1.1 Speech/transmission architecture

In the speech/transmission part, two architectural approaches are possible:

. single-chip approach - the basic speech/transmission functions and
facilities for listening-in and hands-free are built-in. The drawback is
that it requires at least three separate solutions; one for basic tele-
phones, one for basic telephones with listening-in facilities, and one for
feature-phones with listening-in and hands-free facilities.

. building block approach - for the basic speech/transmission functions,
one common solution is used for all telephone sets (the TEA1060 ap-
proach). An additional block for telephone sets with a listening-in
facility (TEA1081 and TDA7050 solution) and another block for the
hands-free facility can simply be added. This gives manufactures planning
production of comprehensive families of telephone sets, a more flexible
and economic solution than the single-chip approach.
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6.1.2 Dialler architecture

The dialler has three main architectures:

1.

a one-chip architecture - including microcontroller, memory, LCD
drivers, DTMF and clock/calender on one chip. It may offer a low-cost
solution, but the design is less flexible.

building block architecture by means of I°C- bus connected ICs - This is
a multi-chip, highly flexible solution, with the advantage of short
development times. This is an economic approach (see PCD3315 and
PCD3343 I?C-bus feature-phone concept Figs 6.1 and 6.2). The
PCD3315/43 feature great flexibility with a low pin-count; all information
is handled by the I*C-bus via the serial SDA and SCL lines, and no
extra pins are required for decoding, addressing, or data conversion. The
100 kbit/s I?C-bus is fast enough for most telephone set applications.
The ICs should either have the I?C-bus interface on-chip, or a software-
emulated equivalent can be implemented using two of the micro-
controller’s I/O pins.

one-chip basic telephone set architecture with add-on module for LCD
and clock calender function - The controller includes the dialler,
memory, and DTMF generator. An additional LCD module,including a
clock/calender function, can be added for the feature-phone if required.
This has economic advantages over the two other architectures. It offers
one solution for all electronic telephone sets with the flexibility of the
add-on LCD display and clock/calender function (with an additional
module) offering increased layout flexibility (examples: PCD3344/002 and
PCD3344/004; Fig.6.3).

Purchase of Philips I*’C components conveys a license under the Philips’
I’C patent to use the components in the I*C-system provided the system
conforms to the I’C specification defined by Philips. More information
can be obtained from the brochure "The I*C-bus ICs" publication no.
9398 342 9011, and the "I*C-bus specification” publication no. 9398 336
70011.
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Fig.6.1 - Feature-phone using dedicated microcontroller PCD3315C
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6.2 Feature-phone facilities
6.2.1 Speech part facilities

. Speech/transmission circuit - This is the main line-interface for micro-
phone and earpiece signals, and also for the DTMF transmission and
peripheral supply. It can be adjusted to meet the DC and AC
requirements of a telephone set. The speech part is limited to ‘soft
speaking’ via the handset.

. Listening-in - This facility is used to amplify the received signal for a
loudspeaker so that more than one listener can follow the conversation.
Problems to solve include loudspeaker feedback through the microphone
and the ability to power the peripheral circuitry from the telephone line
(power for the loudspeaker). See section 3.4.1.

. Hands-free - With this feature the handset can be used for ‘soft
speaking’ and an additional microphone and loudspeaker for conference-
type communication. As well as the listening-in supply problems, another
problem is how to avoid feedback from the loudspeaker to the
microphone. One method is the use of a voice-controlled switch or
duplex controller (DUCO). This controls switches which connect either
the receiving or the sending channel to the line. See section 3.4.2.

6.2.2 Enhanced dialling facilities

. Redial - The last dialled telephone number is stored in a dedicated
memory and the previous one is overwritten. Repeated dialling is possible
with a single key press (redial button) if the line is engaged, or there is
no answer.

. Extended redial - Telephone numbers are stored in another memory for a
longer time and not overwritten after a new call. A special key
procedure is required to store and recall this extended memory number.

. Emergency call - This feature is also called direct call or hot line. In an
emergency, this number will be transmitted if the set is put in a special
state (e.g. via a key switch) and any key pressed.

. Note pad - This is a dial facility to program a telephone number during
a conversation with directory enquiries. After on-hook/off-hook this
number can be transmitted. Sometimes the memory allocated for this, is
common to redial and/or extended redial memory. This means for recall,
the user has to perform a similar key procedure.

. Repertory dial - This facility stores a catalogue of regularly dialled
telephone numbers. Two approaches are possible. Using a standard
keypad (0 - 9), a maximum of 10 repertory numbers can be redialled
with 2 keys (e.g. P then 0 - 9), or a maximum of 100 numbers can be
recalled with 3 keys (e.g. P then O - 9 and 0 - 9). The second solution
is an extended keypad with special buttons for repertory numbers; each
button represents one (sometimes two) repertory numbers, so the user
may attach a name card to it. This is also called one-touch memory.
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Chain dialling - This is a dialling procedure to dial several repertory
numbers within one call. This facility is useful if a long telephone
number consists of several parts, stored in different locations of the
Tepertory memaory.
PABX pre-digits - If the set is connected to a private automatic branch
exchange (PABX), the dialling procedure for external calls to the public
exchange (also known as central office) usually has to stop momentarily
(during access pause) to allow switch-through by the PABX. Because
these pre-digits are determined by the PABX, they’re fixed and the user
always has to dial the same code for external calls (e.g. 0). A circuit
can be built-in to the dialler to detect this pre-digit(s) for automatic
insertion with an access pause of a fixed duration e.g. 1 to 3 seconds.
Flash - This facility is also called register recall or white button
function. It is used to warn the local exchange that a call has to be
transferred. After the dialling tone has been heard, the caller can
continue dialling in the normal way. Two methods are used to warn the
exchange that a recall is required:
. connection of the a/b wires to the earth terminal of the telephone
set
. a timed break of the DC line current.
Both can be detected in the exchange (PABX) and offer the user
transfer of a call from one set to another within the same exchange.
The duration of such a flash is standardized to one of several values:
100 ms, 270 ms (France), 650 ms (USA).
Floating RAM - This is not a user facility but a method of using RAM
more efficiently. The telephone number for an international call may be
very long, but the average numbers may be much shorter than the max-
imum length. Instead of allocating a full memory block for each number,
RAM capacity can be used more efficiently by filling up the RAM space
completely without spaces. Usually an indication of a full memory is
required.
Music on hold - This facility allows a melody to be generated which can
be heard on the other subscribers’ phone to indicate that the subscriber
is on hold and not disconnected.
Confidence tone - Soft tones can be generated in the earpiece to
indicate when keys are pressed.
On-hook dialling - This is a dialling procedure that allows the user to
dial without lifting the handset. After the connection has-been made, the
handset is lifted and conversation can start. To monitor the dialling
procedure by the caller, a listening-in (or on-hook dialling) loudspeaker
facility may be built-in.
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Mix-mode dialling - There are two dialling methods; pulse and DTMF. In
most countries, there is a mixture of pulse and DTMF exchanges. For
economic reasons the PTT uses telephone sets with both dialling options
in the same set. These sets can also be used for mixed-mode dialling.
Here, the first part of the telephone number must be dialled by pulse
dialling and the second -part (usually for long distance calls) by DTMF
dialling. It is also possible to use these sets for facilities which require
low-speed data transmission e.g. home banking, credit card verification,
remote control etc. The use of pulse and DTMF dialling during one call
is called mix-mode dialling.

6.3 Memory retention

Memory retention of the stored telephone numbers is required even when the
handset is on-hook. There are several ways to do this:

Mains power - the set and RAM supply is from the mains. Problems
occur when the set is disconnected from the mains or if there is a
mains failure. It’s a very unreliable way to ensure memory retention
(Fig.6.4).

On-hook current - some administrations allow current to be drawn from
the telephone line while the handset is on-hook. However, only a very
limited standby current of a few microamps (via. a bleeder resistor) is
permitted.

Battery - The disadvantages of battery back-up are the limited lifetime,
extra space, cost and separation of the two supplies. This requires two
extra diodes to safeguard supply to the IC either from the telephone line
(during off-hook) or from the battery (during on-hook). See Fig.6.4.
Another disadvantage is that one forward diode voltage drop is lost. The
left-hand diode is therefore usually a Schottky type to limit the loss to
0.3 Vinstead of 0.7 V.

Voo

T 1<
Memory

Line supply via _I*Hook . Dialler IC
speech circuit -J— detection|ith memory back-up

battery
[Vss T

Fig.6.4 - Feature-phone with memory supplied by battery
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. Capacitor - In Fig.6.4, the battery can be replaced by a large capacitor
if only the redial memory is on-chip, if storage of the number last
dialled is only required for 5 to 30 minutes. The diode on the right-hand
side of Fig.6.4 can then be omitted.

. Non-volatile RAM (e.g. EEPROM) - It is possible to design RAM which
can be written and erased electrically so that the RAM contents are
retained when the phone is on-hook. Battery or capacitor supplies are
then unnecessary. Access times for writing and erasing can be rather
long (some 10 to 30 ms) but, for telephone number storage, this is still
acceptable. The Philips PCB8582 is a serial EEPROM with a capacity of
256 x 8-bit. Microcontrollers with on-board EEPROM are becoming more
and more common.

Where information has to be retained by the memory during stand-by, certain
procedures have to be built-in to prevent data loss. The Philips concept has 2
procedures:

] Power-on reset circuit on-chip - As soon as the supply voltage for the
memory falls below the minimum retention voltage, a reset is
automatically generated which can be used to clear part, or all of the
RAM; this avoids corruption of telephone number data and dialling of a
wrong number.

. RAM check procedure - This can be built-in to the microcontroller soft-
ware. Just prior to going on-hook, all RAM addresses with stored
telephone numbers are added and the 8 least significant bits are stored
in a special RAM address. After the handset is lifted again, the above
procedures are repeated and the new summation is compared with the
previous one. Inequality causes the memory to clear, and prevents recall
of incorrect telephone numbers.

6.4 Mains power supply

There are a few things to be considered with mains supplies:

. Isolation - PTTs require the isolation between the telephone line and the
mains to withstand a test voltage of 2 to 4 kV. Digital and analogue
circuitry connected between the telephone line and the mains must also
meet these safety standards; transformers and optocouplers can be used
for this purpose. Transformers use no secondary power but can only
interface AC signals. Optocouplers can interface AC and DC signals, but
also need supply current on the secondary side. With optocouplers, non-
linear behaviour with analogue signals causes problems with microphone,
earpiece and DTMF-dialling signals. Laboratory report ETT8709 describes
how optocouplers can be used for analogue signal communication with
little distortion.

. POTS - This abbreviation stands for Plain Old Telephone Service. A
feature-phone must always be able to perform simple manual dialling
during a mains failure. Usually, this requires extra dialling and speech
components at additional cost.
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1. INTRODUCTION

The considerations which played an important role during development of the UBA1702/A Line Interrupter Driver
and Ringer Circuit were the following:

= the circuit must be complementary to the existing range transmission circuits (TEA106X/TEA1 11X family) and
microcontrollers (PCD33XX) in such a way that these ICs in combination with the UBA1702/A offer a complete
system solution. Therefore the software controlled ringer concept is supported. In this concept the ringer-
melody is generated under control of (microcontroller-)software. This flexible approach makes adaptation of
the melody to the individual preference of the user possible.

« acerain degree of versatility must be built in to meet requirements for various countries.

= the number of required external (discrete) components must be minimized.

The proposed system concept will be illustrated with the help of figure 1.

PIEZO BUZZER

SPEECH

LINE INTERRUPTER/RINGER ks TRANSMISSION CIRCUIT
UBA1702 / UBA1702A TEA106X / TEAl1llX

suPPLY
33 microphone

earpiece

|
HANDSET !
E CONTROL !
suPPLYY § CONTROL » i
3
|
i
— MICROCONTROLLER KEYBOARD
Xtal
:J-E PCD33XX 111 ;
i
|
|
|
)

Fig.1 System concept corded telephone.

Two different operation modes can be determined:

the ringer mode. This mode occurs during 'on hook’, the set is in quiescent condition. After applying an

AC ringer signal to the set a square wave with twice the ringer signal frequency is generated by the
UBA1702/A. This square wave signal is checked by the microcontroller for the correct frequency (frequency
discrimination). In case of a correct ringer frequency a melody is generated by the microcontroller which is fed
back to the UBA1702/A in combination with a specific output volume setting. After a check for the correct ampli-
tude of the ringer signal the generated melody is amplified by the UBA1702/A as well to the desired level.

A piezo transducer makes the melody audible. The microcontroller is supplied from the telephone line via the
UBA1702/A.

the conversation / dialling mode. This mode is related with ‘off hook’, the set is in dialling or loop condition.

In this mode the UBA1702/A serves as an overvoltage- and overcurrent protection circuit for the transmission
circuit. The IC also contains a line current detection circuit to inform the microcontroller about the status of the
line and the hookswitch. In pulse dialling mode the UBA1702/A takes care of interrupting the loop current during
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the breakperiod and for proper set resistance during the make period. The microcontroller is supplied via the
UBA1702/A directly from the line or indirectly by the supply point of the transmission circuit.

To meet specific market demands two different versions are developed:
- the UBA1702, intended to drive an external PMOST interrupter and
- the UBA1702A which is adapted to drive an extemnal bipolar PNP interrupter.

The UBA1702/A is fabricated in Philips’ proprietary High Voltage Bipolar Complementary and Double-diffused
Metal Oxyde Semiconductor (HV-BCDMOS) process. The circuit is capable of withstanding up to 400 V on pins
connected directly or indirectly to the telephone line.

The detailed description in this report is given by means of the blockdiagram of the UBA1702/A (ch. 2) and by
discussing the details of each block (ch. 3). Notes on the overall system performance can be foundin ch. 4. The
application is treated by giving guidelines for application also in relation with specific requirements (ch. 5) and by
giving a number of worked-out examples including electronic hookswitch application (ch. 6). EMC aspects are
discussed (ch. 7) and a list with references is given (ch.8). The appendices contain quick reference data for the
TEA106X family (A), a list of abbreviations (B) and application diagrams of the UBA1702/A printed on A3 size
paper (C).

Note: by the addition /A in UBA1702/A two different circuits are meant at the same time: UBA1702 as well as
UBA1702A.
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2. BLOCKDIAGRAM

The blockdiagram of the UBA1702/A is depicted in figure 2 while the pin configuration is given in figure 3 with the
belonging table.
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Fig.2 Blockdiagram
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SDI [EJ 4 28] EHI

soo [ 2] [27] nec.
n.c. E E CDA
oPI [ 4] [25] cLa
spi [5] 24] coo

spo[6]UBA1702  [23] RAI
veE [ 7] UBA1702A [22] ROA
wsi [8lygat702T [21] VR
zpa (8] yga17024T [ 29 RoB

mMsa [10 [19] ves
RTA [11] (18] voD
RFO [12 [17] vss
Rvo [13] 6] RMI
Rvi[14 [15] Rv2

Fig.3 Pinconfiguration

SYMBOL PIN DESCRIPTION SYMBOL | PIN DESCRIPTION
SDI 1 Switch Driver Input. Rv2 15 Ringer Volume; bit 2 (MSB).
SDO 2 Switch Driver Output. RMI 16 Ringer Melody Input.

nc 3 not connected. VSS 17 Ground ref. micro and ringer.

DPI 4 Dialling Pulse Input. VDD 18 Microcontroller supply.
SPI 5 Speech Part Input. VBB 19 Supply from transm. circuit.
SPO 6 Speech Part Output. ROB 20 Ringer Qutput B.
VEE 7 Ground ref. transm. circuit. VRR 21 Ringer supply.
MSI 8 Mute Switch Input. ROA 22 Ringer Qutput A.
ZPA 9 Zener Protection Adjustment. RPI 23 Ringer Part Input.
MSA 10 Mute Switch Adjustment. CDO 24 Current Detection Output.
RTA 11 Ringer Threshold Adjustment. CLA 25 Current Limitation Adjustment.
RFO 12 Ringer Frequency Output. CDA 26 Current Detection Adjustment.
RVO 13 Ringer Volume; bit 0 (LSB). nc 27 not connected.
RV1 14 Ringer Volume; bit 1. EHI 28 Electronic Hookswitch Input.

96



High Voltage Line Interfaces Application of the UBA1702/A Line Interrupter Driver and Ringer Circuit

In the blockdiagram of figure 2 three main parts can be distinguished:

» speechinterface part

o ringer part

s supply

The subparts / blocks which correspond with these parts and the related pins are shortly described below.

Speech interface part
This part can be subdivided into:

switchdriver. This block controls via pins SDI and SDO the external PMOST (in case of UBA1702) or external
PNP (in case of UBA1702A) interrupter switch. By making DP! high the interrupter is switched off, which
corresponds with a line break. For basic applications pin SDI and EHI are shorted, but by applying a control
signal to EHI the interrupter switch can be used as hookswitch.

line current management. This block measures the line current flowing through pins SPI and SPO. This line
current information is used for two purposes:
- protection: the line current has to be limited in case of over current. The limiting value is adjustable via pin
CLA.
- detection: a minimum value has to be detected to determine line- and hookswitch status. This minimum
value is adjustable via pin CDA, the status information (logic signal) is available at pin CDO.

mute switch / zener protection. This block influences the voltage present on pin SPO in the following cases:
- overvoltage: for protection of the transmission circuit the voltage is clamped to a value adjustable by pin
ZPA. ’ .
- DMO operation: to assure a specific set resistance during the make period of puise dialling the voltage is
clamped at a low value (adjustable via pin MSA) under control of pin MSI. This function is also designated
as NSA or Mute2.

Ringer part
This part includes:

ringer protection. This block shows similarities with a zener diode. It limits the ringer voltage present on pin RPI.

ringer frequency detection. The AC ringer signal is converted by this block to a logic (square wave) signal with
twice the frequency. This signal is available at pin RFO.

ringer threshold. The ringer signal is checked for the required minimum level by this block. The level is adjust-
able by means of pin RTA.

volume control. To control the ringer output volume three control inputs: RVO, RV1 and RV2 are available.

melody input / plezo driver. The ringer melody is applied to pin RMI. The output stage is enabled by the ringer
threshold block if the voltage on pin VRR crosses a certain threshold. The piezo transducer can be connected
between pins ROA and ROB.

Supply
A stabilized voltage is available to supply the microcontroller via pin VDD. Input of this supply is VRR in ringer
mode and VBB in conversation / dialling mode.

VEE is the ground reference for speech and VSS for the ringer and the microcontroller.

A
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3. BLOCKDESCRIPTION OF THE UBA1702/A

This chapter describes in detail the three main parts of the IC: the speechpart (ch. 3.1), the ringer part (ch.3.2)
and the supply (ch. 3.3). For each part the operation principle is described and its adjustments and performance
are discussed.

All values and graphs given in this chapter are typical and at room temperature unless otherwise stated.

3.1 Speech interface part

The speech interface part consists of the switchdriver (ch. 3.1.1), the line current management (ch.3.1.2) and
the zener protection / mute switch (ch. 3.1.3).

3.1.1 Switchdriver of the UBA1702

Principle of operation
The blockdiagram of the switchdriver with external components is given in figure 4.

FROM SPEECHBRIDGE> ]

28y EHI

SDI
SWITCH [l]
1M 3.9
14V R2 j] R

DRIVER BSP254 |
2 Lo\

SD0 ]..,1
E U—D TO SPI
R1

MICROCONTROLLER
1 AND RINGER

SWITCH VSS
GROUNDREFERENCE
CONTROL

TRANSMISSION~

7 CIRCUIT
VEE
i GROUNDREFERENCE
T VER
CURRENTR )

LIMIT
3 | OFT

DIAL PULSE / FLASH[O>—
Fig.4 Switchdriver of the UBA1702

Start-up of the circuit is accomplished by applying a voitage greater than one junction voltage (about 0.6 V) to pin
EHI. In the basic application with mechanical hookswitch this voltage is derived from the telephone line: EHI has
to be connected to SDI. In case the interrupter switch is also used as an Electronic Hook Switch (EHS) the output
of a microcontroller may be connected to pin EHI. This pin has a high voltage capability (400 V,.,). The same
holds for SDI and SDO.
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The input voltage on EHI is converted to a drive current which finally controls the external PMOST by creating a
voltage drop across R2. By making DPI high the drive current is interrupted and the PMOST is switched off. The
reference of DPIis VSS, which may be different from the one of the transmission circuit (shifted reference),
which is VEE. This solution makes it possible to use all members of the TEA106X family:

» incase of TEA1064 peripherals (e.g. microcontroiler) are supplied between VCC and SLPE. The VSS pin of
the peripheral has to be connected to SLPE and the VEE pin of the UBA1702/A with the VEE pin of the
TEA1064.

» in all other cases peripherals are supplied between VCC and VEE. The VSS and VEE pins of the UBA1702/A
have to be interconnected.

The PMOST is switched on by the voltage across R2, which is caused by the drive cumrent. The voltage is limited
by aninternal zenerdiode to 14 V. A current source, controlled by the DMO signal (see ch. 3.1.3), has been
added to supply drive current during low voltage DMO operation. To put it in another way: if MSI is high (= VDD)
it is not possible to create a linebreak by making EHI low, this is only accomplished by making DP! high (= VDD).

The active state of the DPI input has been chosen in such a way that it has the same parity as the power down
input of the transmission circuit, viz low is make and high (> VSS + 1.5 V) is break (corresponds with power
down). In case very fast transients may occur (e.g. lightning) a series resistor Rs (value 3.9 Q) in the source
connection of the PMOST is recommended.

Performance

The performance of the switchdriver/ PMOST combination depends mainly on the characteristics of the PMOST:
the outputvoltage on pin SDO (reference VEE, DPI low, voltage on SDI < 12 V) is lower than 0.2 V. Consequently
almost the entire voltage across the transmission circuit is available to minimize the ON-resistance of the
PMOST and maximize the output swing of the transmission circuit. Delay and switching times are determined by
the value of the drive current, R2 and capacitances and voltages across the PMOST. The drive current is about

Vdpi(V) 30 N
2.5
1.5
500.0m
-500.0m )
LINE 225m -
Vexch=48V 20.0m BN /
Nline=20mA
15.0m \
10.0m
5.0m
0.0
-250.0u 250.0u 750.0u 125m 1.75m
0.0 500.0u 1.0m 1.5m 2.0m
LIN) time(sec)
Fig.5 Typical switching times of UBA1702 combined with BSP254
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20-30 pA (if voltage on EHI > 1.5 V). If a BSP254 PMOST is used the typical turn-off delay time is 700 us, the
switching-off time 250 s, the tum-on delay time 50 us and the switching-on time 25 us, see figure 5. For
testcircuit the basic application (see figure C1 in the appendix) has been used.

It may be clear that if EHI is low, no drive current is generated by T1 and no current is drawn from SDI. This is
important for EHS application while SDI is permanently connected to the line. Therefore during 'on hook’, while
the set is in quiescent condition, an insulation resistance of greater than 5 MQ can be guaranteed. Insulation
resistance is not always equal to break resistance. Break resistance is the loop resistance during the break
period of pulse dialling:

= inbasic application (interconnection between EHI and SDI) this resistance is solely determined by the input
resistance of pin EHI and greater than 100 kQ. If the voltage at EHI exceeds a certain value (typical 35 V) the
current through this pin remains constant and therefore the resistance increases.

= in EHS application (EHI driven from external source) the break resistance is equal to the insulation resistance
(>5MQ).

The difference between break and insulation resistance is elucidated by means of figure 6. The given resistance
values are for indication only.

@LOG)

- yl-axis- 20.M
without 10.0M

*On hook*

---------- in. isol
DMO resis.

1M
pulsedialling

min. break, 100.0k
resistance

10.0x o

1.0k o

loop resistance "Off hook’ niniat

make resistance
1000

0.0 1.0k 2.0 3.0k
500.0 1.5k 2.5k

(LIN) tme  (ms)

Fig.6 Loopresistance as function of operation mode (basic set)

3.1.2 Switchdriver of the UBA1702A
Principle of operation

A bipolar interrupter switch requires a considerable base drive current, consequently T1 in figure 4 is replaced by
a darlington resistor combination with T1 and T2. Remaining circuitry has not been altered, see figure 7.

Due to the small voltage difference between SDI and SDO (one junction voltage) a series resistance (R1) is
necessary to limit the basecurrent. Its value (2 kQ) is a compromise:
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Fig.7 Switchdriver of the UBA1702A

» alow value is necessary for sufficient base current to keep the bipolar transistor saturated at high line cur-
rents. In case of non-saturation the impedance and set voltage would increase considerably.

= this resistance is connected in parallel with the set and to not deteriorate the set characteristics too much a
high value is necessary.

It may be clear that the H; in saturation in the required line current range is an important parameter of the exter-
nal PNP interrupter, it may be necessary to select for this parameter.

MPSA92 MPSA42
SDIL " SPI

MPSA92

Coptional
=k

SDO SDO
Fig.8 Various two transistor combinations to replace single PNP

An alternative is to add a transistor to make a PNP / PNP or PNP / NPN combination, see figure 8. Disadvan-
tages of a two transistor solution are:

= increased number of required components (four instead of one)

« increased voltage drop across the interrupter switch (one junction voltage extra).

Advantages are:

= the possibility to increase the series resistance and hence the parallel set resistance by adding a resistor of a

few times 10 kQ
= the interrupter transistor remains saturated even at high line currents.
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Incase very fast voltage transients may occur (e.g. lightning) it is recommended to connect a capacitor Coptional
in paraliel with the be-resistor in the first configuration. This is not required for the second configuration.

Performance

Performance of driver / PNP combination is {o a large extent dependent on the characteristics of the PNP.
Because of the fact that this bipolar transistor is current driven instead of voltage driven like a PMOST, delay
times (turn-on: 5 us, tum-off: 80 us) are shorter and switching (on: 5 ps, off: 70 us) is faster, see figure 9. For
testeircuit the basic application given in figure C2 has been used.
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Fig.9 Typical switching times of UBA1702A in combination with MPSA92

Insulation and break resistance are equal to UBA1702.
3.1.3 Line current management circuit

Principle of operation
The blockdiagram is depicted in figure 10.

The line current is flowing through SPI, the sense resistor R1 (typical value 2 Q) and SPO. The voltage drop
across the resistor is converted to a small sense current which is used for two purposes:

 current detection (minimum level). Forthis purpose the sense current is reconverted to a voltage by R2 and
compared to a reference voltage. A voltage across R2 greater than the reference resuits in the logic output
CDO high (= VDD).

o current limitation (maximum level). Operation is comparable to the way line current is detected. The output of
the comparator however is not used for driving a pin, but it directly controls the switch driver.

Reference voltages are generated by an internal bandgap voltage source.
Current detection is intended for use by microcontroliers to give information about hookswitch- and line status.
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Fig.10 Linecurrent management circuit

Therefore CDO has to be connected with the 'test 1" (T1, CSI, hook) input of the microcontroller. In case of a line
current interruption the microcontroller can force the transmission circuit into a powerdown condition during
which the charge on the supply capacitors is maintained. A large AC line voltage swing'can also cause the
detection threshold to be passed. To avoid an unwanted powerdown two measures can be taken:

« apply a sufficiently large time window in software. This is usually the case.
» introduce delay by connecting a capacitor to pin CDA

Both measures have influence on the current detection response time.

Adjustments and performance

The current detection threshold and the current limit level can be adjusted by connecting resistors to respective
pins CDA and CLA. The voltages at CDA and CLA are proportional to the line current. However, the voltage at
CDA is limited by Dz, which represents an internal zener diode. The influence of R¢p, (the resistance between
pin CDA and VEE) is givenin figure 11.

The graph for the current limiting action is given in figure 12. R, is the resistance between pin CLA and VEE.
Note that the maximum current is fixed at approx. 120 mA. This is achieved by resistor R4 in series with pin CLA.

Stability of the currentlimiter for low line currents (approx. 45 mA) can be improved by connecting a capacitor of
10 nF between pin SPO and VEE. However in most cases this capacitor is already present for EMC purposes.

If necessary it is possible to decrease the minimum level for current detection (3 mA) and current limiting (45 mA)
even further by connecting the respective pins instead of VEE to a constant voltage by means of an appropriate
resistor.
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3.1.4 The mute switch / zener protection circuit

Principle of operation
The blockdiagram is given in figure 13.

T T T T T T T T e s e 1> TO TRANSMISSION CIRCUIT
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_——— MSh Tt
|

| : \
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L
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Fig.13 Mute switch and zener protection

This part of the UBA1702/A controls the maximum voltage on pin SPO. Dependent on the level on pin MSI two
different modes exist, these two modes are mutual exclusive:

« DMO-mode (MSI = high). This mode guarantees a decreased loop resistance of the set during the make
period of pulse dialling. Therefore a logic control signal is generated by the microcontroller, which is applied to
pin MSI. A buffer has been added to convert the logic levels to appropriate values. In case of a high MSI input
level the voltage on SPQ is compared with a reference and dependent on the difference more or less current
flows through the shunt transistor. The DMO voltage can be adjusted by connecting a resistor between pins
MSA and SPO. A provision has been made for proper operation of the switch driver even if the voltage at SDI
drops to a low value due to low voltage DMO operation.

Remarks:

* to achieve low DMO voltages (< 2.5 V, Rys, between MSA and SPO) it is required that VDD and therefore VBB

does not drep below a certain minimum value (about 2-2.5 V).

* the differential resistance of the shunt at low DMO voitage (1.6 V) has increased from< 0.5 Qto 5-6 Q.

* the control voltage on pin MSI may not exceed VDD.

* it is recommended not to increase the DMO voltage to values greaterthan 4 V.

e protection mode (MSI = low). This is the default operation mode which is intended to protect the transmission-
circuit against overvoltage. Its operation principle is similar to the DMO mode, with this exception that a
different voltagedivider and comparator has been used. For the zener voltage can be chosen between three
values: by connecting pin ZPA to pin SPO, pin ZPAto pin VEE or by leaving pin ZPA open. Intermediate
values can be realized by replacing the shorts by a resistor.
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Adjustments and performance

The influence of a resistor Ryg, between pins MSA and SPO / VEE is depicted in figure 14 and 15 and of Ryp,
between pins ZPA and SPO / VEE in figure 16 and 17.

Fig.15 DMO voltage as function of Ryg, (connection to VEE)
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Fig.17 Zenerprotection voltage as function of Rz, (connection to VEE)

Note that the minimum and maximum zener protection voltages (respectively 9 and 18 V) have finite values. This
is accomplished by the resistor in series with pin ZPA. In this way the minimum and maximum voltage settings do
not require external components and have a reasonable accuracy. This accuracy can not be achieved with exter-
nal resistors because they do not match with on chip resistors .
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3.2 Ringer part

The ringer part consists of the protection circuit (ch. 3.2.1), the frequency detection (ch. 3.2.2), the threshold
comparator (ch. 3.2.3), the volume control (ch. 3.2.4) and the melody input / piezo driver (ch. 3.2.5).

3.2.1 Protection circuit

Principle of operation

The voltage between pins RPI and VEE is limited to a fixed level (typ. 20.4 V) by a comparator / shunttransistor
combination which represents an electronic zener diode, see figure 18.

RP N VRR
FROM RINGERBRIDGEL> > T | 21
| /’;“j" j{ !
v +| Cvrr f
DMO/ SUPPLY S222uF |
ANTI RINGER 40V
TINKLING CIRCUITS
Rref
VEA vss
FROM RINGERBRIDGED—————;-—VL 17
) = VLE
RINGER PROTECTION

Fig.18 Ringer protection and limiting circuit

This input circuit has to be preceded by a ringer bridge, consisting of a series RC-combination and four diodes to
rectify the AC-ringer signal. The capacitor blocks the DC current and determines in combination with the series
resistor the input impedance for voltages higher than the limiting voltage. The RC network has also a current
limiting function.

A provision has been built in to avoid ringers connected in parallel with the ringer bridge and which share the
same RC-network from making noise during pulse dialling, the so called anti-tinkling function. Condition is that
during dialling a high level (= VDD) is applied to pin MSI. This signal causes a switch across the voltage divider to
close and in this way the input voltage across RP! and VEE is limited to a value insufficient for ringers to make
any noise (typ. 2 V + voltage drop ringer bridge). In case the anti-tinkling function is wanted but the DMO function
not, the latter can be made inoperative by connecting an appropriate resistor between pin MSA and VEE with
such a value that the voltage in zenerprotection mode and DMO mode are equal, see figure 15. This is necess-
ary because the speech zenerprotection is inoperative during MSI = high.

The internal diode between pins RPI and VRR has two functions:

* the voltage at RPI must retum to zero to make frequency detection possible
= this diode only conducts if the input voltage is above a certain level. In this way a high series input impedance
for speech signals is created, which is required for EHS application.
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Performance

The voltage divider which determines the limiting voltage is not external accessible and this voltage is therefore
not adjustable.

The ringer supply voltage is smoothed by buffercapacitor C, . The recommended value for this capacitor is
22 uF. Alarger value will result in a longer ringer start-up time, while a smaller value will cause increased ripple
amplitude, especially at low ringersignal frequencies.

3.2.2 Frequency detector

Principle of operation
This block consists of a comparator with hysteresis and an output buffer for level shifting, see figure 19.

\
RFO
B —-M_D RING FREQ. TO CE/T0 INPUT MICRO
1 Vis
23

SPEECH
MODE

RINGER FREQUENCY DETECTION

Fig.19 Frequency detector.

The non-inverting input of the comparator is connected to VDD or VRR, dependent on the most recently passed
threshold, see figure 20.

The full wave rectified AC ringer signal is applied to pin RPI. This signal must cross a high threshold level before
RFOQ is high and the output on RFO only returns to a low output level if a low threshold level is crossed. The
selection of these threshold levels is rather arbitrary under restriction of the following conditions:

= the levels must lay within the amplitude range of Vgp,
= the voltage difference between the levels have to be as large as possible.

For the high level VRR and for the low level VDD have been chosen. These voltages satisfy the conditions and
are already available.

Advantage of the applied hysteresis is the insensitivity to superimposed signals, this insensitivity is required for
some countries.

RFO is a logical output (levels VSS and VDD) intended for processing by a microcontroller. Therefore this pin
must be connected to the 'chip enable / not test zero’ (CE/notT0, FDI, RF) input of the microcontroller. Note:
because the AC ringer signal is full wave rectified the frequency of the RFQ signal is twice the frequency of the
original ringer signal!

In speech mode the CE/notTO input has to be high. Hence the speechmode infosignal is combined with the
ringer signal by an OR-gate.

1ina
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Fig.20 Switching thresholds frequency detector

Performance

in the previous paragraph it is pointed out that the threshold levels (VRR and VDD) for the ring frequency
detector are fixed.

The insensitivity to superimposed signals of the circuit is made visible in figure 21. A 6 Vs, 1 kHz sinewave is
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Fig.21 Response of frequency detection circuit to superimposed signals
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superimposed to a 45 Vs, 20 Hz ringer signal. Despite various single threshold crossings within one period of
the inputsignal the interference of the superimposed signal can not found back in the outputsignal available at pin
RFO. :

Care must be taken in case EMC capacitors are connected between the lineterminals and ground (VEE). During
the zero crossings of the AC ringer signal these capacitors are not discharged completely which can result in not
crossing the lower threshold and hence not generating a 2F ringer frequency signal. This can be solved by con-
necting a high ohmic resistor (in the order of hundred kilo Ohm) between RP! and VEE.

3.23 Threshold comparator

Principle of operation

This block checks the amplitude of the ringer signal. If this signal has the required level this block enables the
input of the piezo output stage, see figure 22.
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STAGE

THRESHOLD COMPARATOR

Fig.22 Threshold comparator

After applying a ringer signal to the protection circuit (ch. 3.2.1) capacitor C,gg is charged. The voltage across the
capacitor is divided by a resistor network and compared with a reference voltage. If VRR crosses an adjustable
threshold the output of the comparator is switched to a high level.

A hysteresis has been built into avoid faltering. In case the output stage is enabled and a melody is applied the
current consumption of the circuit will increase. Consequently VRR will drop and without hysteresis the output
stage would be disabled. The current consumption would decrease, VRR would rise and the cycle would repeat
itself.

Adjustment and performance

The threshold level can be adjusted by connecting a resistor Rq;, between pins RTA and VSS (to increase the
level) and between RTA and VRR (to decrease the level). In figure 23 and 24 the upper threshold level and
hysteresis as function of Rg;4 is given.

The hysteresis is not independently adjustable but correlated with the threshold level: it is about 60 % of the
upper threshold level.

If pin RTA is not connected (default threshold values) the UBA1702/A is suitable for the German FTZ
specification as described in 1TR2 2.4.3.1/2 (June 1990).
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Fig.23 Upper threshold level and hysteresis as function of Rg;a (connection to VRR)
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3.24 Volume control
Principle of operation
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Fig.25 Volume control

Volume control is implemented rather straightforward with a D/A-converter, three inputbuffers and an output-
buffer, see figure 25.

The three logic inputs RV0 (least significant bit), RV1 and RV2 (most significant bit) are provided with pull-down
current sources, which sink about 1 LA. In case of floating (high Z) microcontrolleroutputs connected to RV0-2
(for instance during start-up) these sources assure a minimum volume setting. The output of the three bits D/A-
converter is a controlcurrent which is converted to a voltage with reference VDD by resistor R and limited by a
zenerdiode Dz. This voltage is buffered and determines the positive peaklevel of the piezo output signal. The
negative peaklevel is fixed and close to VDD. Note: the voltage on pins RV0, RV1 and RV2 may not exceed
VDD.

Performance

Output voltage across ROA and ROB for minimum volume setting (bits RV2-0 all low) is 150 mV,,. This level is
independent of ringersupply conditions. Forthe following six steps (RV2-0 (0,0,1) to (1,1,0)) each step doubles.
the output voltage (6 dB steps). The last but one level (RV2-0 (1,1,0)) is 2° = 64 times the first level and therefore
64" 0.15 = 9.6 V,,, on condition that the ringersupply voltage suffices. The last step is the largest and
consequently the positive peaklevel of the piezo output signal is almost equal to the supply voltage VRR.
However to protect the piezo element the output amplitude is internally limited by an internal zenerdiode to about
2*14 =28V, (unloaded).

The level of the outputsignal (available between pins ROA and ROB) as function of the volume setting is given in
figure 26.

3.25 Melody input and piezo driver

Principle of operation

This (sub)block amplifies the ringermelody generated by the microcontroller to the desired level for the piezo. It
contains an input comparator, an AND-gate, an inverter and two outputbuffers for BTL operation, see figure 27.
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Fig.27 Melody input and piezo driver

The input comparator has a threshold at 2 VDD. It is possible to apply square wave signals (min. / max. level
VSS and VDD) as well as sinewave signals superimposed on a DC level of Y2 VDD. However if the DTMF output
is used (sinewave signals) it is advised to use a series capacitor of 10 nF to avoid problems caused by DC shift
as a result of e.g. resistor mismatch. A small hysteresis of about 20 mV has been built in for schmitt-trigger action
to assure jitterfree operation. This hysteresis has no influence on the duty cycle of 50 %. Because of the high
inputimpedance of the RMI input (in the order of hundred kilo Ohm) the attenuation for DTMF signals is low: less
than 0.05 dB.

The square wave output of the comparator is combined in an AND-gate with the output of ring threshold
comparator (ch. 3.2.3). If VRR has reached the required level the ring melody is routed to the output buffers.
These buffers switch their outputs (ROA / ROB) between a DC level coming from the volume control and VDD.
The resulting signal is a squarewave which is applied to the piezo. The slew rate of the outputs is rather high and
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the outputsignal contains therefore a lot of higher harmonics which contribute considerably to the produced
sound-pressure. Because the piezo shows equivalence with a capacitor there flows no DC current through it and
therefore the output stage may operate in Single Ended Load (SEL) configuration with the piezo connected
between ROA or ROB and VDD.

Performance

It is already mentioned that the piezo shows a capacitive behaviour, the outputcurrent reaches its peak value
during switching.

Current capability is animportant specification parameter for sound pressure: if limiting at a low current level
occurs there will be less harmonics and the produced sound will be dull. The UBA1702/A can deliver more than
100 mA and piezo transducers with a capacitance up to at least 80.nF can be used.

in stead of a piezo transducer a high ohmic (> 25 Q) loudspeaker can be used to make the ringer melody
audible. A capacitor in the range 100 - 470 nF must be connected in series.

3.3 Supply part

Principle of operation

The reference block generates all the bias currents and reference voltages for the IC. All reference voltages are
derived from bandgaps and converted to biascurrents by internal resistors. The supply can be split up in a series
and a shunt regulator, see figure 28.
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Operation is different for speech and ringer mode:

e speech mode. The supply is powered via pin VBB by VCC of the transmission circuit. The internal diode
between VRR and VBB avoids current flowing to ringcapacitor C,zz and other ringer parts. There is no current
flowing through the ringer output stage, consequently all current for VDD flows through the series regulator.
VDD is stabilized by comparing it with a reference voltage and by feeding the errorsignal back to the regulator.

e ringer mode. In ringer mode the supply point is VRR. To avoid current flowing through VBB to the transmission
circuit an external seriesdiode has to be added. To minimize the voltage drop (important in case of low line
currents) it is recommended to use a schottky type (e.g. BAT85).
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Current to VDD can be delivered by the series regulator as well as the piezo outputstage which is connected in
parallel. ltis likely that at high output volume the output stage consumes (sources) more current than the micro-
controller sinks from VDD. As a consequence VDD would increase.

Tokeep VDD constant a shunt regulator has been added to sink the superfluous current. This series concept
(outputstage and microcontroller supply in series) has been chosen because it has advantages in case of low
ringer power conditions: the ring current is used more efficiently. VDD is also used to supply some internal
blocks. '

Performarnce

The output of the supply is a fixed 3.3 V stabilized voltage. Advantage of a rather low supply voltage is a
decrease of current consumption of the microcontroller. This can be attractive during line current interruptions.
The output voltage VDD is smoothed by Cypp. Besides a smoothing function this capacitor is also essential for
stability of the supply. The recommended value is 22 uF. A larger value will result in increased start-up times in
speech and ringer mode. For supplying the microcontroller during long line interruptions it is advised to choose a
larger value for Cyqg.

In quiescent condition (supply point voltages VBB and VRR low) the internal current consumption from VDD is
minimized. With this provision memory retention of the microcontroller is possible with a resistor (> 5 MQ) con-
nected in front of the hook switch to the line (trickle current), see figure C2.

Because of the rather low current consumption of microcontrollers the source capability of the supply is
accordingly low: max. 2 mA. The currentsink capability (necessary in ringer mode at high volume settings) is
much higher. The voltage drop between VBB and VDD at low values for VBB is minimized (100 mV @ IDD =

1 mA) to make operation with low line currents possible. The output voltage VDD as function of IDD for two
values of VBB is given in figure 29. IDD is positive in case pin VDD sources current and negative if current is
sinked.
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4. DESCRIPTION OF THE COMPLETE SYSTEM FEATURING THE UBA1702/A

Apart from the UBA1702/A a transmission circuit and a microcontroller (dialler / ringer) are required to form a
(basic) telephone set. Typical set parameters are not solely dependent on the individual circuit characteristics but
also on their interaction. This interaction will be described in this chapter with the help of a typical application
diagram which is given in the appendix, see figure C1.

Two different modes can be distinguished: the "off hook’ situation (ch. 4.1) and the "on hook'’ situation (ch. 4.2).

4.1 *Off hook’ situation
In this mode a conversation mode (ch. 4.1.1) and pulse dial / flash operation (ch. 4.1.2) can be distinguished.

411 Conversation mode

Principle of operation (See also appendix figure C1)

Start-up is accomplished by putting the hookswitch S1 in an upwards position. The ringer series RC-network is
shortcircuited. The current through the switch and C,,,; is limited by R, .. A DC line current starts flowing and after
the voltage on EHI has crossed the threshold value interrupter T1 starts conducting under condition that DPI is
low. As soon as the line current is larger than 3 mA (default) the microcontrolier receives a chip enable (CE).
Because of the electronic coil function of the transmission circuit it takes some time before the line current has
reached its endvalue. In the meantime the voltage across the transmission circuit (and the set) is limited by the
electronic zener of the UBA1702/A through which most of the line current is flowing. C1 is charged by R1, the
transmission circuit is supplied via VCC, starts operating and takes over the current from the zener.

Dependent on the used transmission circuit there are two ways to feed the supply point VBB of the UBA1702/A:

« ground reference is VEE. This is the case for all transmissioncircuits except the TEA1064A. VSS and VEE of
the UBA1702/A are interconnected and VBB to the supplypoint of the transmission circuit VCC. A series diode
is necessary to separate the ringersupply from the speech part. Because of the rather large series resistance
the supply current capability is small, but sufficient for the UBA1702/A in combination with a microcontrolier.

= ground reference is SLPE. This structure is possible if the transmissioncircuit has a powerdown / mute input
which is referenced to SLPE: TEA1064A or TEA1064B. VSS of the UBA1702/A is connected to SLPE and
VEE with VEE. In this case the supply point is not VCC but directly the line with a (small) series resistor. Due
to the reference of this supply point (SLPE), this resistor has no influence on the set impedance, see [Ref. 5].
This results in a better supply capability. To bridge large supply interruptions the value of C,gq can be
increased. This has almost no influence on the start-up time of the transmission circuit.

LN TEA106X LN TEA1064 >
SUPPLY STRUCTURE TEA106X R1 SUPPLY STRUCTURE TEAL064 Rvee Rl
(EXCEPT 10643) 619 WITH ADDITIONAL BACK-UP 392 619

Dvbb ————>vCC TEALO6X VCC TEAL064
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BAIes ==100uF 470uF £2 1 o0ur
25V 25V 25V
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Fig.30 Supply structures for combination with TEA106X
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After supplying the UBA1702/A via VBB, C,,, is charged, VDD rises and when the reset reference voltage of the
microcontroller has been reached start-up is accomplished under condition the CE/notT0 input is high.

This CE/notT0 (FDI,RF) input of the microcontroller has two functions:

= as chip enable input it is used to initialize the system and in combination with the test1 input of the micro-
controller it determines the operation mode (speech, ringer or stand by).

o as ringer frequency discriminator input the time between two low-to-high transients (reciprocal to the ringer-
frequency) of RFQ is measured, see table.

TABLE 1 Operation modes of microcontrolier

CE/notT0=0 CE/notTO = sq. wave CE/notT0 =1
T1=0 standby ringer standby *)
T1=1 X X speech

*)  if T1 = 0longer than reset delay time

Performance

In conversation mode the UBA1702/A and its peripheral components has a slight influence on the set character-
istics. This influence is caused by the (small) current consumption and (large) parallel impedance of the
UBA1702/A. However, in case the UBA1702A with a single bipolar interrupter is applied the parallel resistance is
considerably low, see also ch. 3.1.2. The influenced set characteristics are:

Balance Return Loss. The BRL is a figure that gives the accuracy a set impedance approximates the nominal
impedance required by the local PTT. Because of the high parallel impedance (> 20 kQ) of the UBA1702 the
deterioration of the BRL is almost negligible with respect to the situation without UBA1702. For the UBA1702A
the effect is considerable because of the low baseresistor value. To a certain extent the effect can be
compensated by increasing the value of R1, although the supply capability (voitage drop) is deteriorated. The
same holds for the transmit / receive gain.

Sidetone Suppression. A certain amount of attenuation (suppression) of transmitted signal to the earpiece is
required. The parallel impedance of the UBA1702 has only a minor effect on the anti sidetone network. In case of
the UBA1702A the sidetone suppression will be worse.

Maximum Sending Level. Sending level can be limited by voltage or by current. Maximum voltage swing is
determined by the voltage difference between LN and SLPE of the transmission circuit. The UBA1702A has no
influence on this parameter, in case of the UBA1702 the minimum peak may be limited by the threshold voltage
V,, of the applied PMOST (for BSP254 V,, can vary between 0.8 and 2.8 V). A capacitor between source and
gate can give improvernent (bootstrapping), though switching times are getting worse.

Limitation by current occurs if there is not enough current available to be modulated by the outputstage of the
transmissioncircuit. Because of the low current consumption the influence is negligible.

Automatic Gain Control. A provision can be present to compensate transmit/ receive gain for long line lengths.
This gain control is determined by the line current flowing through the transmission circuit. Current consumption
of the UBA1702/A (UBA1702: typ. 350 pA, UBA1702A: typ. 500 uA PNP interrupter base current excluded)
reduces this current, which results in a very small gain increase in the relevant range. If really necessary this gain
increase can be compensated by decreasing the value of R6.

Low Voltage / Parallel Set Operation. In case of bad supply conditions e.g. operation with long lines or with a
classical set (impedance about 200 Q) connected in parallel the available supplyvoitage may be insufficient for
proper operation of transmission circuit and microcontroller. The influence of the UBA1702/A is small, see figure
31.
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41.2 Pulse dial / flash operation

Principle of operation

The dial- and flash pulses are generated by the microcontroller under control of the keyboard. Interrupting the
line current has consequences for the supply and several measures may be taken to guarantee a non-
interrupted supply of the microcontroller. The kind of measure depends on the type of transmission circuit used.

Circuits without power down function (e.g. TEA1062/A). During the breakperiod of pulse dialling and
eventually flash operation there is still flowing current because of the electronic coil function. C3 (C,,;) and C1 are
discharged and VCC drops to unacceptable level to supply VBB and consequently the microcontroller. Increas-
ing the value of C1 is not recommendable because the discharge current requires unrealistic capacitance values.
Workable alternatives are the following two solutions:

Solution 1 requires an additional series low drop diode (Schottky e.g. BAT85) and capacitor connected between
the diodes and VEE. Disadvantage is the additional voltage drop caused by the diode.

Solution 2 comprises only an increase of the value of C,p. Disadvantage is an increase in microcontroller start-
up time.

Circuits with power down and VEE as logic reference (most of the circuits of the TEA106X family).
Because of the power down function the current consumption is reduced almost a factor 20 and increasing the
value of C1 could be an alternative to increase of Cypp,.

Note that the power down function can be used for external generated interrupts (e.g. due to switching of a con-
nected PABX) as well. The CDO output of the UBA1702/A controls the power down mode of transmission circuit
and microcontroller. Restriction is that the power down control and the pulse dial / flash output can not be com-
bined.

Circuits with power down and SLPE as logic reference (e.g. TEA1064A and TEA1064B). C, 4, (see fig. 30)
can be chosen in accordance with the required interruption time.
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Performance

The pulse dialling waveform is mainly determined by the transmission circuit if DMO is not used. In case C3
(C,o) is discharged during the break period of pulse dialling due to a missing power down mode or because of a
resistor R17 between REG and SLPE, it takes some time before C3 is charged again and the line current / volt-
age across the set has reached its steady state. Considerable pulse distortion occurs. In stead of using R17 to
increase the voltage between LN and SLPE silicon diodes in series with pin LN may be used, however in
practice the exchange feeding bridge may be highly inductive and in this case the inductors determine the cur-
rent waveform.

If DMO is used the set voltage during the pulsing period is determined by the UBA1702/A and not by the trans-
mission circuit. Pulse distortion occurs not until the transmission circuit has taken over the line current after the
DMO input (MSI) has become low, hence in the post-pulsing period. Dialling waveforms are depicted in figure 32.
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Fig.32 Pulse dialling waveforms with DMO.

4.2 'On hook’ situation

in this mode the DC set resistance must be very high. After applying an AC voltage the set can enter the ringer
mode (ch. 4.2.2), otherwise the memory retention / stand-by mode (ch. 4.2.1) can be maintained.

4.21 Memory retention / stand-by mode

Principle of operation

The PTT insome countries allows the subscriber to draw a very small DC current (in the order of 10 pLA) from the
line for e.9. memory retention. For this purpose the microcontroller has a stand-by mode which is entered by
making the CE/notT0 input zero for a longer time interval. In this mode the VDD supply voltage is allowed to drop
to a low value (1 V) and the current is likewise decreased to a very low value (about 1 wA for the PCD3349).

The UBA1702/A has a stand-by mode too, entered under condition that the voltages on supply points VBB and
VRR are low. In this mode the current sink from the VDD supply point is minimized by disconnecting some
internal circuit parts.
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In the 'on hook’ situation DC line current is blocked by the ringer capacitor C,,,; and the interrupter. These have to
be bridged by high ohmic resistors (for most countries a total minimum resistance of 5 MQ is required) for direct
supply of VDD from the line.

In case of an electronic hookswitch (the interrupter may incorporate the hookswitch function as well) it also
possible to achieve set start up from this mode. For this purpose a key out of the keyboard matrix can be used.
By depressing this key and at the same time making the CE/notT0 input high the microcontroiler can enter the
conversation / dialling mode and force the interrupter via EHI in the conducting state. An application proposal is
given in which this function has been worked out further.

Performance

In stand-by mode the UBA1702/A has a resistance between VDD and VSS of more than 300 kQ at 1 V. If the
trickle current is 9 pA, more than 5 pA remains for the microcontroller.

It may be clear that after connecting a set with a discharged VDD capacitor it will take some time before this
stand-by mode is operational. This is caused by the large RC time constant.

422 Ringer mode
The functions required for ringer operation have been partitioned between UBA1702/A and microcontroller:

TABLE 2 Function partitioning between UBA1702/A en microcontroller in ringer mode

UBA1702/A microcontroller

Line termination ringer signal ringer signal frequency check
Overvoltage protection ringer melody generation
Supply volume control

Superimposed signal discrimination
Ringer signal amplitude check
Volume controlled piezo output stage

Note: ringer signal: low frequency AC signal generated by the exchange
ringer melody: audio frequency melody (warble) generated by microcontroller to be made audible by
piezotransducer.

Principle of operation

A concise description of the operation principle of the software controlled ringer concept has already been given
in the introduction: the AC ringer signal is rectified and if necessary limited and used for supply. A square wave
with twice the frequency of the ringer signal is generated and available at pin RFO. Frequency check is done by
the microcontroller which measures the time interval between low to high transients. In most cases the required
frequency interval can be set by internal bits for versions with EEPROM or by diode option with versions without
EEEPROM. If the measured time interval is according the setting a melody is generated. After the voltage at
VRR (below the limiting voltage proportional to the ringer voltage) has crossed a minimum threshold the melody
is routed to the piezo output stage. This is the amplitude check. Advantage of applying the result of the amplitude
check at this point instead of gating the ringer frequency output is gain in start up time: charging of the VRR
capacitor is done in parallel with the frequency check. This is particularly advantageous when the ringer signal
has a low amplitude and frequency. The ringer melody is amplified to a level according the volume setting. If only
two volume control bits are available it is recommended to interconnect the two least significant bits (RV0 and
RV1) of the UBA1702/A. The steps are larger (12 dB instead of 6), but with exception of the last one the levels
are still equidistant.
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Performance

Ring Input Impedance. The input impedance is dependent on the ringer signal amplitude and the value of the
series RC-network (R,,, and C,,;). Because of the limiting function it is also not linear. Above a certain amplitude
the impedance is only influenced by the RC network. Decreasing the resistance and/ or increasing the capaci-
tance to increase output power has then little use because most of the additional available power is dissipated in
the limiting / protection circuit. Minimum ringimpedance is in most cases fixed by local PTT requirements.

The V /I curve for a typical application (figure C1) is given in figure 33.
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Fig.33 Ring input impedance as function of ringervoltage

Impedance is defined as the RMS value of the ringer voltage across the line terminals divided by the RMS value
of the ringer current. The impedance for speech signals (up to 1 V,,,) is larger than 200 kQ.

Start up time. Ringer start up time canbe defined as time between applying a ringer signal the moment the mel-
ody is audible. This time has been minimized by paralleling supply capacitor charge and frequency check and is
determined by various parameters like capacitance values for Cygq and Cygp, frequency and amplitude of ringer
signal, reset level of microcontroller and number of required low to high transients for the frequency check. Ina
typical application with a ringer signal of 45 V,, and 25 Hz this time is about 80 ms. See figure 34.

The frequency check can only be carried out after the microcontrolier has been reset. In case this reset is
generated externally by means of an RC-network the time constant of this network adds up to the total start time.
Between ringer bursts VDD can drop below the reset level because of the VDD current consumption of the
UBA1702/A. So every burst a start-up delay will occur. However, an external reset is not necessary under
condition that the XTAL minimum operating voltagelevel (for f,, = 3.579545 MHz this voltagelevel is 1.8 V) is
available on VDD before the clock generated by this XTAL is applied. This condition is generally fulfilled with
quartz resonators since oscillator start-up takes several milliseconds.
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Output sound pressure. The output sound pressure is dependent on the available output voltage, the applied
piezo transducer and the acoustical properties of the cabinet. The output voltage of the UBA1702/A is limited to
28 V,,, a value most piezo's can handle without degradation. The frequency characteristic of the piezo is very
irregular: output levels within the specified frequency range can vary 20 dB.
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S. APPLICATION GUIDELINE

In this chapter the procedure for making a basic application with a transmission circuit of the TEA106X-family
and the UBA1702/A will be given. By means of figure C1 (basic application, see appendix) the design flow is
given as-a number of consecutive steps which should be taken. As far as possible for every step also the compo-
nents involved and their influence on every step are given, the preferred value is given between brackets:[...].
For the UBA1702/A also a reference to the relevant graph in chapter 3 or 4 is made. Two adjustment resistors,
Rzea and Rars, can be connected in different ways, only one is given in the application diagram.

For more information on the settings of the TEA106X see datahandbook (IC03), appendix A and [Ref. 4-6].

The basic application given in figure C1 comprises a TEA106X transmission circuit, a PCD3349A microcontroller
and the UBA1702/A. As can be seen only few components have a fixed value. These components are R5, set-
ting the reference current for the transmission circuit and various EMC components, which are indicated by a '«
inthe diagram.

’

STEP ADJUSTMENT
1 OFF HOOK CONDITION

1.1 Conversation mode

1.1.1 DC settings. First adjust the DC settings of the UBA1702/A and TEA106X to the local PTT
requirements and maximum ratings of the transmission circuit.

a) Voltage limit between LN and VEE Rzea [Open], see fig. 16/17

b) Line current limit Rca [short to VEE], see fig. 12

¢) Line current detection sensitivity Reoa [open], see fig. 11

d) Voitage between LN and SLPE R17 or silicondiodes in series with pin LN

e) DC slope R9[20€], combination with R, 1;+Rgp.sp0 (=12 + 2 Q)

f) Supply point VCC C1[100 puF]

g) Artificial inductor C3[4.7 uF]

h) Reset time microcontroller C, [open], R, [short]

i) Supply point VDD Cyop [22 uF]

1.1.2 Impedance and sidetone. After setting the setimpedance, the sidetone has to be optimized for mean
linelength and linetype. Also AGC can be chosen.

a) Set impedance 21 (R,.ry @and Rgp,gpp are in series)

b) Sidetone R2, R3, R8,R11, R12 and C12

c) AGC R6

1.1.3 TEA106X microphone and earpiece amplifiers, see also appendix A. After adjusting the microphone
sensitivity, the gain and frequency curve can be set for the desired value. The same holds for the ear

piece.
a) Sensitivity microphone R20, R21
b) Microphone gain R7 (TEA106X dependent), R, R Rimics
c) Low pass C6 (combination with R7 + 3.5 kQ)
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d) Stability C20 (=10 * C6) (TEA1062 only)
e) High pass R C8, C9 (combination with inputimpedance)
f) Earpiece gain R4 (TEA106X dependent)
g) Low pass C4 (combination with R4)
h) Stability C7(=10*C4)
i) High pass C11 (combination with IR inputimpedance),
C2 (combination with earpiece impedance)

1.2 Dialling mode
1.2.1 DTMF dialling
a) DTMF attenuation Rimtts Rtz

b) High pass Carmtr Campz (COMbination with Ry, Ry and
impedance DTMF input)

1.2.2 Pulse dialling

a) Make resistance DMO not used: R9
DMO used: Rysa [Open], see fig. 14/15

STEP | ADJUSTMENT
2 ON HOOK CONDITION

2.1 Ringer mode. First select the value of C,,; (often a certain value is prescribed by local PTT requirements).

R, will follow as a result of minimum allowed impedance.
a) AC input impedance ‘ Ring [2.2 kQ], C, ¢ [1 1F], see fig. 33
b) Ring threshold sensitivity Rara [open], see fig. 23/24
¢) Start-up time Cyag [22 nF], C,, [open], R, [shor]
d) Input coupiing (DC block) Cam [10 nF)

2.2 Standby mode. This mode is optional and not required if microcontroller has EEPROM or memory
retention is not necessary.
a) Standby current ‘ R, in series with R, [2 ¥ 2.7 MQ]
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6. APPLICATION EXAMPLES

As a follow up of the preceding guideline some practical examples of applications with the UBA1702/A are given
in this chapter. The proposed examples include all functions required for a complete functional set like ringer,
interrupter, 4 to 2 wire conversion, protection eic. Therefore the PCD3349A/53A single chip 8-bit telecom micro-
controllers are used which can be programmed as multistandard repertory dialler/ringer: PCD3332-2 and
PCD3330-1, see [Ref. 7] and [Ref. 8].

Figure C1 gives the basic application which has already been discussed in chapter 5.

Pulse or DTMF dialling can be selected by means of switch S2 (diode option). Because the power down function
is not present, flash operation can be critical: the supply of the microcontrolier (VDD) can drop below the reset
level during flash and the microcontroller will reset itself. The same holds for DMO operation: the setvoltage
during the make period can be too low to 'survive' the break period.

Figure C2 is more or less an extension of figure C1 for which the guideline is followed. Instead of a PMOST
interrupter a bipolar transistor (MPSA92) is used.

DC settings:

o Voltage limit LN - VEE: 12V.

= Line current limit: 120 mA.
e Line current detection sensitivity: 3V.

= Voltage LN - SLPE: 45V.

= DC slope: 25 Q (at low line currents).
e On-hook loopresistance: > 5 MQ.
AC settings:

= Voltage gain mic.: 52 dB.

= Voltage gain DTMF: 25.5 dB.
» Transmit cut-off frequency: 23.4 kHz.
= Voltage gain IR - QR: 31dB.

= Receive cut-off frequency: 15.9 kHz.
o AGC startvalue: 25 mA.

= AGC stopvalue (gain -6 dB): 60 mA.
Ringer:

= Ring threshold sensitivity: 105V.

e Ringer melody high pass cut-off: 65 Hz.

Figure C3 depicts an application with the TEA1064B and the PCD3353A microcontroller. The latter contains
EEPROM. This kind of memory makes number storage without the need for trickie current (flowing through resis-
tors R, and R, in fig. C2) possible.

The TEA1064B features a power down function, selectable reference for logical inputs and a dynamic limiter.
This dynamic limiter is combined with a mic.mute (switch Smmute). The reference input (VEE2) is in this applica-
tion connected to SLPE. This results in combination with Ry and Cygg in improved supply capabilities.

EMC measures are extended by the addition of C31 and C32. Ry, is then required for correct 2F ringer
detection. Compared to the previous example the following settings have been changed:

DC settings:
a Voltage between LN and SLPE: 42V
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e DC slope: 35Q.

e On hook loop resistance: >5MQ.
AC settings:

e AGC start value: 40 mA.
« AGC stop value (gain -6 dB): 80 mA.

The last proposal is given in figure C4 and features on-hook dialling and call progress monitoring (TEA1083A).
The on-hook dialling facility requires a separate ringerbridge (D7-10) capacitively coupled by C,,,, and Cioga- TWO
capacitors are needed because of the common reference of ringer and speech part: VEE. The voltage across
both capacitors has always the same polarity and therefore the capacitors can be unipolar. Going off-hook can
be done in two ways:

= by closing the cradle switch (corresponds with picking up the handset). The EHI pin of the UBA1702 is con-
nected to the line via R, and T1 starts conducting. The microcontroller is informed whether the cradle has
been operated by its hookinput. Going on-hook is achieved by opening the cradle switch. Consequently the
hookinput of the micro is pulled down by Ry -

= by operation of the pushbutton '"HOOK'. Start up is comparable to the previous case, however a takeover
signal is necessary to keep pin EHI high. This signal is generated by the microcontroller and available on pin
LSE (LoudSpeaker Enable). At the same time T, conducts to simulate a switch in the matrix.

In case the handset is lifted (cradle switch closed) the hook push button can be used to switch the LS amplifier
on and off. A diode (D14) has been added to protect the microcontroller input for overvoltage. The TEA1083A is
supplied fromthe line, therefore the line currentis split up in a constant part flowing through R22 (about 3 mA)
and a line current dependent part flowing through the TEA1083A to SLPE. The output volume can be adjusted
by means of R22. To save a microcontroller pin two ringer volumebits are combined. The stepsize is doubled
and as a consequence there are 4 levels instead of 8.
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7. ELECTROMAGNETIC COMPATIBILITY

With respect to electromagnetic compatibility (EMC) no common European or international specification yet
exists. Also the measurement methods differ and are not always reproducible. At the application laboratory in
Eindhoven (PCALE) the German current injection method is used (VDE 0878 part 200). It is a reliable method of
measuring and is highly reproducible. The method is described in [Ref. 3]. The hints for EMC of the TEA106X
transmission circuit given in the second paragraph of this chapter are based on this method. The same counts
for the hints of the printed circuit board design given in the first paragraph.

7.1 Printed circuit board

In the current injection method, radio frequency (RF) signal currents enter the telephone set at the a/b wires and
leave the set via any capacitive coupling to ground. Normally, in a telephone set the handset has the largest
capacitance to ground and thus the main part of the RF signal current flows to ground via the handset. However,
a proper PCB layout is essential for good EMC.

The first measure to be taken is to create a groundplane on the PCB. The RF signals entering the PCB shouid be
decoupled immediately to this groundplane. Preferably this groundplane is homogeneous and is not cut into
parts by interconnection wires. To reach this a double layered PCB, with interconnection wires on one side of the
board and a groundplane on the other side, is a minimum. When interconnection wires within the groundplane
are inevitable, the continuity of the groundplane should be restored. This is done by cross coupling these
interconnection wires by jumpers and wires at the interconnect side of the PCB. In this way RF signal currents
can flow freely over the groundplane.

Another measure is to keep the length of the wires between the different components as short as possible. Of
course this measure is especially important for those wires which interconnect one or more RF signal sensitive
parts, in particular the wire connected to SLPE which can also be a reference for the UBA1702/A. As any current,
RF signal currents prefer to flow to ground via the lowest ohmic path. Therefore, it should be noted that a wire of
10 mm corresponds to an inductor of 10 nH.

7.2 TEA106X

In this paragraph the standard measures for the TEA106X are given. When, after the proposed measures are
taken, the EMC behaviour has to be optimized, it is advised to start with the transmit direction of the telephoneset
and to optimize the receive part thereafter. This because, due to sidetone, signals demodulated by the transmit
channel will be seen in the receiver channel.

In the text below it is supposed that the printed circuit board on which the TEA106X-UBA1702/A is built, is pro-
vided with a groundplane which is connected to VEE. It is preferred to place the components meant for EMC as
close as possible to the pins, except when otherwise stated.

For more details on the EMC performance of the TEA106X, see [Ref. 3].

RF signals entering the printed circuit board at the /b wires should be decoupled to the groundplane via
capacitors, preferably placed as close as possible to the a/b connection. Since these capacitors will be in parallel
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with the set impedance, their value is limited. in practice, a total capacitance of 10nF between the a/b wires may
be applied without degrading the balance return loss.

Between the a/b wires and the groundplane two capacitors of can be placed, as well as a series inductance of 22
pH in series with the diode bridge.

RF signals entering the inputs of the transmit channel (MIC+, MIC-) will be demodulated and amplified to the line.
Because of the high gain (in the order of 50 dB) the transmit channel is very sensitive to RF signals. Therefore,
decoupling at the inputs is essential.

The inputs MIC+ and MIC- can preferably be decoupled by 2 capacitors of 2.2 nF connected to the groundplane.
Also series resistors can be applied which in combination with the capacitors form low pass filters towards the
inputs. Resistors of 1 kQ are advised (in case of an electret microphone) which reduce the gain setting with less
than haif a dB, depending on the input impedance of pins MIC+ and MIC-. This can be compensated by adapting
the transmit gain adjustment resistor R7 of the TEA106X.

In case a handset microphone is connected to the TEA106X microphone inputs via a long cord, extra decoupling
is needed. This can be done by adding two capacitors of 2.2 nF each, placed between the cord connection and
the groundplane, preferably as close as possible to the cord connection.

RF signals entering the inputs of the receive channel (IR) will be demodulated and amplified to the earpiece and
therefore decoupling at the input is essential.

At the input IR of the TEA106X a capacitor of 1 nF connected to the groundplane is advised.

In case an earpiece is connected to the TEA106X via a long cord, extra decoupling is needed. This can be done
by adding two capacitors of 10nF each, placed between the cord connection and the groundplane, preferably as
close as possible to the cord connection. To prevent the remaining RF signals from entering the earpiece output-
stage of the TEA106X via the QR pin, a series resistor should be applied to create a high ohmic path. The value
of this resistor is dependent on the type of earpiece capsule used. When a dynamic capsule of 150 Q is used, a
resistors of 22 Q is advised. This will reduce the gain setting with 1.19 dB. This can be compensated by adapting
the receive gain adjustment resistor R4 of the TEA106X.

Besides these essential measures some additional measures can be taken. A capacitor between GAS2 and the
groundplane of 100 pF can improve EMC in the transmit direction. A series combination of a resistor of 365 Q
and a capacitor of 4.7 nF connected between STAB and the groundplane can improve EMC for both transmit
and receive direction.
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APPENDIX A. TEA106X QUICK REFERENCE DATA

DC-CHARACTERISTICS (with slope resistance R9 = 20 Q)
Member V(LN-VEE) (in V)at V(LN-VEE) (in V) V(LN-VEE) (in V)
lkne = 15 mA at R(REG-LN) =68k | at R(REG-SLPE) (in Q)
TEA1060 4.45+0.20 3.80+0.25/-0.30 50+0.30at39k
TEA1062 4.00+0.25/-045 350+t... 45+ ... at39k
TEA1064B 3.50+0.25 44+035at20k
TEA1067 3.90+0.25 3.40+0.30 45+0.30at39k
TEA1068 4.45+0.25 3.80+0.30 50+0.35at39k
SENDING GAIN RECEIVE GAIN (from IR to QR+)
Member Setting range Gain (in dB) with Setting range Gain (in dB) with
(in dB) R7 = 68 kQ (indB) R4=100 kQ
TEA1060 44 - 60 52 +1 17-33 25+ 1
TEA1062 44 - 52 52+1.5 20- 31 3115
TEA1064B 44 - 52 52+1 20-39 31+1
TEA1067 44 -52 52+1 20-39 31+1
TEA1068 44 - 60 52+1 17-33 | 25+1
SENDING NOISE
Member Noise (in dBmp) Noise (in dBmp) with
with R7 = 68 kQ sending gain of 44 dB
TEA1060 -70 -78
TEA1062 -69 -77
TEA1064B -72 -80
TEA1067 -72 -80
TEA1068 -72 -80

For more data see datahandbook [Ref. 1].
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APPENDIX B. LIST OF ABBREVIATIONS AND DEFINITIONS

AGC Automatic Gain Control: line loss compensation of the TEA106X

BRL Balance Return Loss

CE/motT0  Chip enable / not test0 input of microcontroller, used for putting the device in active mode and for
ringer frequency discriminator input

Crng Ringer input capacitor

Crst Capacitor for generating external reset for microcontroller

CSsl Cradle Switch Input, see T1

DMO Dial Mode Operation, provision to guarantee a low set resistance during the make period of pulse
dialling, also designated as Mute2 or NSA

DTMF Dual Tone Multi Frequency (dialling system)

EHS Electronic Hook Switch (required for on-hook dialling)

EMC Electro Magnetic Compatibility: the collective noun for the susceptibility and the radiation of a circuit
/ apparatus

FDI Frequency Discriminator Input, see CE/notTO

Flash Timed break of (DC) line current for call transfer by the exchange

HOOK Hook switch control input, see T1

IR Receive input pin of the TEA106X

LN Positive line terminal pin of the TEA106X

MIC Microphone input pin

MIC+, MIC- Microphone inputs pins on the TEA106X
MQOSFET  Metal Oxide Field Effect Transistor

Mute Mode which is operational during dialling

PCALE Product Concept & Application Laboratory Eindhoven

PCB Printed Circuit Board

Powerdown Reduced current consumption mode during pulse dialling or flash operation
PTT Telephone administration

QR-,QR+ Telephone earpiece output on TEA106X

Rcda Resistor setting line current detection sensitivity

Rcla Resistor setting line current limit value

RF Radio Frequencies / Ringer Frequency input, see CE/notT0
Rmic Resistor setting the microphone sensitivity

Rmsa Resistor setting mute (DMOQ) voltage

Rrng Ringer input resistor

Rrst Resistor for generating external reset for microcontroller

Rrta Resistor setting ringer threshold

Rsb1, Rsb2 Resistors for stand-by (trickle) current for memory retention
Rzpa Resistor setting zener protection voltage

SLPE DC slope pin on TEA106X

T1 Test1 input of microcontroller, used for on/ off hook detection

TEA106X IC of the TEA106X speech transmission family: TEA1060/61, TEA1062, TEA1063, TEA1064A,
TEA104B, TEA1065, TEA1066, TEA1067, TEA1068

VvCC Supply pin of the TEA106X
VEE Ground reference pin of TEA106X and UBA1702/A
VSS Ground reference for microcontroller and logic reference for the UBA1702/A
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APPENDIX C APPLICATION DIAGRAMS
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VERSATILE SPEECH/TRANSMISSION ICs FOR ELECTRONIC TELEPHONE SETS

The speech and transmission functions which form the heart of a subscriber
telephone set are undoubtedly the most difficult part of the system to
implement on a single integrated circuit. Such an IC must must provide an
interface between the line and a pulse or a DTMF dialling circuit, yet be
flexible enough to work in conjunction with many different types of microphone
and earpiece. Furthermore, it must be adaptable to the different transmission
requirements of the various telephone authorities. The versatile TEA1060 family
is a series of five bipolar speech/transmission ICs which have been designed to
meet the requirements of most major international PTTs in Europe, the USA, and
the Far East.

Besides their use in fully electronic telephone sets (basic sets and
feature phones) they can also form the logical link between the telephone line
and the electronic dialling circuitry (DTMF or pulse dialling), and control
circuits in automatic answering machines, facsimile equipment and cordless
telephones. The ICs were designed primarily for the increasingly used common
line-interface systems (with electronic switching between dialling and speech)
but are also suited for separated speech systems (with a two-wire connection

between the dialling base and the handset).

The TEA1060 family ICs are powered with current from the telephone line
and you can use them with virtually any kind of microphone; the set impedance
can be complex or real. An anti-sidetone function can be realized by
incorporating either the TEA1060 family anti-sidetone bridge or the Wheatstone
bridge configuration in the application. You’ll find a detailed description of

the anti-sidetone bridges in Appendix A.

The member of the TEA1060 family which you should use depends on the type
of microphone capsule that’s going into the telephone set and the local PIT
requirements. For telephone sets with low-impedance dynamic and magnetic
microphones which generally require a gain of between 44 dB and 60 dB, you can
use the TEA1060 (2 x 4 kQ input impedance).
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For piezoelectric and electret-capacitor microphones with source
followers or preamplifiers, you should use the TEA1061 because they require a
high-impedance termination (2 x 20 kQ) and a gain of between 30 dB and 46 dB.
The TEA1066T has the input options of the TEA1060 and TEA1061 and so you can
use it with high- or low-impedance microphones. This has been achieved by
encapsulating the IC in a small outline 20-pin (S0-20) package, suitable for

surface mounting.

The TEA1068 is a more flexible member of the TEA1060 family. With a gain
of between 44 and 60 dB and an input impedance of 64 kQ (32 kQ unbalanced) the
IC can be externally tailored to suit any combination of microphone impedance /
sensitivity. It also has advantages in applications where very accurate
microphone matching is necessary. When used with the German “Graue Mikrofon
Schnittstelle® (Common Microphone Interface) most types of microphones can be
used without the need to readjust circuit parameters. Appendix B gives a more

detailed description of the German "Graue Mikrofon Schnittstelle".

If you need an IC that will allow parallel operation with conventional
telephone sets, the low-voltage TEA1067 is the chip that you need. This
parallel operation is mandatory for telephones used in the United States. Its
microphone amplifier is suitable for medium sensitivity microphones which
require between 44 and 52 dB of gain and its earpiece amplifier has the
highest signal to noise ratio; 4 dB higher than the rest of the TEA1060
family. It can operate with a voltage drop as low as 1,6 V, but a slightly
degraded performance will be inevitable at the lowest voltages. Both the
TEA1067 and the TEA1068 are available in an 18-pin DIL and also in an S0-20

package for surface mounting.

All the ICs can provide a supply for peripheral circuitry, but the ability
to supply current to the peripheral circuitry largely depends on the particular
application. Generally, most dialling circuits and microcontrollers can be
powered, but for applications like loudspeaking facilities you will need
additional supply circuitry (see Appendix D - Application Circuit Examples).
When used in conjunction with the TEA1080 supply circuit, the ability to supply

current to peripheral circuitry can be extended considerably.
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OVERVIEW OF THE TEA1060 FAMILY FEATURES

TEA

TEA1060 FAMILY FEATURE
1060 |1061 }1066T}1067 }1068

Microphone inputs:
low-sensitivity (52-60 dB gain) low-

impedance dynamic or magnetic mikesf e ® ®
medium sensitivity (44-52 dB gain) low
-impedance dynamic or magnetic mikes| e ) ® ®
electret with source follower
or preamplifier (30-46 dB gain) ® ® * *
piezo-electric (30-46 dB gain) ® ® * *
large amplifier setting range ) e ® ® @
very accurate microphone matching ® ®

Receiver outputs:

dynamic or magnetic ® ® ® [} )

piezo-electric ® ] ® ®

large amplifier setting range

(17-39 dB) ® ® ® )
extra large amplifier setting range
(20-45 dB) ®

extra low-noise amplifier ®
Electronic mute input @ ® ® @ )
DTMF input ) ® ® ® ®
Voltage-regulator:

adjustable d.c. voltage:

at 15 mA range 3,85 to 5,05 V ® ® ® ®

at 15 mA range 3,3 to 4,5V ®

peripheral supply point ® ® ® ® ®

adjustable d.c.slope ® ® ® ® ®
Power-down input ® ® 1) ® ®
Gain Control of mic. and rec. amp.

control can be switched off ® ) ® @ )

adapted to 600 Q feed @ ® ® ® ®

adaptable to exchange supply voltage ® ® ] ® ®
SO-encapsulation ® X X
Parallel operation possible (»,6 V) ®

e available function
* attenuator at input neccessary for TEA1067 and TEA1068

x available on special order
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(d) Top-of-the-range feature phone

Fig.1 Subscriber telephone sets with a common line-interface
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SUBSCRIBER SET ARCHITECTURES

There are two basic types of architecture for electronic telephone subscriber
sets. In the common line-interface architecture, the speech and dialling
circuits are connected to the line by the same interface. In the architecture
with separated speech and dialling circuits each is connected to the line by an

individual interface.

A common line-interface has the advantage that only one voltage regulator
and one transmitting stage are necessary to apply either speech, or dialling
signals to the line. Switch-over from the dialling mode to the speech mode is
performed electronically by the IC (Mute function) enabling virtually click-
free operation. Sets with different dialling systems and/or features can make
use of one common design for the transmission part. In this way a modular

approach is possible.

For separated speech and dialling circuits, both the speech circuits and
the dialling circuits must have a voltage regulator and a transmission line
interface. The switch-over from the dialling to the speech mode can be
performed either by external electronic components, or by a common contact
operated by every button on the keyboard. This has the advantage that the
speech circuit can be placed closer to the microphone and earpiece to achieve

better immunity to r.f. interference.
SETS WITH A COMMON LINE-INTERFACE

The versatility of the TEA1060 family allows them to be used with several types
of subscriber set with common line-interface as shown in Fig.1. Figure 1(a) and
(b) show two basic sets, one with pulse and one with DTMF dialling. Figurei(c)
shows a set with both pulse and DTMF dialling. All the advantages of the ICs
can be fully exploited if pulse and DTMF dialling are required in one set. A

top-of-the-range feature phone with a microcontroller is shown in Fig.1(d).
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(b) Basic set with pulse dialling

Fig.2 Subscriber telephone sets with separated
speech and dialling functions
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The advantages of a common line-interface architecture are:

@ a well defined interface (supply, common, mute, power-down and
interrupter) between speech functions, dialling functions and control
functions.

® the switch-over from dialling to speech mode is virtually click-free
because of the internal mute function in the TEA1060 family.

® the line-interface is not duplicated.

® it is possible to have a confidence tone in the earpiece during DTMF
dialling.

@ no additional peripheral components are needed for switching-over from
dialling to speech mode.

® this modular approach results in considerable flexibility with regard

to dialling features.

SETS WITH A SEPARATED SPEECH AND DIALLING CIRCUIT

The advantages of the architecture with separated speech and dialling circuits
(Fig.2(a) and (b)) are:

e this type of architecture allows a member of the TEA1060 family to be
used as a direct two-wire replacement for the conventional speech part
of the telephone.

@ the speech IC can be installed in the handset with only a two-wire
connection to the base of the instrument.

® high immunity to r.f. interference because the wires between the

microphone capsule and the speech/transmission IC will be very short.

The line-interface functions are duplicated, and because the speech and
dialling circuits are alternately connected to the line it is more difficult to
produce a confidence tone during DTMF dialling. Generally, the switch-over from
the dialling mode to the speech mode is not click-free, but the clicks can be
reduced to an acceptable volume by using techniques which require extra wires

between the speech and dialling circuitry.
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L & H refer to the TEA1086T inputs

Fig.3 Internal circuitry of the TEA1060 family
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FUNCTIONAL DESCRIPTION

The block diagram of the TEA1060 family is shown in Fig.3. The internal

functions are:

Voltage regulator with adjustable static resistance and the facility
for adjusting the voltage drop externally (4,45 + 0,6 V for the
TEA1060/61/66T/68 and 3,9 + 0,6 V for the TEA1067 at 15 mA).

Supply connection for powering peripheral circuits. The capabilities of
the supply depend on the d.c. voltage setting of the voltage-regqulator,
on external components and on the available line current.

Microphone amplifier with a wide-range gain setting and a frequency
roll-off with adjustable cut-off frequency (44 to 52 dB for the
TEA1067, 30 to 46 dB for the TEA1061/66T(H), and 44 to 60 dB for the
TEA1060/66T(L)/68).

Low-impedance(8 kQ) differential microphone inputs for dynamic and
magnetic microphones on the TEA1060 & TEA1066T(L).

High-impedance microphone inputs for piezo-electric microphones
(balanced connection 40 kQ) or for electret-condenser microphones with
a source follower or pre-amplifier (unbalanced connection 20 kQ) on the
TEA1061 and TEA1066T(H).

Very high-impedance microphone inputs (64 k2 ) for accurate microphone
matching with external resistors; suitable for all types of microphones
(TEA1067 and TEA1068).

DTMF input.

Confidence tone in the earpiece during DTMF dialling.

Transmitting output stage.

Receiver amplifier with two complementary outputs suitable for
magnetic, dynamic or piezoelectric earpieces; the amplifier has wide
gain setting range (TEA1067 20 to 45 dB, and the rest are 17 to 39 dB)
and adjustable cut-off frequency.

Line loss compensation facility (line current dependent) for microphone
and earpiece amplifiers. The control curve has been optimized for a

600 Q feeding bridge and is adaptable to various exchange supply

voltages.
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Fig.4 Basic application circuit for the TEA1060 family
(not including protection)
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e Mute input to inhibit both the earpiece amplifier and the microphone
amplifier during dialling, and to permit DTMF input and confidence tone.

e Power-down input to minimize the internal supply current of the IC
during line interruptions with pulse dialling or register recall
(flash); the voltage-regulator capacitor is disconnected to prevent
start-up delays after line interruptions to minimize the contribution
of the IC to the shape of the current pulses during pulse dialling.

e Low-voltage circuit enabling parallel operation (>1,6 V TEA1067 only)

In the following text the members of TEA1060 family are described with
reference to the basic circuit shown in Fig.4. The pinning/signal functions are

given in the table below.

IC Pin Numbers
Signal Name TEA1060 |TEA1061 |TEA1066T|TEA1067/
TEA1068

LN Positive line terminal 1 1 1 1
GAS1 Gain adjustment Tx amplifier 2 2 2 2
GAS2 Gain adjustment Tx amplifier 3 3 3 3
QR- Inverting output Rx amplifier 4 4 4 4
QR+ Non-inverting output Rx amplifier 5 5 5 5
GAR Gain adjusment Rx amplifier 6 6 6 6
MIC(H)- Inverting mike i/p(20 kQ) 7 8

MIC(H)+ Non-inverting mike i/p(20 kQ) 8 10

MIC(L)- Inverting mike i/p(4 kQ) 7 7

MIC(L)+ Non-inverting mike i/p(4 kQ) 8 9

MIC - Inverting mike i/p(32 kQ) 7
MIC + Non-inverting mike i/p(32 kQ) 8
STAB Current stabilizer 9 9 11 9
VEE Negative line terminal 10 10 12 10
IR Rx amplifier input 11 11 13 11
PD  Power-down input 12 12 14 12
DTMF Dual-tone multi-frequency input 13 13 15 13
MUTE Mute input 14 14 16 14
Vee Positive supply decoupling 15 15 17 15
REG Voltage regulator decoupling 16 16 18 16
AGC Automatic gain control 17 17 19 17
SLPE Slope (dc resistance) adjustment 18 18 20 18

Note: (H)and (L) refer to the high- and low-impedance microphone amplifier

inputs, respectively, of the TEA1066T.
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SUPPLY CONSIDERATIONS
Supply and set impedance

The IC is supplied with current from the line as shown in Fig.5. The equivalent
impedance of the circuit is shown in Fig.6. For effective operation of the
telephone circuitry the IC must have a low resistance to d.c. and a high
impedance to the speech signal. This is done by incorporating an artificial

inductor in the IC, Lo The value Leq is Rp X Rg x Cj3. The value of

€y also determines theqstart—up time of the d.c. voltage regulator and has
been chosen such that the voltage regulator starts-up as soon as the VCC
smoothing capacitor has been charged. The value of Leq should be adjusted by
changing Cy (taking into account a different start-up time) rather than
changing the value of Rg because the latter influences several other

parameters as described later.

The impedance of the whole circuit, to audio frequencies, is determined by
the value of R1//Rp.The network R4Cy provides a smoothed voltage
Vee for the IC (typically Ice = 1 mA at Voo = 2,8 V) and for the
peripheral circuits (Ip). Typical Icc as a function of Vee is shown in
Fig.7.

The direct current which flows into the set is determined by:
e the exchange supply voltage (Vexch)

e the resistance of the feeding bridge (Rgy.p)
o the resistance of the subscriber line (Ryjp.)

e the d.c. voltage across the subscriber set, including the polarity guard

If the line current exceeds (Iee *+ 0,5 mA + Ip) then the voltage regulator
diverts the excess current through pin LN. The equation for the voltage drop
across the IC, Vine is given in Fig.5. For the TEA1067 this equation can only
be used for line currents exceeding Ipy (the threshold current in the low-

voltage range, typ. 9 mA).

The internal reference voltage is temperature-compensated, giving a low
temperature-coefficient for the line voltage Vi about -2mV/K at
Iiine = 15 mA (-1 mV/K for TEA1067). Igrpp is normally much greater than
the sum of Icc + 0,5 mA + Ip.
therefore that of a 4,2 V voltage regulator diode in series with resistor Rg

The equivalent circuit for d.c. conditions is

(3,6 vV for the TEA1067 where I);nq > Ipy to satisfy the U.S. requirement
for a line voltage of 6 V at 20 mA).



TEA1060 Family Versatile Speech/Transmission ICs for Electronic Telephone Sets

Speech/Transmission Circuits

7297747

4
—7
i ]
'
) m
h -
N .
ol b b b b e liaa
] 20 40 60 80 100 120 140
liine (mA)

(a) TEA1067 d.c. characteristics

7297748

125
ViN o ]
V) C ]
10
F fign ]
C | 398 —
75 205
£ B
n ///mg’_/:
F /// —
s[ e — B
e ! 445V 4
1 4
25 +
! .
£ ]
0 Ll Lol 1 | I 111 AL L Ll L 111 ) 114
0 20 40 60 80 100 120 140
lline (mA)

* £0.2V for TEA1060/1061/1066
40,25V for TEA1068

(b) TEA1060 family d.c. characteristics (not TEA1067)

Fig.8 DC characteristics

recommended setting range 7297746
A N
68k ® 39kQ
7 i
H
VLN-SLPE H |
(V) l
6 t . 6
: l i
: .
i J
5 ; | BrivimE
1 ' 475V
E | ——-o‘hau—, 7
} 3
} 4,2V L aav
) ToenT | = TILLH :
2
3,55V— Heet—] S T TEA1067
1 ——
P H 7 I
15V —FFF 5=
SV A T TeAT067L ¢ 3
A 4 l
/ : '
A i |
2 L 2
0 50 100 ® 100 50 0
RREG-LN (k&) RREG-SLPE (k)

With line currents of between 11 and 140 mA the d.c. voltage;
VLN = Vin-sppe * (Ipng ~ 145 mA) x Rg.
Fig.9 Internal reference voltage V N-SLPE&S 2 function of
resistors RREG-SLPE an RREG—LN'
162



Speech/Transmission Circuits TEA1060 Family Versatile Speech/Transmission ICs for Electronic Telephone Sets

The typical d.c. voltage VN is shown in Fig.8 (a) (TEA1067) and (b)
(rest of family) as a function of line current. The gradient of the line is
determined by Rg. The optimum vaiue for Rg is 20 , as used in the basic
application circuit example (Fig.4). Another value for Rg is sometimes
necessary to rebalance the anti-sidetone circuit e.g. when a set impedance
other than 600 @ is chosen. Any change in the choice of value of Rq will
cause:

® a change of microphone gain and DTMF gain

® a shift of the gain-control characteristic

® the sidetone will also be affected

e a decrease of the maximum output swing on LN if the value of Rg

exceeds 30 Q (especially at high line currents and high ambient
temperature)

e shift of the low-voltage threshold current Ipy (TEA1067 only).

If a change in the value of Rg is necessary, the design procedure in

Appendix C should be followed.

Increasing the d.c. Slope
The gradient of the d.c. characteristic can be increased by connecting a

resistor between pin LN and node [R1, Rz]. This resistor doesn’t influence
the set impedance, but it slightly decreases the maximum output swing on the
line. Another alternative in tone dialling applications, is to increase the
value of protection resistor Ryp. See "Transient Suppression and the polarity

guard* and Fig.31

Adijusting the d.c. Voltage Drop

Adjusting the d.c. voltage drop across the circuit will change the maximum
output swing of the sending and receiving amplifiers, and the supply current
available for peripherals. The voltage drop across the circuit (VpN-s1pg) can
be increased by’connecting a resistor between pins REG and SLPE or decreased by
connecting a resistor between pins REG and LN (RREG—SLPE and RREG-LN
respectively). These resistors set the internal reference voltage of the
voltage stabilizer (Vief = ViN-sLpg)- However, there will be a small change
in the temperature-coefficient and set impedance and there will be a slight
increase in the spread of the voltage drop. Figure 9 shows how VLN-SLPE
changes with the value of RREG—SLPE and RREG—LN' Only one of the resistors
should be used.
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Parallel operation with TEA1067
At line currents below the low-voltage threshold current Iy (typically

9 mA), the internal reference voltage is automatically adjusted to a lower
value. At 1 mA a typical voltage drop of 1,6 V is obtained. This facilitates
operation of the circuit with more telephone sets connected in parallel, with
line voltages down to a minimum of 1,6 V inside the polarity guard. The sending
and receiving amplifiers will of course have reduced gain and reduced output

swing in the low-voltage range and the peripheral supply will be reduced.

Supply for peripheral circuits

The voltage available at Ve can be used to supply peripheral circuits such
as a pulse dialler or a DTMF dialler. However, the current Ip and the voltage
VCC available from the circuit are dependent on the values of external

components used with the IC and on the line current available.

Figure 10 (a) and (b) show the typical available current Ip as a
function of Vee with a line current of 15 mA. The typical available current
Ip and the corresponding voltage Veoe as a function of line current are
shown in Fig.11(a) and (b) for the speech mode, and in Fig.12(a) and (b) for
the mute mode. Because the TEA1067 has a reduced line voltage compared with the
rest of the TEA1060 family, the supply capabilities are also reduced, but with
RREG—SLPE = 39 kQ (resulting in Veef = 4/2 V), the supply possibilities of
the TEA1067 are the same as for the rest of the family.

The lowest power is available at minimum line current. At higher values of
line current, the limit on Ip is imposed by the requirement to maintain at
least the minimum permitted voltage between pins Voc and SLPE (minimum
instantaneous voltage; Vee - Vsies is at least 1,5 V). If this condition
is not met, the maximum sending level on LN will be limited.

If 15 mA is the minimum line current under normal operating conditions,
the available current Ip will be determined by the minimum supply voltage
required for the peripheral circuits. For Philips CMOS telephony circuits, the
minimum supply voltage is 2,5 V. With Vies= 4:2 V, I will be typically

will

P
2,1 mA when Voo is 2,5 V (worst case 1,75 mA). With Vieg = 3,6V, I

be typically 1,25 mA when Vee is 2,5 V (worst case 0,9 mA).

P
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In the speech mode, the available current is very much dependent on the
received signal strength because of the class B receiving amplifier output
stage. With an extremely high and continuous drive to the receiving amplifier,
the available current will be typically 0,8 mA when Vief is 3,6 V and 1,7 mA
when V ¢ is 4,2 V. In practice the receiving amplifier will not be driven
continuously so the available supply current will be higher under normal speech

conditions.

To prevent discharge of a battery used for memory retention, a diode
should be connected between VCC and the power pin of the peripheral circuit.
Taking into account a forward voltage drop for a Schottky diode (BAT85;
Ve is less than 0,32 V at 25 °C at 1 mA) the minimum value of Vee is about 2,9 V.
This results in a typical available current of 0,55 mA (worst case 0,2 mA) with
Vref = 3,6 Vand 1,45 mA (worst case 1,1 mA) with Vref = 4,2 V in the mute

condition.

The power available from the supply point in the standard application
under typical conditions is sufficient for low power circuits such as pulse
diallers and the preamplifiers in electret microphones. Most of our CMOS DTMF
diallers and microcontrollers can be powered, but under worst case conditions
(e.g. long line using Vieg = 3,6V (typical value for the TEA1067) and a tone
dialler) the available current is not sufficient, so measures should be taken
to increase the supply capabilities. Several ways to improve the supply
capabilities of the TFA1067 (which also apply in general to the rest of the
TEA1060 family) are given in the following paragraphs. The best choice depends
on the requirements of the local PTT and the telephone manufacturer. In Ref.5
more details are given about how to meet the USA requirements (RS470) with the
TEA1067 while solving the supply problem. The methods summarised below are more
fully described in Ref.7.

Extending the supply capabilities

Increasing the line voltage

The supply voltage may be increased simply by setting the voltage drop across
the circuit to a higher value. However, this will raise the line voltage and
this can conflict with local PTT requirements. The line voltage can be reduced
while maintaining a higher voltage across the IC, in DTMF dialling sets
(without flash), by using a polarity guard with Schottky diodes (see Fig.13).

For further information see Ref.5.
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using an inductor in parallel with R4
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Compromise between set impedance and supply
The TEA1067 gives a very good balance return loss (BRL) with respect to a

600 Q reference impedance. Where the value of BRL is better than the PTT
requirement, a smaller value of R1 can increase the supply capabilities, while
retaining a satisfactory BRL. Figure 14(a) shows the BRL as a function of Ry
and Figure 14 (b) shows the typical available supply current as a function of

Ry in the mute condition.

RC smoothing filter between LN and SLP

An RC filter connected between LN and SLPE can be used to increase the
peripheral supply current up to 3 mA (see Fig.15). This method provides a
supply voltage which is independent of line current variation because it makes
use of the internal reference voltage vref' However, several changes in the

application are necessary which are more fully described in Ref.3 and Ref.8.

Inductor in parallel with R

An inductor in parallel with R4 will increase the supply capabilities, but
it must have a value of more than 2,5 H to avoid influencing the BRL
significantly (see Fig.16). As the size of the coil must increase with an
increase in the current requirement, an electronic solution may be more

desirable (next paragraph).

Electronic inductor using the TEA1080 supply circuit
The TEA1080 supply circuit can be connected either between LN and Vgp, or

between LN and SLPE, to extend the peripheral supply capabilities of the
TEA1060 family. This combination is recommended for loudspeaking listening-in
and hands-free applications, where a relatively large power is needed.
Reference 2 gives a description of the TEA1080, Ref.3 gives the application
with the TEA1060 family and references 1 and 4 give application examples of

listening-in and hands-free.

Parallel operation with a conventional set

If a conventional telephone set is connected in parallel with a member of the
TEA1060 family, on a long loop with low line current, the line voltage will
drop below the zener voltage of the voltage stabilizer for the transmission
circuit. Only the TEA1067 will function at voltages below its zener voltage
because it automatically decreases its zener voltage if the current drawn from

the line drops below the threshold current ITH'
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If a 200 Q conventional set is connected in parallel with the TEA1067,
with 20 mA available line current, the line voltage will drop to 3,2 V. This
will leave 4 mA of line current at a voltage of 2 V for the TEA1067, inside the
polarity guard, assuming that the current used by the peripherals can be
neglected at such a low-voltage. This will normally be the case for pulse
diallers, DTMF diallers in the standby mode and for microcontrollers (running
on the battery). If the peripheral supply current is not negligible (e.q. a
DTMF dialler in the operating mode) less current remains available for the
TEA1067 resulting in a degraded performance. This can be avoided by switching

the peripherals to a low power mode when there is insufficient line voltage.

MICROPHONE AMPLIFIER

Low-impedance microphone amplifier in the TEA1060 and TEA1066T

The TEA1060 and TEA1066T have a low-impedance (2 x 4 kQ) symmetrical microphone
amplifier input. If a lower input impedance is necessary, an external resistor
can be added between pins MIC+ and MIC-. Dynamic or magnetic microphones can be
connected as shown in Fig.17(a); the value of the resistor shown depends on the
input impedance required. The microphone input stage accepts signals up to

17 mV for 2 % THD with internal soft limiting. The gain of the microphone
amplifier, measured between the microphone inputs and the transmitting

amplifier output LN, is:

Ry + 14 RiRL
Ay = 1,356 x X
RS Rg Ri + Ry,
where. ..
R; = R¢//17,5 kQ (the dynamic resistance of the circuit)
Ry = load resistance at LN during measurement
rq = 3,47 kQ (the dynamic resistance of the internal circuitry)

For a practical circuit such as that shown in Fig.4, if we use the values
R; = 68,1 k@, Rg = 3,65 k@, Rg = 20 2, Ry = 620 2 and Ry, = 600 Q,

then:
20 1oghy (1Ea1060) = 52 1dB.
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High-impedance microphone amplifier in the TEA1061 and TEA1066T

The TEA1061 and TEA1066T have a reduced sensitivity, high-impedance

(2 x 20 kQ) symmetrical, microphone amplifier input. The gain for this

input is 14 dB lower than that of the TEA1060. The connection of an electret-
capacitor microphone is shown with a source follower in Fig.17(b), and with a
preamplifier in Fig.17(c). The connection of a piezo-electric microphone is
shown in Fig.17(d). The microphone input stage accepts signals up to 85 mV for
2 % THD with internal soft limiting.

High-impedance microphone amplifier in the TEA1067 and TEA1068

The TEA1067 and TEA1068 have a high-impedance (2 x 32 kQ), symmetrical
amplifier input. The gain equation and the maximum input signal are the same as
for the TEA1060 (for the TEA1067 Ri = R1//16,2 kQ). Dynamic, magnetic,
piezoelectric or electret-condenser microphones can be used. The microphone
arrangements are shown in Fig.17. To minimize noise, the microphone inputs must
always be loaded. The equivalent noise voltage (psophometrically weighted; P53
curve) at the microphone inputs is typically 0,65 pV with 8,2 kQ across

the inputs (0,45 pv

rms-p

rms-p with 200 Q across the input).

Asymmetrical drive of microphone amplifiers

If the microphone inputs are asymmetrically driven, care should be taken to
ensure that the impedances between the common rail, and pins MIC+, and MIC-
are equal. Otherwise any residual line signal present on the supply point

(Voe) will cause inaccuracy in gain. To prevent low frequency regeneration
(motorboating) care should be taken that the value of the capacitor connected
to MIC- is always smaller than that connected to MIC+ (including the tolerances

of capacitors).

Gain adjustment

The gain of the microphone amplifier can be adjusted over a range of +8dB

(+0 and -8dB for the TEA1067) by means of Rq. Figure 19 shows the microphone
gain as a function of R; and that the static resistance (Rg) directly
influences the gain of the transmitting channel. Resistor Rg (3,65 kQ)
determines the current in an internal current stabilizer and no alternative
value is permissible. Any change in the value of Rg will influence many other
circuit parameters (except for the microphone gain) as described in “Supply and

Set impedance” and in Appendix C. 174
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Maximum output swing for the transmit output stage

wWhere the line current is sufficient, clipping of the bottom of the output
signal at LN can occur when the internal output transistor saturates

(Ven = VsipE = 0,9 V). The top of the output signal can be clipped because

of a lack of collector current in the output transistor. Symmetrical clipping
can be obtained by connecting a zener diode between pins LN and SLPE the value
of which is dependent on the d.c. reference voltage setting (Fig.4). Figure 18
shows the maximum output swing of the transmit output stage as a function of

the d.c. line voltage VLN with a line current of 15 mA.

Stability and frequency roll-off

A 100 pF capacitor Cg¢, connected between pins GAS1 and SLPE, is necessary to
ensure the stability of the microphone amplifier. Higher values of CG can be
used to filter off high frequency signals (the cut-off frequency is determined
by the time constant R4C¢). For example, if Ry = 68.1 kQ and Cg = 220 pF,

the cut-off frequency, f3 4B’ is about 10 kHz.

Parallel operation with the TEA1067

In the case of parallel operation of sets, the operating voltage of the TEA1067
can drop below the internal reference voltage, but the circuit will adapt the
internal reference voltage. This will influence the performance of the

microphone amplifier.

Figure 20 shows the maximum output voltage at pin LN as a function of the
line current flowing into the TEA1067, with a 600 Q@ impedance telephone set
connected in parallel with the circuit shown in Fig.4. Transmitting gain is
52 dB in the case of a normal 600 2 load; however, with a 600 2 telephone set
connected in parallel, the gain decreases to about 48,5 dB. The maximum output
swing at low line current is not determined by the d.c. voltage at pin LN but

by the available current in the output stage of the TEA1067.

Figure 21 shows the transmit gain as a function of the d.c. voltage at pin
LN (Vpy). The reduction in gain starts at Vpy = 2,2 V. At Vin = 2 V the
reduction is about 2 to 3 dB, and about 12 dB at ViN = 1,6 V. The results are
valid for a typical sample in the basic application circuit of Fig.4. Changing

component values will influence the results.
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DTMF_AMPLIFIER

A dual-tone multi-frequency dialling signal can be applied to the IC’s DTMF
input which has an impedance of 20 kQ. The DTMF gain depends on the values of
R1, R5, R7, R9 and Ry, in the same way as the microphone gain (see Fig.19).

The voltage gain between the DTMF input and the transmitter output at pin LN is
26,5 dB less than the microphone gain of the TEA1060. For a microphone gain of
52 dB for a TEA1060, the DTMF gain is 25,5 dB but the choice of gain to suit
another particular microphone capsule will alter the DTMF gain. The dialling
tones must therefore be adjusted to the appropriate level before they are fed
to the DTMF amplifier. The DTMF input accepts signals up to 170 mV r.m.s. for

2 % THD.

Temperature dependence

The DTMF amplifier is internally temperature-compensated. However, because it
is asymmetrically driven, some influence can be expected from the residual ac
line voltage on supply pin Vee: the level of which depends on the
effectiveness of the supply voltage filter R4C4 (especially on the value of
C1). The temperature-dependence of ¢y has some influence on the DTMF gain
via an internal feedback mechanism, so it should have a low-temperature
coefficient. The DTMF gain deviation was measured in the basic application
circuit of Fig.4 with a 100 pF, 25 V capacitor (Catalogue no. 2222 030 36101)
with respect to a nominal 25 ©C at the following temperatures:

e -0,5 dB at -25 °C

e -0,2 dB at -10 °C

e +0,1 dB at +55 °c

e +0,2 dB at +70 °C

RECEIVING (EARPIECE) AMPLIFIER

The input of the receiving amplifier is pin IR. The receiving amplifier has two
complementary Class B outputs; non-inverting output QR+, and inverting output
QR-. The output can either be a single-ended or differential configuration (see

Fig.22), depending on the application.
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(a) Dynamic earpiece with Zy 3 450 0
(b) Dynamic earpiece with Z, < 450 Q
(c) Magnetic earpiece with I, 3 450 Q
(d) Piezoelectric earpiece

Fig.22 Connection of earpieces:
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Fig.23 Gain of the receiving amplifier (App and Aqc) and confidence
tone as a function of R,. The broken region of the graph is
applicabfe only to the TEA1067.
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The receiving amplifier can drive dynamic, magnetic, or piezoelectric
earpieces. A low-impedance dynamic or magnetic earpiece, with an impedance up
to 450 9, must be driven in the single-ended configuration as shown in
Fig.22(b). It is possible to use differential drive to achieve maximum
efficiency with dynamic, magnetic or piezoelectric earpieces which have
impedances of more than 450 Q (see Fig.22(a), (c) and (d)). To prevent
distortion of the output signal in the event of the output stage running out of
current with an inductive load (magnetic earpiece), an additional resistor

((1) in Fig.22(c)) may be required.

A piezoelectric earpiece presents a capacitive load. The maximum permitted
capacitive load between pins QR+ and QR- is 100 nF, but the decrease in phase
margin must be compensated by a series resistor ((2) in Fig.22(d)) (for example
if ¢, = 100 nF, Rg must be 50 Q). This is described in more detail in Ref.6.

With an asymmetrical load, the gain (App) of the receiving amplifier,

between the input IR and the output QR+ is:

Ry i
App= 0,657 x — X ———— (plus 6 dB for TEA1067)
RS Zp + I
where:
Zp = impedance of the earpiece,
r, = output impedance of receiving amplifier (= 4 Q).

For the values Ry = 100 kQ, Rg = 3,65 kQ, and Ip = 450 Q:

20 logAp, = 25 £ 1 dB (For TEA1067 31 + 1 dB)
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If both outputs QR+ and QR- are used for drive, the gain ATS is increased by

about 6 dB:

Apg= 1,314 x — x —m— (plus 6 dB for the TEA1067)
Rg Zp + 2ro
If we insert the values for R4, Rg and ZT which were used above, this

gives:

20 logAqg = 31 + 1 4B (For TEA1067 37 + 1 dB)

The gain of the receiving amplifier can be adjusted over a range of + 8 dB
(-11 and +8 dB for the TEA1067) by means of Ry. Figure 23 shows the gain
(App and Aqg) and confidence tone (Aqq) as a function of the value of

R4, for both symmetrical and asymmetrical drives. The total receive gain
between line and earpiece can be found by subtracting the attenuation of the

anti-sidetone circuit circuit (32 dB) from App OT Aqg.

The signal received on the line is attenuated by the anti-sidetone
network, before it enters the amplifier. In the basic application, this
attenuation is about 32 dB and almost flat over the whole audio frequency range
when using the TEA1060 family anti-sidetone bridge. The amplifier input signal
IR, is symmetrically soft-limited internally, to 34 mV r.m.s. (17 mV for the
TEA1067) for 2 % THD, and to 106 mV r.m.s. (53 mV for the TEA1067) for 10 % THD.

The equivalent noise at input IR of the receiving amplifier
(psophometrically weighted; P53 curve) is typically 2 ”Vrms—p (1,25 ”vrms—p
for the TEA1067). With the anti-sidetone circuit connected to the input the
noise generated at the line pin LN will add, via the anti-sidetone circuit, to
the equivalent input noise of the receiving amplifier. The total noise
generated at the earpiece output depends on microphone gain that has been set,
and on the actual sidetone suppression. Any additional circuitry connected to
pin LN (for example an artificial inductor to extend the peripheral supply

capability) can give a noise contribution.

180



Speech/Transmission Circuits TEA1060 Family Versatile Speech/Transmission ICs for Electronic Telephone Sets

Stability and frequency roll-off

Stability is ensured by two capacitors C4 and Cq (see Fig.4) connected
between pins QR+ and GAR, and between pins GAR and Veg respectively. The
value of C; must be ten times that of C4. Generally C, is 100 pF and

Cq is 1 nF. Larger values of C4 can be applied to filter off high frequency
signals. The cut-off frequency is determined by the time constant Ry4Cy. For
example, if C, = 150 pF and Ry = 100 k2, the cut-off frequency, fj3 4p. is
about 10 kHz, and C7 must be 1500 pF.

Maximum output swing and parallel operation with the TEA1067

As with the microphone amplifier, the performance of the receiving amplifier is
dependent of the d.c. line voltage VLN Figure 24 shows the maximum output
swing of the receiving output stage as a function of d.c. line voltage Vpy
for Ijipe = 15 mA. The maximum output swing of the receiving output stages

depends on the load and on the d.c. voltage drop across the circuit.

As discussed earlier, the d.c. line voltage is considerably influenced by
a parallel connected telephone set and will result in a degraded performance of
the receiving amplifier. Figure 25 shows the maximum output swing for three
load values, versus the d.c. voltage drop in the low voltage range of VLN
(ot = 10%). With a line voltage Vpy, of 2 V, an output swing of 15 nVops
with a 150 Q@ load, can be attained. At about 1,6 V, the receiving amplifier is
totally cut-off.

Figure 26 shows the receiving amplifier gain as a function of the line
voltage Vpy. Gain decrease starts when Vyy is about 3 V, and by 2 V, the gain
has been decreased by about 13 dB. The results are valid for a typical sample
in the basic application circuit of Fig.4. Changing components will have

influence on the results.
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Confidence tone

During DTMF dialling, the dialling tones can be heard at a low-level in the
earpiece. The volume of the dialling tone depends both on the gain of the
receiving amplifier and on the level of tone applied to the DTMF input. The
gain Acp between the DTMF input and the telephone output is:

20 logACT = 20 1ogAT - 44 dB (20 logAT - 50 dB for TEA1067)

where Aq is a general term for telephone gain and can be replaced by either
Ara for the gain with the asymmetric load, or by Apg for the gain with the
symmetric load. This is shown in Figure 23.

LINE-CURRENT-DEPENDENT GAIN CONTROL

The gains for the microphone amplifier and the receiving amplifier which were
derived in the preceeding sections are applicable only when the a.g.c. is
inoperative; that is, with pin AGC open-circuit. When the resistor Rg is
connected between pins AGC and VEE' the line current dependent gain control
of both the microphone amplifier and. the receiving amplifier become operative

without affecting the DTMF amplifier.

Below a specific value of line current (Iyjje-start) the gain is equal
to the values calculated with the equations given earlier. If I ine-start is
exceeded, the gain of both controlled amplifiers decreases with increasing
d.c. line current. Gain control stops when another value of line current
(Iline-stop) is exceeded. The gain control range of both amplifiers is
typically 6 dB. This corresponds to a line length of 5 km of 0,5 mm diameter
copper twisted-pair cable which has a resistance of 176 Q/km with an average ac
attenuation of 1,2 dB/km. The slope of the gain control characteristic has been
chosen for optimum tracking between the line attenuation and the required
amplifier gain (typical tracking error 0,8 dB max.) for a system with a
2 x 300 Q@ feeding bridge. In the case of lines with other parameters, a small

additional tracking error will be introduced.
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Correction for variation in exchange supply voltage

The value of resistor Ry must be chosen to suit the exchange supply voltage.

In Fig.27, the control curves are shown for a Voxch ©of 24V, 36 V and 48 V
with a feeding bridge resistance of 2 x 300 Q. The relationship between line
length and line current is also shown in Fig.27. These “ideal’ curves have been
calculated on the assumption that the voltage drop across the circuit has been
set for a Vg of 4,45 V at 15mA (Rppg_grpp = 39 k@ for the TEA1067; typical
value for the rest of the family) and assuming a polarity guard with 1,4 V
voltage drop. Other parameters will give slightly different optimum values for
RG'

Correction for resistance of feeding bridge

The value of resistor Rg must be changed if the feeding bridge has a
resistance other than 600 Q. This will slightly increase the automatic gain
control tracking error ( «1,2 dB) because the a.g.c. characteristic has been
optimized for a 600 Q feeding bridge. Figure 28 shows the control
characteristics of a 400 @ feeding bridge with exchange supply voltages of
24 vV, 36 V, and 48 V. Figure 29 and Fig.30 respectively show the
characteristics of an 800 Q bridge and a 1 kQ bridge at 36 V, 48 V and 60 V.

The optimum values for R¢ with various values of exchange supply voltage

and exchange feeding bridge resistance are shown in the following table.

Rexch (@)
400 600 800 1000
Vexch(v) R5 (kQ) with R9 =20 Q
24* 61,9* 48,7* - -
36 100 78,7 68,0* 60, 4*
48 140 110 93,1 82,0
60 - - 120 102

* not for TEA1067
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Fig.28 Gain control characteristics, with 400 @ feeding bridge.
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MUTE INPUT

The MUTE input is used to switch between the dialling and speech modes. If MUTE
is HIGH (» 1.5 V 15 pA), both the microphone and receiving amplifier inputs
are inhibited, and the DTMF input enabled. The converse situation is obtained
if MUTE is LOW ( € 0,3 V) or open circuit. Switching causes negligible clicking

at the earpiece and on the line.

For the TEA1067, if the supply voltage at Voo drops below 2 V (as with
no external load at Veer Vin ¢ 2,5 V and I1ine ¢ 6 mA) the mute function
becomes inoperative and signals applied to either the microphone inputs or the
DTMF input will be put on to the line. Normally, dialling will not take place
under these low-voltage conditions which only occur during parallel operation

of sets under worst-case (end of long line) conditions.

POWER-DOWN INPUT

The power-down input PD, is for use in pulse dialling and in register recall
applications (where the telephone line current is interrupted, leaving the set
without continuous power). During these interruptions, the tra-smission IC and
the peripheral circuits must be supplied by the charge stored in the Vee
smoothing capacitor C4. The discharge time of this capacitor may be increased

if the power-down function is used and the ripple on Vee will be reduced.

When input PD is HIGH (>, 1,5, ¢ 10 pA), the internal supply current
Icc is reduced from 1 mA to typically 55 pA at Vee = 2,8 V. Furthermore,
the voltage regulator capacitor C; at pin REG is internally disconnected to
prevent it from being discharged during line interruptions. This allows the
voltage regulator to start without delay after each line interrupt, at the same
d.c. line voltage as before the interruption and so minimizes the distortion of
the current pulses during pulse dialling. Of course, with a highly inductive
exchange feeding bridge, the inductors mainly determine current waveform. Under
these conditions the voltage regulator (active circuit) may have some switch-on

delay and cause a voltage overshoot at the line connection pin LN of the IC.
If the voltage drop across the circuit is increased by means of RREG—SLPE'

the power down function will be affected. This will change the shape of the

current pulses.
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Fig.31 Basic application diagram of TEA1067 in sets with DTMF dialling.

Protection is also shown; RFI capacitors are marked with a *.
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IMMUNITY TO R.F. SIGNALS

In the presence of high-intensity electromagnetic fields, it is possible for
common-mode, amplitude modulated, r.f. signals to be induced in the telephone
lines. These common-mode signals can sometimes become differential-mode signals
as a result of asymmetrical parasitic capacitance to ground (for example,
through the hand of the subscriber holding the handset). Preventive measures
must be taken to avoid the possibility of these signals being detected and

appearing as an unwanted signal at the earpiece or on the line.

Small discrete capacitors can help suppress spurious r.f. signals before
they enter the circuit. In Fig.31, Cg and Cq at the microphone inputs,
Cyp at the receiver amplifier input IR, C45 at the supply point Veer and
Cyq at the positive line terminal LN are included for this purpose. All the

capacitors are connected to the common VEE'

The layout of the pcb has a strong influence on r.f. immunity. The copper
ground area'should be as large as possible. Earth loops must be avoided and
print tracks kept as short as possible. RFI suppression capacitors should be
mounted as close as possible to the IC pins. In practice, two inductors of
between 68 pH and 1 mH, connected in series with the telephone lines, will
improve the r.f. immunity considerably and a closed copper ‘guard’ ring around

the circuit will give adequate protection from magnetic fields.

Because the TEA1067 and TEA1068 have very high impedance microphone
inputs, a low-pass filter can be connected in series with both microphone
inputs without affecting gain accuracy. It should be mounted as close as

possible to pins MIC+ and MIC-.

A low resistance termination, across the microphone inputs, will reduce pick-up

of unwanted r.f. via the handset cord.
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TRANSTENT SUPPRESSION AND THE POLARITY GUARD

Unprotected speech/transmission ICs might be destroyed by excessive current
surges on the telephone lines if preventive measures are not taken. Those sets
with only DTMF dialling require different protection to those with only pulse
dialling or DTMF dialling with "flash® (register recall by means of a timed

line interruption).

With DTMF dialling only, the bridge rectifier (Fig.31) which normally acts
as a polarity guard, also incorporates two transient suppressor diodes (such as
BZW14). Under normal operating conditions, one of the two transient suppressor
diodes conducts and the other is reversed-biased. If the voltage across the set
temporarily exceeds the reference voltage of the previously reversed-biased
diode, it will conduct and limit the voltage across the set. The maximum
permissible continuous voltage across a member of the TEA1060 family is 12 V.
During switch-on and line interruptions the maximum permissible voltage is

13,2 V allowing the use of a 12 V voltage reference diode in the polarity guard.

Further protection is provided by Ryq in series with the bridge
rectifier which limits the current that can be drawn by the IC. The maximum
transient voltage allowed across the circuit including the protection resistor
(Ryg = 13 Q and Rqg = 20 Q) is 28 V for 1 ms with a repetition time of 5 s.
This corresponds to a 50 A surge on the BZW14 zener diodes, used in the

polarity gquard.

For DTMF dialling with flash, or for pulse dialling, a different
protection arrangement is necessary. The line current must be zero during line
interruptions, so the bridge rectifier must be able to withstand a voltage of
around 200 V. A polarity guard using four BAS11 diodes is suitable for this
purpose. Protection against line current surges can then be obtained using a

VOR connected directly between the telephone lines (See Fig.45).

The speech circuit can be protected by a 12 V zener diode connected
between pins LN and Vgp. Alternatively, if a current limiter is used (e.g.
combined with the interruptor) the 8,2 V (6,8 V for the TEA1067) voltage-
regulator diode connected between pins LN and SLPE will protect the speech

circuit. The latter method also provides symmetrical clipping of the sending

signal.
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ANTI-SIDETONE CIRCUIT

To avoid the reproduction of microphone signals in the telephone transducer, an
anti-sidetone circuit uses the microphone signal from pin SLPE to cancel the
microphone signal at the input of the receiving amplifier (IR). The TEA1060
family anti-sidetone bridge or the conventional Wheatstone bridge may be used

as the basis for the design of the anti-sidetone circuit, see Fig.32.

The TEA1060 family anti-sidetone bridge has the advantage of a relatively
flat transfer function in the audio-frequency range between pins LN and IR,
both with real and complex set impedances. Furthermore, the attenuation of the
bridge for the received signal is independent of the value chosen for Zpal
after the set impedance has been fixed and the condition
RgRy = Ry(R3 + (Rg//Zp,;)) is met. Therefore, readjustment of

receive gain is not necessary in many cases.

The Wheatstone bridge has the advantages of needing one resistor fewer
than the TEA1060 family anti-sidetone bridge and requires only a small
capacitor (about 10 nF) in Zpa1- Calculation of the values is easier. The
disadvantages include the dependence of the attenuation of the bridge on the
value chosen for Zpa1 and the frequency dependence of that attenuation. This

necessitates a readjustment of the receive gain.
Appendix A gives a more detailed comparison of the TEA1060 family anti-

sidetone bridge and the Wheatstone bridge. Either bridge can be used with a

real or a complex set impedance.
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TEA1060 family anti-sidetone bridge

The equivalent circuit of the TFA1060 family anti-sidetone bridge is shown in
Fig.33(a). Optimum suppression of the sidetone signal occurs when:
(a) RgRy = Rq(Rg + (Rg//Zpaq))
(b) Zpal - Z1ine
Zpal + Ry 71ine * R4

If the correct fixed values are chosen for Ry, R, Rj, and Rg, then
condition (a) will always be fulfilled provided that [RS//Zba1|<(R3.

To obtain the optimum sidetone suppression (b) has to be fulfilled such that:

Rg
“bal = Z1ine = ¥ Z1ine
Ry
Rg
where k is the scale factor : k = =
R
1

The scale factor must be chosen to meet the following criterea:
® compatability with a standard capacitor from the Eg or E12 range
for Zp,,
° |Zba1//R8|<<R3 necessary to fulfill condition (a) to ensure
correct operation of the anti-sidetone circuit

° ’Zbal + R8|>) Rg to avoid influencing the microphone gain

In practice Ziine varies considerably with the length and type of line.
Consequently a value for Zpal has to be chosen that corresponds with an
average line length giving satisfactory sidetone suppression with short and
long lines. The suppression also depends on the accuracy with which Zphal

matches this average line impedance.
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In the basic application circuit, Fig.31, Zpa1 has been optimized for a
line length of 5 km, 0,5 mm diameter copper twisted-pair with an average
attenuation of 1,2 dB/km, a d.c. resistance of 176 Q/km and a capacitance of
38 nF/km. The approximate equivalent impedance is shown in Fig.34. The scale
factor k has been chosen in accordance with the above criteria, resulting in
the following practical values k = 0,636, Ryq = 130 @, Ry, = 820 Q,

Cqp = 220 yF and Rg = 390 Q. With the line current dependent gain control
activated a roughly equal sidetone level results (acoustically measured) for
telephone sets connected directly to the exchange and connected with a line of
10 km. Where no a.g.c. is used, the anti-sidetone has to be optimized for a
shorter line length, in order to obtain acoustically equal sidetone levels

for a set connected with a very short line and a set connected with a 10 km
line to the exchange. (Practical values for a line length of 2 km are: Ryqy =
130 Q, Ryp = 1 kQ, Cq2 = 100 nF and Rg = 620 Q). The overall sidetone
suppression is worse in this case compared with the situation where a.g.c. is
activated. In practice a compromise is chosen between the transmit and receive
gain and the sidetone level; sending and receiving gain will therefore be

reduced.

The attenuation of the received line signal between pins LN and IR is:

VIR Re//R3

VIN Ry + (Ry//R3)

where Ry is the input impedance of the receiving amplifier (typically 20 kQ).
This attenuation is about 32 dB for the basic application circuit shown in
Fig.31. Frequency dependence of the input attenuation is negligible over the
audio frequency range. However, to prevent high frequency components from
entering the receiving amplifier, a frequency roll-off can be obtained by

connecting a capacitor between pins IR and Veg-
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Complex set impedance
A complex network can be used instead of R;. Normally the bridge can be

rebalanced by readjusting the values of Rg and Zpa1r and either R,y or

R9. Changing R9 affects many other parameters and the range of

possible values is limited, so the design procedure given in Appendix C

should be considered. Changing R, influences the attenuation of the received
signal between pins LN and IR. This necessitates readjustment of the receiving
gain. Note that changing R, also influences the peripheral supply

capabilities.

In some cases, calculating the optimum condition is not very useful
because a compromise must be made to meet the sidetone requirement in several
conditions. In these cases, an empirical method is more practical and probably
faster. This involves performing acoustic measurements and changing the values
of 2,1 and Ry until the requirements are met. A more detailed analysis of

the TEA1060 family anti-sidetone bridge is given in Appendix A.

Wheatstone bridge

In the Wheatstone bridge (equivalent circuit shown in Fig.33(b)) optimum
sidetone suppression is given by:
Rg Ry Z1ine

mm— X s

Zhal provided that Rﬂ / R9>>1

21ine

Also for this bridge type a value for Z,,7 has to be chosen to correspond
with the average line length. The attenuation of the received line signal

between pins LN and IR is given by:

VIR Rg//Re /IRy

e =

Vin Zpal + (Rg//Ry//Ry)

where Ry = input impedance of the receiving amplifier at pin IR (typically 20 kQ)
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A practical circuit could have the following values; Rg = 820 Q,
Ry = 620 Q and 2p,, optimized for the line impedance as shown in Fig.34
with Ry = infinite and a 600 Q load at the line, the attenuation varies
typically from about 24 dB to 27,5 dB over the audio-frequency range; the lower
attenuation occurs at the upper frequencies. Ry is used to adjust the bridge

attenuation; its value doesn’t influence the balance of the bridge.

If complex set impedances are used with the Wheatstone bridge, it can be
rebalanced by altering the values of Zbal‘ However the frequency dependence
of the transfer function between pins LN and IR will increase. A more detailed

description is given in Appendix A.

HINTS FOR PRINTED CIRCUIT BOARD LAYOUT

To avoid heavy current flow through p.c.b. tracks near sensitive input tracks,
resistors Rg and R¢ must be close to pin Vpp, and the ground connection

of the earpiece should be at a point where no large line current is flowing.
The copper tracks connecting R; and R4 to the IC should be as short as
possible. The ground connection of all RFI capacitors should be large and as
close as possible to the pins that have to be decoupled. The ground plane must

also be as large as possible.
PERFORMANCE

The following measurements have been made with the basic application circuit
(DTMF dialling only) including RFI capacitors as shown in Fig.31. This gives an
indication of the performance of the TEA1060 family. A typical TEA1067 sample

was used.

BALANCE RETURN LOSS (BRL)

The result of the BRL measurement is shown in Fig.35. The impedance of the
circuit is shown in Fig.36. Different values chosen for Cy and for Rq will

have influence on the impedance and the BRL of the circuit as well as some

other parameters.
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FREQUENCY CHARACTERISTICS

Figure 37 shows the frequency-response of the sending channel measured between
the microphone inputs and the transmitter output at pin LN with a 600 Q load.
The microphone gain is set by R4 to 52 dB ( Ry = 68,1 kQ). The upper cut-

off frequency is about 24 kHz (mainly determined by the time-constant

R,C¢) . Note that if a complex set impedance is chosen, this will influence

the frequency characteristic.

Figure 38 shows the frequency response of the receiving channel measured
between pin LN and the QR+ output loaded with 150 Q (single ended drive; 10 pF
d.c. blocking capacitor). With Ry = 100 kQ the transfer ratio is -1 dB at
1 kHz. The lower cut-off frequency (120 Hz) is determined by load resistor R,
and the d.c. blocking capacitor C,. The upper cut-off frequency (about
9,5 kHz) is determined partly by R4C4 (15 kHz) and partly by the cut-off

frequency of the anti-sidetone circuit (18 kHz).

The frequency response of the anti-sidetone circuit (LN to IR) is given in
Fig.39. The cut-off frequency is about 18 kHz. This is determined by the 2,2 nF

capacitor between pins IR and VeE (necessary for r.f. suppression).

The transfer ratio as a function of frequency measured from the microphone
inputs to a 150 Q asymmetric load at the receive output QR+ (10 pF d.c.
blocking capacitor) is shown in Fig.40. This represents the electrical
sidetone. The sending signal at pin LN is also shown. Furthermore the receive
signal at the earpiece is shown with the same signal at pin LN in the receiving
condition. The difference between the wanted receive signal and unwanted
sidetone signal at the earpiece, with equal levels on pin LN in both the
receive and the sending conditions, is the electrical sidetone suppression. So
for this application, the electrical sidetone suppression for telephone sets
connected directly to the exchange is about 7,3 dB at 1 kHz. The result depends
mainly on the balance of the anti-sidetone circuit. In this case, the balance
impedance lpay has been optimized for a 5 km line with 0,5 mm diameter,

176 Q/km and 38 nF/km.

Electrical sidetone suppresion is not dependent on whether or not gain
control is used because both amplifiers (microphone and receive) are affected

by the gain control function.
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NOTSE

The typical psophometrically weighted (P53-curve) noise level measured on pin
IN with a 600 Q@ load is given as a function of microphone gain in Fig.41. The

microphone input was loaded with a 200 Q and an 8,2 kQ resistor.

Figure 42 shows the psophometrical weighted noise level at the receive
output (single-ended 300 Q load) as a function of microphone gain. Parameters
are the overall recelve gain AREC' which includes the anti-sidetone

attenuation, and the resistor across the microphone inputs.

EFFECT OF POWER-DOWN FUNCTTON

Figures 43 and 44 show the line voltage VLN and the line current I1ine with
and without the power down function in the application of Fig.45. A resistor

bridge was used in the exchange.

ACQUSTIC MEASUREMENTS; BST (British) AND FTZ121R8 (German) SPECTFICATIONS

Circuits like those in Fig.31, have been shown to meet the electrical
requirement of BS6317 for sets with a real impedance and with a complex
impedance. Furthermore, similar circuits using the TEA1067/8 can be designed,
for telephones with complex impedance, which meet or exceed the German Post

Office requirement, FTZ121R8.

The results of OREM A measurements are given in Fig.46. They are only valid
for the microphone, telephone transducers and cable used in the test. Other
types of cable require a different balance network Zhal and a different R¢
to correct the gain control curve.
o Bruel & Kjaer 3354 test system.
o Artificial cable (0-10 km) @ 0,5 mm, 176 Q/km, 38 nF/km
0 Exchanye supply voltage 48 V
o Feeding bridge 2 x 300 Q
o Application of TEA1067 shown in Fig.31
with Ry = 44,2 XQ: resulting in A = 23,8 dB
with Ry = 54,9 kQ: resulting in Ay 1061 = 36,2 dB
0 Microphone capsule : Electret with FET preamplifier
6,3 mV/Pa at 1 kHz
o Telephone capsule : dynamic Zp = 150 Q
30 dBPa/V at 1 kHz
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Fig.43 Line voltage and line current without power-down function. The upper
trace shows the voltage at pin Vpy With 5 V per division along the
vertical axis and zero volts along the middle horizontal line. The
lower trace shows the line current I ine with 20 mA per division along
the vertical axis and zero amperes aionq the bottom of the display. The
horizontal axis is in divisions of 20 ms per division.

Fig.44 Line voltage and line current with power-down function. The upper trace
shows the voltage at pin Vyy with 5 V per division along the vertical
axis and zero volts along tge middle horizontal line. The lower trace
shows the line current Iy;,q with 20 mA per division along the
vertical axis and zero amperes along the bottom of the display. The
horizontal axis is in divisions of 20 ms per division.
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Fig.45 Basic application diagram of TEA1067 in sets with combined pulse and
tone dialling including interruptor with interface. RFI capacitors are
marked with a *. Protection of the IC is by means of the VDR in
combination with a 12 V zener between LN and VEg- This also provides
symmetrical clipping of the sending signal.

25 7297787

OREM A

(d8) 20 [/"\

-5
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RRE - Receive Reference Equivalent
SRE - %Send Reference Equivalent:
SIRE - Sidetone Reference Egquivalent

Fig.46 OREM A Characteristics
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APPENDIX A - ANTI-STDETONE BRIDGE CALCULATIONS

The following calculations are necessary to achieve optimum sidetone suppresion
with the TEA1060 family. The calculations are given for both the TEA1060 family
anti-sidetone bridge and the Wheatstone bridge for both real and complex

impedance.
TEA1060 FAMILY ANTI-SIDETONE BRIDGE

The conditions during transmission with the TEA1060 family anti-sidetone bridge
are defined for the circuit shown in Fig.47 and the equivalent circuit in
Fig.48. From normal bridge considerations, we can write the following. For the
sending signal on LN if R, )>IR1//zline|' then:

RiZ1ine

R1 * lline
and for the signal on SLPE, if |Rg + Zball >> Rg, then,Vgypp = im Rg

SENDING CONDITIONS

Sending conditions are first considered in relation to the equivalent circuit
shown in Fig.49 and then redrawn, using Thévenin’s theorem, to give the

circuit shown in Fig.50, where:

) R4Z)ine
Vp = "1
Ry + Z1ine
) Zpal
Vg = 1pRg
Zpal * Ry

I1f we can say that R2)>IR1//ZIine], then the equivalent circuit can be
redrawn as in Fig.51. This in turn, can be rearranged as shown in Fig.52,
where:
R¢
Ve = Va

. R121ine Re
= -ip X
Ry + Ry Ry + Zy5pe Ry *+ Ry

If the superposition theorem is applied, the signal at the input of the
receiving amplifier is given by:
R2//Rt Ry + (RB//Zbal)
Vig =V +V
IR B C (Ro/ /2 )
(Rp//R¢) + Ry + (Rg//Zpa)) (Ry//Ry) + Ry + (Rg//Zpa)

205



TEA1060 Family Versatile Speech/Transmission ICs for Electronic Telephone Seis Speech/Transmission Circuits

R1
620
Q

RECEIVING
AMPLIFIER

MICROPHONE
AMPLIFIER

&
$ OUTPUT

STAGE

Ziine
-

7297788

Fig.47 TEA1060 family bridge anti-sidetone bridge

RECEIVING
AMPLIFIER

7297789

Fig.48 Equivalent circuit to TEA1060 family bridge derived from Fig.47

LN R2 R3 R8
1} =

.
ml Ziine | {R1 Ry Zpal TVSLPE

7297790

Fig.49 Equivalent circuit to the TEA1060 family bridge under sending conditions.

7297793

Fig.50 Equivalent circuit to Fig.49 after application of Thévenin’s theoren.

7297792

Fig.51 Modified equivalent circuit derived from Fig.50 with
assumption that Ry >>|R1 // Zlinpl

7297791

Fig.52 Rearrangement of circuit shown in Fig.51
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By substitution of Vg and V. we obtain:

. Zpal Ryl IRy
VIR = 1pRg X
Zpa1tRg  (Rp//Rg)+R3+ (Rg//Zpg5))
- R4lyine Ry Ry+(Rg//2p,)
- 1m X X

Ry*Zpay Ry * Ry (Ry//Ry) + Ryt(Rg//Zp,))

i Z

n bal
- X [R9 (RZ//Rt)
(Rz//Rt)+R3+(R8//Zbal) zbal+R8
Zline Re
- Ry x {R3+(Rg//2p,y)}]

Z1inetRq  Rp*R¢

ip Re Zpal Zline
= X X [R9 RZ-R1-—-—_-_—(R3+(RB//Zbal)}]
(Rz//Rt)+R3+(R8//Zbal) R2+Rt Zbal+R8 Zline+R1

The signal at the input of the receiving amplifier is completely cancelled when:
(a) R9R2 = R1[R3+ (Ra//zbal)]
and

b)
( Zpal lline

Zba1+R8 Zline+R1

If correct fixed resistor values are chosen for Ry, Ry and Rg, then
condition (a) will always be fulfilled provided that IRB//Zball<<R3.
To obtain optimum sidetone suppression, condition (b) has to be fulfilled,
resulting in:

Rg

2pal = —%line = ¥ Zline
Ry

where k is the scale factor and Rg = k Ry
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There are several points that should be noted in relation to the use of these
equations in practical circuitry:
1. In practice, Zjj,. varies considerably with the line-length and
cable type. Consequently, an average value of Zpal has to be chosen.
2. The impedance 2,y will normally be complex, and it is therefore
necessary that |Rg//Zy,;|<<R3 to fulfill condition (a) above.
The scale factor k is used for this purpose.
3. The input impedance of the receiving amplifier (Ry) has no influence

on the bridge balance.
RECEIVING CONDITIONS

The receiving conditions for the TEA1060 family anti-sidetone bridge can be
defined in relation to the equivalent circuits shown in Fig.53. The signal at
the input of the receiving amplifier is given by the following equation:
Rt//[R3+(R8//zbal)]
VIR = VLN

If we assume that IRB//Zba1|<<R3, then we can write the following:
Ry//R3

Ry+(Ry//R3)
so the attenuation of the circuit is independent of frequency, and of the value

of Zpa] under the conditions stated.

Example: If R2 = 130 kQ, R3 = 3,92 kQ, and Rt = 20 kQ, then
20 log (vIR/VLN) (attenuation of the bridge) is -32,2 dB.

It is therefore possible to select a value of lhay tO give optimum sidetone
suppression, with any type of cable, without substantially affecting either the
gain or the frequency response. In practice, the value of Rg//2Zy,; cannot

be entirely ignored, resulting in a small anti-sidetone attenuation error of
around of 0,2 dB over the frequency range 300 Hz to 3,4 kHz. The practical
value for the attenuation will be slightly smaller than the calculated value.

—
—{ —
+
vLNT Rl Ry Zpa RB

7297794

Fig.53 Equivalent circuit to TEA1060 family bridge under receiving condition.
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FREQUENCY DEPENDENCE ON RECEIVING CONDITIONS

The theoretical variation in attenuation over the full frequency range from
d.c. to infinity can be derived from calculations based on the equivalent
circuit shown in Fig.54. The frequency dependence of the circuit is due to the
impedance of the capacitor C because:

Ry

Zpal = Ry * _
. 1+ ]waXc

At low frequencies the value of Zp.; will be R, + Ry, and at high

frequencies will be Ra'

R¢

Vp = Vin
Ry + R,

and

Ry + (Rg//Zpa))

Vi = Vp
(Ry//Re) + Ry + (Rg//Zp,y)

So the attenuation of the circuit can be calculated from the following:

VIR R3 + (Rg//Zpa)) Re
_____ - %
VLN (Ry//Rg) + Ry + (Rg//Zpay) Ry + Ry

Example: At R, = 130 k@, Ry = 3,92 k@, Rg = 390 @, Ry = 20 kQ,

Ry = 130 9, Ry = 820 @, and C = 220 nF, we get an attenuation of
-31,7 dB at d.c. and an attenuation of -32 dB for f— , indicating
that in practice there is very little variation even over the maximum

possible frequency range.

7297795

Fig.54 Equivalent circuit to the TEA1060 family bridge for calculating
frequency dependence under receiving condtions.
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Ra
Rg Cs c

7297796

(a) (b)

Fig.55 Equivalent circuit:

(a) complex impedance to replace a real impedance in bridge circuit.
(b) transformed version for calculation.

RECEIVING
AMPLIFIER

7297797

Fig.56 TEA1060 family bridge with complex impedance.

RECEIVING
AMPLIFIER

7297798

Fig.57 TEA1060 family bridge as in Fig.56 with Ry and CY re-arranged

Ziine /2,

RECEIVING
AMPLIFIER

Sk

7297799

Fig.58 Anti-sidetone circuit of Fig.57 simplified.
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COMPLEX IMPEDANCE

For those applications where PTT authorities require the usual real telephone
set impedance has to be replaced by a complex impedance, the calculations
require that Ry is replaced by a suitable network L, such as that in

Fig.55(a), and we can write the following three equations:
o] RA = Rx//Ry

2
o Rp = Ry /(RX+RY)

o Cp = Cy[(Ry#R,) /R,

For the transformed version of this network, shown in Fig.55(b) we can write:
o R, = RA + RB

X
Ra
Q RY = w(RA + RB)
Rg
o C, = CylRp/(R, +Rg)1?

Recalculation for balancing the bridge to optimize the sidetone suppression is
necessary in order to take into account the complex impedance (see Fig.56).
Fig.56 can be redrawn as Fig.57 using the transformation. The calculation is

best handled, regarding R, and Cy as making a constant contribution to the

Y
line impedance. Substitution of Zy by Ry+(1/jwcy) results in Fig.58.

The complex impedance bridge can be balanced in the same way as the real
impedance bridge, but with Ry substituted for Ry and Zline//Zy
substituted for Zline' We then have the equation below:

im Rt
Vir = ®
(Rz//Rt)+R3+(RB//Zba1) R2+Rt
thal Zline//Zy
x [Rq Ry-Ry {R3+(Rg//Zpa ) H]
2pa1tRy (Zline//zy)+Rx
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The signal at the input of the receiving amplifier is completely cancelled when:

and
(b)
Zbal Zline//zy RS
= = Ipa) =~ (21ine//2y)
lpal * Rg (Zline//zy) + Ry Ry

which, with the substitution of k = (RS/Rx) as a scale factor, gives;
Zhal = k(zline//zy)' Generally, the resistance Rx is larger than the
original 600 Q taken for R1. This means that condition (a) above can be
fulfilled only by changing the value of either R3, R2, or R9. If we
assume that Rx>R1, then the three possible changes can be considered as

follows.

Decreasing R4 will also increase the attenuation of the bridge in the
receiving direction, and will also make it more difficult to meet the condition

IRS//Zbal|<(R3. Decreasing R4 is therefore not recommended.

Increasing R, also increases the bridge attenuation in the receiving
direction, thus reducing the maximum attainable gain. This reduction is
normally acceptable when a sensitive earpiece transducer is used, but may give

excessive noise with an insensitive transducer.

Increasing the value of Rq is the most preferable option. This will
slightly decrease the maximum obtainable gain in the transmitting direction
(microphone and DTMF gain) but will cause difficulty only if a very insensitive
microphone transducer is used; an associated shift in the start and stop points
of the gain control characteristic can easily be corrected with the resistor
connected to the AGC pin. There is also a small increase of slope in the d.c.

characteristic but this will be acceptable in most cases.

Thus, with a complex impedance in the TEA1060 family anti-sidetone bridge,
the circuit designer can select either the second or third option outlined
above. If neither of these approaches is preferred, then the Wheatstone bridge
can be considered as an alternative approach but this w.ll present a frequency-
dependent transfer characteristic between the line and the input of the

receiving amplifier.
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WHEATSTONE BRIDGE

The TEA1060 family can be used with the conventional Wheatstone bridge

configuration shown in Fig.59. The equivalent circuit is given in Fig.60. As a

more familiar circuit it may seem easier to design, but it has frequency-

dependent attenuation. If Rg>>Rq, then for the sending signal on SLPE, we

can write: I
VsLpE = 1n Rg

It should be noted that, in this circuit, the function of Ry is to adjust the

attenuation of the anti-sidetone circuit under receiving condition. In the

following calculations, Ry is neglected so the attenuation calculated is the

minimum value.
SENDING CONDITIONS
The sending conditions can be considered in relation to the equivalent circuit

of Fig.61. By using Thévenin's theorem, this can be replaced by the circuit

in Fig.62, where: RyZ

line
VA = -1
R4*21ine
. Rt
Vg = ipRg -
R8+Rt

Using the superposition theorem we can write:

. Ry Zpa1t(Rq//Z1ine
VIR = 1pRg X
R8+Rt Zbal+(R1//Zline)"'(RB//Rt)
i R1Z1ine Rg//R¢
i X
R4*Z)ine  Zpa1*(Rq//Zyjnel*(Rg//Ry)
lp Re RiZ)ine
ViR = X X [RS{Zbal+(R1//Zline), - "---’“Rgl
Zpa1*t(Rq//21ine)* (Rg//Ry)  Rg+Ry Ri*21ine
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RECEIVING
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7297803

MICROPHONE
AMPLIFIER
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_<¢ ouTPUT

STAGE

Zine
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Fig.59 Wheatstone bridge anti-sidetone circuit

RECEIVING
AMPLIFIER

S

7297802

Fig.60 Equivalent circuit to Wheatstone bridge anti-sidetone

'ML Ziine R1 Ry f imR9

7297801

Fig.61 Equivalent circuit to Wheatstone bridge under sending conditions

7297800

Fig.62 Equivalent circuit to Fig.61 after the application
of Thévenin’s theorem
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The signal at the input of the receiving amplifier is completely cancelled when

the following conditions are fulfilled:

RiZyine

RolZpa1*(Ry//2)jpe)] = ———
R4*Z1ine
Rg RiZ1ine

Zpa1*(Ry//2)jpe) = —— % —————
Rg Ri*Z)ine

Rg R4Z)ine
lpal = |71 X
R9 R1+zline

Then, if (Rg/Rg)>>1:
Rg R4
Zpal = X
Rg Ri*Z1ine

Hence, defining the optimum conditions for balance of the Wheatstone bridge.

Z1ine

RECEIVING CONDITIONS

The receiving conditions can be defined in relation to the equivalent circuit
shown in Fig.63. The signal at the input of the receiving amplifier is given by:

Rg/ /Ry

T e ——i i\

Zpa1*(Rg//Re)

VIR

So the attenuation of the anti-sidetone circuit is given by:

VIR Rg//Ry

VLN Zpa1*(Rg//Ry)
For any given value of Zj,,, the attenuation is frequency dependent because
Zpal is complex. If the impedance Zpal is changed to match a different type
or length of cable, the characteristic of the frequency dependence must also
vary. This affects the frequency response of the receiving channel, and the

attenuation of the anti-sidetone circuit so the gain will need readjustment.
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Zpal
bal IR R8

7297805

Fig.63 Equivalent circuit to Wheatstone bridge under receiving conditions.

7297806

Fig.64 Equivalent circuit to Wheatstone bridge for calculating
frequency-dependence under receiving conditions.

RECEIVING
AMPLIFIER

e

7297804

Fig.65 Wheatstone bridge anti-sidetone circuit with complex impedance
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FREQUENCY DEPENDENCE ON RECEIVING CONDITIONS

The theoretical variation in attenuation, over the full frequency range, can be
derived from calculations based on the equivalent circuit in Fig.64. The

attenuation of the circuit is given by:

VIR Rg//R¢
20 log = 20 log
VLN Zpal * (Rg//R¢)
Rp
lpal = Ry +
1+ ijbC

at f = 0, Zbal = Ra + Rb and at f—= 0, Zbal = Ra

So for the practical values of; R, = 9,1 kQ, Ry = 9,1 kQ, Rg = 820 Q,

Ry = 20 kQ, and C = 10 nF the attenuation is -27,6 dB at d.c., and -22 dB as

f = . This indicates that there is a significant variation in attenuation
(5,6 dB) between the extreme limits of frequency. At £ = 300 Hz the attenuation
is -27,5 dB, and the value, for f = 3,4 kHz, is -23,9 dB (a difference of

3,6 dB). These figures are the minimum attenuation values disregarding RA in
parallel with the Ry (see Fig.59) and if we now include Rp with the value

330 Q, the two limiting values are; -38 dB for d.c., and -32,2 dB as f =®, (a

variation of 5,8 dB).
COMPLEX IMPEDANCE

For those applications where PTT authorities require the usual telephone set
impedance to be replaced by a complex impedance, the calculations require that
Ry be replaced by a suitable network representing I, such as in Fig.55(a)
and Fig.55(b). Changing Ry to a complex impedance necessitates recalculation
to optimize the sidetone suppression. However, for the bridge in Fig.65 we can
adapt the balance condition derived earlier by replacing Ry with Ze and
again by assuming that (Rg/Rg) >> 1 we get the following balance condition:
R8 ZCZ
lpal == %
Ry Z¢ * Zyine
The occurrence of 2. in the equation for Zpal indicates the increased

line

capacitance of Zpal and it indicates the frequency-dependent nature of the
transfer function between the line, LN, and the input to the receiving

amplifier, IR.

na=
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APPENDIX B - GRAUE MIKROFON SCHNITTSTELLE

The TEA1067 and TEA1068 have been designed to meet the German “Graue Mikrofon
Schnittstelle” requirements. This requirement is a definition of a two-wire
mirophone input circuit which is suitable for several different types of
microphone without the need to readjust circuit parameters. This means that
microphones must have a certain sensitivity for a given load (8,2 kQ//22 nF).
Electret-condenser microphones may also be used, so it is be necessary to apply

a d.c. voltage at the microphone inputs (Tonaderspeisung).

Figure 66 gives a microphone input circuit example according to the

“Graue Mikrofon Schnittstelle" requirements.

The supply voltage is applied to microphone input terminals V1 and V2,via
the resistors Ry, Ry and Rg, making it pussible to power electret-
condenser microphones. Capacitors C4 and C2 prevent this supply voltage
from reaching the TEA1067/8 inputs MIC + and MIC-. Capacitor C; determines
the input capacitance of the circuit (22nF) while resistors Ry, Ry, Ry,

Ry and Rg determine the input resistance:

1 1 1 1

R R1+ RZ R3 + R4 RG

resulting in Rip = 8,2 kQ for the example given.

The tolerance of Rin need not be greater than 5% because the input impedance
is mainly determined by accurate external resistors. The tolerance of Rin
therefore results in only a small variation in gain between the input and the
line.

An application proposal according to the "Graue Mikrofon Schnittstelle* with
the TEA1068 is shown in Appendix D.

vee

R3
102
a1 wmcs R
V‘ 1l

ol

== C3

[ 220F

32k

mic- A2

V2

R4
10kQ

32kQ
SLPE

R7
2719

7297807

Fig.66 Graue Mikrofon Schnittstelle input circuit
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APPENDIX C - ADJUSTING PARAMETERS FOR THE TEA1060 FAMILY

START

decide on whether
a real or complex set impedance is requir:d

L check / adjust the set impedance (BRL) '

[

It check / rebalance / balance the anti-sidetone network ]

is correction possible
with d.c. characteristics

1s @ compromise of the
BRAL /supply possible

A

use an inductor
r

[
the TEA1080 supply circuit

can an
RC smoothing filter be used
between LN & SLPE

* Must be performed first time
without automatic gain control
function. If AGC is to be
applied, a reduction of side-
tone equal to twice the amount
of gain control should be
taken into account,

check / adjust the d.c. characteristics :

« d.c. slope
« maximum line voltage

+ SCHOTTKY DIODES
+ ACTIVE BRIDGE
* NORMAL DIODES

+ type of polarity quard

is the supply adequate
for peripheral circuitry
?

add level shifters
for logical inputs

check / adjust Rg

is automatic
gain control required
7

Ry.24

R1.24

R9.Zpal
R2.Rg

Rig
RREG-LN . RREG-SLPE

adjust the microphone amplifier gain as necessary R2 at i inputs
input
set the upper cut-off frequency [

for the microphone amplifier

I

et the lower cut-off frequency
for the microphone amplifier

adjust the DTMF input level

L 1 ]

check / adjust the receiver configuration (asymmetricsl /
symmetrical) and receiver gain

L set cut-off frequencies of the receiving amplifier I

capaciiors at microphone inputs

attenuator at OTMF input

Rq

Cq.Cy for upper cut-off
Cs.C3 for lower cut-off

2297814
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PPENDIX D - APPLICATION CIRCUIT EXAMPLES

224F 100k0
6200 l L
LD-\ 100
Ty g 0,1
N Vo uF
1 5 7
O N IF S0
7
+
TEA1060 TEA1080 VA ‘;g = TDA7050
7 t _T__u A(; El; VN2 6
RLs =500
VEE_ SLPE 1 Ls
27 pF 5
b/a 68 pF ==
H 7297811
zon[[] ot

Fig.67 Circuit diagram for listening-in application with
TEA1060, TEA1080 and TDA7050

R1
8250 el 22
uo[T] f]az inF
ke % a3nr 4
*1 10
nf
a7
L ; " N Vee
el 22
é—l OSCIN
DTMF [— T—{oscout
PCD 3326
TEA1068 3l
MUTE M1
X2 f—
X1 =
MIC — PD oP
Vob
e Y=
IC +
Y2
REG ce vsF:
SLPE_GAS1 GAS2 AGC STAB VEE
— V. Yal—
1 SS
332 365
560 Kk kQ BF
oF 423
1L
L
130
a 1208 B2ZX79 MQ switch
Lse 27[] -C5ve
" 2 8C547
+ +
sof] o < wal] 002t
100 T redial time
uf
L4
BST76A E[) 470k0
(S1 & S2 are operated simultaneously)
X)) 8zx7e [laro
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zig.ﬁa Circuit Diagram for Pulse-dialling with the Graue HOrkapsel
Schnittstelle and also incorporating the Graue Mikrofon Schnittstelle
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Summary:

This report describes differences between the low-voltage speech-
transmission IC's TEA1062 and TEA1067. The report should be used in
combination with the TEA1060 family designers’ guide (lit.1l).

The TEA1062 has a modified performance and less features compared to the
TEA1067.

Table of Contents:

1. INTRODUCTION
2. DESCRIPTION OF THE CIRCUIT

Pinning
. Line voltage and peripheral supply
. Microphone amplifier
. DTMF amplifier
. Receiver amplifier
. Automatic gain control
. MUTE input
. PD input
. Anti-sidetone circuit

NN NNNDNDNDNDNDN
WO P WN

3. PERFORMANCE

3.1. Impedance
3.2. Frequency characteristics
3.3. Noise

4. REFERENCES






Speech/Transmission Circuits Application of the Speech/Transmission Circuit TEA1062

1. INTRODUCTION

The TEAl06X family consists of a range of bipolar integrated circuits
performing all speech and line interface functions required in fully
electronic telephone sets.

The TEA1060 family designers guide (lit.l) provides information on most of
the members of the TEAl106X. The TEA1062 is not described in this guide.
Detailed information about this circuit can be found in the datasheet
(1lit.2).

The TEA1062 is a low-voltage speech-transmission IC able to operate down to
a dc line voltage of 1.6 V to facilitate the use of more telephone sets in
parallel. The TEA1062 has a modified performance and less features compared
to the TEA1067.

In this report differences between the TEA1062 and the TEA1067 as described
in lit.1 are elucidated. When applying the TEAl062 this report should be
used in combination with the designers guide.

The figures given in this report all refer to the TEA1062.

The TEA1062 is described in this report with respect to the basic
application circuit shown in fig. 1 (1it.3).
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2. DESCRIPTION OF THE CIRCUIT

2.1 Pinning

The pinning/signal functions of the TEA1062 are in given in fig. 2.

w ] U [16] stee
Gasi 2] [15] Acc
Gas2 (3| 14] ReG

QR4 E Vee

TEA1062
Gar[s 12| MUTE
Mic-{ s 1] DTME
mics[7 Em
staz s [ 9] Vee
7287254.1

PINNING
1 LN

2 GAS1
3 GAS2
4 QR

5 GAR
6 MIC—
7 MIC+
8 STAB
9 Veg
10 IR
11 DTMF
12 MUTE
13 Vce
14 REG
15 AGC
16 SLPE

positive line terminal

gain adjustment; transmitting amplifier
gain adjustment; transmitting amplifier
non-inverting output, receiving amplifier
gain adjustment; receiving amplifier
inverting microphone input
non-inverting microphone input
current stabilizer

negative line terminal

receiving amplifier input

dual-tone multi-frequency input

mute input

positive supply decoupling

voltage regulator decoupling

automatic gain control input

slope (DC resistance) adjustment

Figure 2: Pinning diagram

The TEA1062 has two pins less compared to the TEA1067:

- PD : power-down input;

- QR-: inverting output receiver amplifier.

2.2 Line voltage and peripheral supply

In fig. 3 the internal supply current I..

is shown as a function of V...

For Vo= 2.8 V I..= 0.8 mA for the TEA1062 and I~ 1.0 mA for the TEAL067.

An=
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Figure 3: Internal supply current I.. as a function of V .

In fig. 4 the dc line voltage Vpy is given as a function of the line current

Line:

Vin= 3.9 V. Another difference between both IC’

For a line current of 15 mA Viy= 4.0 V, whereas for the TEA1067
s is the minimum and maximum

LN
value of the line voltage for Ijjpe= 15 mA: for the TEA1062 the minimum
value equals 3.55 V and the maximum 4.25 V, whereas for the TEA1067 these

values are 3.65 V and 4.15 V. For a Ijjpe= 1 mA Vig= 1.6V for both devices.

Vin(v)

]

390

300

e
_—

P
////// 200

T

50

100

T)ine(ma)

150

Figure 4: Vpy as a function of the line current Ijjpe.
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The dc line voltage can be increased by connecting a resistor between the
pins REG and SLPE and decreased by connecting a resistor between the pins
REG and LN. The influence of these resistors is slightly different compared
to the figures given in lit.l because of the slightly higher reference
voltage of the TEA1062.

Fig. 5 shows how Viy_.s1pE changes with the value of RRgg.srpe and Rppg-1IN-
The line current Ijjpe=

Vin-sLpe(V)

7 r7 T ’

0 20 40 60 80 100 100 80 60 40 20 0

R (kD
REG- LN (K) RREG-sLPE(KD)

Figure 5: Internal reference voltage Vin.srpg as a function
of Rpeg-srpE and Rppg.1N

If a resistor of 68 kO is connected between LN and REG Vyy= 3.5 V
(VLN'SLPE + VSLPE) for the TEA1062 and VLNB 3.4 V for the TEA1067.

Fig. 6 shows the available peripheral current I, as a function of V.. for a
line current of 15 mA for both the speech mode and the mute mode.

In the mute mode for the TEAl062 I,= 1.55 mA for V..,= 2.5 V, whereas for the
TEAL067 Ip= 1.25 mA. An increase of 0.3 mA is obtained with the TEA1062 to
supply peripheral circuits. This is caused by a lower I.. and a higher
reference voltage Vi of.

In the speech mode for the TEA1062 the available current Ip= 1.15 mA for
Vee= 2.5V, and for the TEA1067 Ip— 0.8 mA.
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3
I, (mA)

1.55 L. _\--

|
0.45 F===5 X

|

|

'

o \

2 3 VCC ) 4

Figure 6: I, as a function of Vee (I1ipe= 15 mA)
a: mute mode: Viyn=1.0 V.
b: speech mode:Vin=1.4 V... (THD < 2%)
VQR=150 mVyno across 150 Q (THD < 2%)

The available current I, and the corresponding voltage Vee as a function of

the line current are shown in fig. 7a and b for the speech mode, and in
fig. 8a and b for the mute mode.
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Figure 7: Ip (a) and V.. (b) as a function of the line current
in the speech mode
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Figure 8: Ip (a) and V.
in the mute mode
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Fig. 9 shows the available supply current I, as a function of Rl in the mute
condition. Decreasing Rl leads to an increase in supply capability. A
smaller value of Rl can be used in countries where the balance return loss
(BRL) is better than the PTT requirements.

6
Ip(ma)
\
\
Ay
. X
._\
\\Qtizzjv
2
\ ~~—
Vee = 2.9V I~ \,\
- -
\ \
\\
o
200 600 RL(A) 1000

Figure 9: Supply current Ip as a function of Rl in the mute mode
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2.3. Microphone amplifier

The gain of the microphone amplifier of the TEAl062 is comparable to that of
the TEA1067. In fig. 10 the microphone gain is shown as a function of R7 for
different values of R9. The spread on the nominal value of 52 dB

(R7= 68.1kQ) is 1.5 dB for the TEA1062 and 1.0 dB for the TEA1067.

60 335
A-m(dB) : 3 ADTMF(dB)
L Rg |
L 4
1l
L 1
- 200 -
i V1 :
30Q i
sof 17 — 235
: AL
L ) 4 /:/ ¥
* / / / 1
- 4
- v q
40 13.5
L 4
- .
i
10 20 R7 (k) 100

Figure 10: Microphone gain as a function of R7

To ensure stability of the microphone amplifier of the TEAl062 an additional
capacitor Cl7 is connected between GAS1l and VEE. Cl7 should be 10 times Cé6.
However, this also influences the set impedance. The set impedance has to be
multiplied in this case by

1 + jwR7C6

1 + jwR7(C6 + C17)

Consequently, an additional zero and pole are introduced. In this
application with C6 = 100 pF, C17 = 1 nF, and R7= 68.1k(} a pole is present
at figp= 2.1 kHz and a zero at f3gp= 23 kHz. The BRL is affected by this
modification of the set impedance as is shown in chapter 3.

Fig. 11 shows the maximum output swing of the transmitter stage as a

function of the line voltage Vpy for a line current of 15 mA. The results
for the TEA1062 and TEA1067 are comparable.
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Figure 11: Maximum output swing of the transmitter stage as a function

of the line voltage Viy (I1ipe= 15 mA)

Fig. 12 shows the maximum output voltage at pin IN as a function of the line
current Ijjne in the low current range.

3

vui(rms) W)
THD=

10%

2%

N

e

()
10 15 I1ine(mA) 20

Figure 12: Maximum output voltage Viy(rms) as a function of I1ipe

For a line current of 15 mA and a total harmonic distortion of 10%
VIN(rms)= 2.1 V for the TEAl062 and ViyN(yps)= 2.2 V for the TEAlQ067.
However, the typical value for the TEAl062 is Viy(yms)= 2.3 V.
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The typical maximum output swing of the TEA1062 is slightly higher compared
to that of the TEAl067 because of the reduced internal current consumption
I.. and the slightly higher reference voltage V. .f.

Fig. 13 shows the transmit gain as a function of Viy. A significant
difference is obtained with respect to the TEAl1067: at Viy= 2.0 V the
reduction is approximately 0.5 dB for the TEA1l062 and 2 dB for the TEAl067
and for Viy= 1.8 V the reduction is 5 dB for the TEA1062 and 8 dB for the

TEA1067.
0
8A,(dB) [

1 2 3 . VW 4

Figure 13: Transmit gain AAp as a function of the line voltage Viy

2.4. DIMF amplifier

The gain of the DTMF amplifier of the TEAl1062 is identical to that of the
TEA1067. However, the spread on the nominal value of 25.5 dB (R7= 68.1 kQ)
is 1.5 dB for the TEA1062 and 1.0 dB for the TEA1067.
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2.5. Receiver amplifier

With the TEA1062 only a single-ended configuration is possible: the
inverting output QR- of the TEA1067 is not present in this IC.

The gain of the TEA1062 is comparable to that of the TEAl067. In fig. 14 the
receiver gain is shown as a function of R4. To ensure stability of the
receiver amplifier at low line currents when it is loaded with a low-ohmic
impedance (150 Q) the maximum gain from pin IR to QR should be limited to 31
dB for the TEA1062, instead of the 3148 dB for the TEA1067. The spread on
the receiver gain is 1.5 dB for the TEA1062 and 1.0 dB for the TEA1067.

as
Ap(dB)

35

25

10 50 100 1
Ry (k) 000

Figure 14: Receiver gain as a function of R4
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In fig. 15 the maximum output swing of the receiver output stage Vor(rms) is
shown as a function of the dc voltage Vyy for Ijjpe= 15 mA and a total

harmonic distortion of 10%. For Viy= 4.0 V VQR(rms)= 380 mV for the TEAL062
and 320 mV for the TEA1067 for a 150 Q load.

VQR(rms)(mv)

1000

THD-IO%I

Iine~15mA

800

47 nF + 100 @

N

7300 Q

600

,//{/;; a

200

/
/
/

Figure 15: Maximum output swing Vop(rms
(Viy is set by means of Ry,

4 VN s
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Fig. 16 shows the maximum output swing of the receiver output stage VoRr(rms)
as a function of the dc voltage Viy in the low-voltage range for three load
values and for a total harmonic distortion of 10%.

infinite
600
rnn-los'
Vor (rms) (mV) R4=100kQ
f=1kHz
300 a
400 150 @
200
e
s
0
1 2 3 Vin(v) 4

Figure 16: Maximum output swing VQr(rms) a@s a function of Viy
in the low-voltage range

With Viy= 2.0 V for a 150 O load an output swing of 20 mV is obtained with
the TEA1062 and 15 mV with the TEA1067. However, the typical values of both
IC’'s are identical.
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Fig. 17 shows the receiver amplifier gain as a function of Vpy.

0

8AT(dB)

-10

|

1 2 3 v 4
Figure 17: Receiver amplifier gain AAT as a function of Viy

The gain starts to decrease when Vyy= 2.3 V for the TEAl062, whereas for the
TEA1067 the decrease starts for Viy= 3.0 V. The local minimum in the

receive gain of the TEA1067 for Viy= 2.3 V has disappeared. For Viy= 2.0 V
the reduction in gain is approximately 13 dB for both devices.

2.6. Automatic gain control

The line-current-dependent.gain-control characteristics of the TEA1062 and
the TEA1067 are comparable. The gain-control range is 5.8 dB for the TEA1062
instead of 5.9 dB for the TEAl1067. Refer to lit.l for details.

2.7. MUTE input

The MUTE-input characteristics of the TEA1062 and the TEAl1067 are similar.
Refer to lit.l for details.

2.8. PD input

The TEA1062 does not have a power-down (PD) input. This input is used in the
TEA1067 to reduce the internal supply current during interruptions.

2.9. Anti-sidetone circuit

The anti-sidetone characteristics of the TEA1062 and the TEAlO067 are
similar. Refer to lit.l for details.
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3. PERFORMANCE

3.1. Impedance

The impedance of the circuit is shown in fig. 18. The dotted lines represent
a balance return loss of 20 dB, 14 dB, and 8 dB (with respect to a 600 Q

impedance).
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Figure 18: Polar plot of the impedance between the telephone lines

The BRL of the circuit is larger than 20 dB for the telephony audio
frequency range. For a frequency of 1 kHz the impedance does not equal the
600 O real impedance. This is caused by the capacitor Cl17 of 1 nF between

GAS1 and VEE.
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3.2 Frequency characteristics

Fig. 19 shows the frequency response of the transmitting channel measured
between the microphone inputs and the transmitter output at pin LN with a
600 Q load.

52 T T T

Apjc(dB)
p—"""1 \
4 \
T ~N
! i L)
i | ; Co
51 + -
P
50
100 1k f(Hz) 10k

Figure 19: Frequency characteristic of the microphone amplifier

The microphone gain is set to 51.8 dB by R7 (68.1 kl). The upper cut-off
frequency is approximately 21 kHz (predominantly determined by the
timeconstant R7C6).

Fig. 20 shows the frequency response of the receiving channel measured
between the input IR and the output QR loaded with 150 Q.
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Figure 20: Frequency characteristic of the receiving channel
measured between IR and QR
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For 1 kHz the gain is 31 dB. The upper cut-off frequency is approximately 14
kHz (determined by the timeconstant R4C4).

Fig. 21 shows the frequency response of the receiving channel measured
between pin LN and the QR output loaded with 150 Q. The transfer ratio is
-1 dB at 1 kHz.

In this case the upper cut-off frequency (9.5 kHz) is partly determined by
the time constant R4C4 and partly by the cut-off frequency of the anti-
sidetone circuit.
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Figure 21: Frequency characteristic of the receiving channel
measured between LN and QR
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3.3. Noise

The psophometrically-weighted (P53-curve) noise level measured on pin LN
with a 600 0 load is given as a function of the microphone gain in fig. 22.

The microphone input is loaded with a 200 Q and a 8.2 ki resistor.

Vnoise LN(dBmp)

-65
Rurc+-MIC-
I]ine~15mA .
8.2kq
2000
-70 //,
-75
40 45 50 Ap(dB) ss

Figure 22: Psophometrically weighted (P53-curve) noise on pin LN

as a function of the microphone gain

For a 200 0 microphone input load and a microphone gain of 52 dB the TEA1062
has a noise level of -69 dBmp and the TEA1067 of -72 dBmp. The difference
between a 200 Q and 8.2 ki microphone load is 1dBmp for the TEALl062 and

3dBmp for the TEAlQ67.
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Fig. 23 shows the noise output level on pin QR loaded with a 300 Q resistor
as a function of the receiver gain. For a gain of 31 dB the noise output
voltage is 50 pV,pg, which is comparable to the TEA1067 noise level.

Vnoise QR(“Vrms )

100

70

50

30

25 30 35 Apec(dB)

Figure 23: Psophometrically weighted (P53-curve) noise level on pin QR
as a function of the receiver gain
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with peripheral supply current as a parameter; (appllcatlon with
regulated line voltage; R15=0Q; R16=200Q)

Fig. 12. Application with stabilized supply voltage for perlpheral circuits

Fig. 13. Equivalent impedance between LN and VEE at £>300Hz in the
application with stabilized supply voltage for peripheral
circuits. e e e e e

Fig. 1l4. Allowed range for the ratlo RlS/R16 in the application with
stabilized supply for peripherals; setimpedance Zref=600Q;

a) R1=600Q; b) R1=400Q . e e e e e e e e e e

Fig. 15a. DC voltage drop Viy as a function of 1line current in the

application with stabilized supply; parameter is Ip.
R15=392Q, R16=56Q .
Fig. 15b. Peripheral supply voltage Vp as a functron of perlpheral supply
current Ip with stabilized supply.
R15=392Q, R16=56Q . e e e e e e e e e e
Fig. 16a. DC voltage drop Vyy as a function of line current in the
application with stabilized supply; parameter is Ip;
R15=200Q2, R16=33Q .
Fig. 16b. Peripheral supply voltage Vp as a functlon of perlpheral supply
current Ip with stabilized supply,
R15=2000, R16=33Q

Fig. 17. Maximum AC sending level on the llne as a functlon of 11ne current
with peripheral supply current as a parameter; (appllcatlon with
stabilized supply; R15=392Q, R16=56Q, without R17)

Fig. 18. Maximum AC sending level on the line as a function of llne current
with peripheral supply current as a parameter; (application with
stabilized supply; R15=200Q; R16=33Q; without R17)

Fig. 19. TEA1064 with complex set impedance e e e e e e e

Fig. 20. Allowed range for the ratio R15/R16 in the application with
stabilized supply for peripherals;

a) German setimpedance Zref=2200+820Q//115nF
b) British setimpedance Zref=370Q+620Q//310nF

Fig. 21. Internal reference voltage Vgcp-Vgrpp = Vref as a functlon of R17
for line currents between 11 and 140 mA . . .

Fig. 22. Supply configuration using VCCl to supply an actlve mlcrophone
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Fig. 23. Methods of connecting microphones. .

Fig. 24. Microphone gain and DIMF gain as a functlon of the value of R7

Fig. 25. Maximum output voltage of the transmitting output
stage versus Ijjpe in low line current range (with a 600 Q
telephone set connected in parallel) .

Fig. 26. Typical change of transmit gain as a functlon of DC voltage VLN in
the low voltage range (parallel operation with Iline = 2-11 mA).

Fig. 27. Dynamic behaviour of the dynamic limiter; definition of attack (a)
and release times (b)

Fig. 28. Maximum sending output swing on LN as a funct1on of the DC voltage
drop Vyyn-Vgppg with Iline-Ip as a parameter, R15=392Q, R16=56Q; or
R15=00 and R16=392+56=448Q. e e e e e

Fig. 29. Alternative receiver arrangements

Fig. 30. Gain of the receiving amplifier (ATA and ATS) and the confldence
tone gain as a function of R4. ..

Fig. 31. Maximum output swing of the receiving ampllfler as a functlon of
the DC voltage drop Viy with the load at the receiver output as a
parameter; Valid for both supply options

Fig. 32. Maximum output swing receiving amplifier versus VLN in 1ow voltage
range. (Parallel operation with Iline =2 - 11 mA). e

Fig. 33. Typical receive gain versus Vyy in low voltage range
(parallel operation with Iline = 2-11 mA). .o

Fig. 34. Gain control characteristics; 600 Q feeding bridge

Fig. 35. Gain control characteristics; 400 Q feeding bridge

Fig. 36. Gain control characteristics; 800 Q feeding bridge

Fig. 37. Gain control characteristics; 1000 Q feeding bridge

Fig. 38. Anti-sidetone circuits .

Fig. 39. Equivalent circuits .

Fig. 40. Equivalent line impedance for optlmum sldetone suppre351on of a s
km of 0.5mm copper twisted pair; 176 Q/km, 38 nF/km . . .

Fig. 41. Application of TEAl064 (stabilized supply), with ba51c RFI
protection in sets with DIMF dialling (without flash) .

Fig. 42. 'RF-guard’ positioned at the handset cord and base cord incoming
lines .

Fig. 43. Basic appllcatlon of TEA1064 (w1th stablllzed supply) in sets w1th
combined pulse and tone d1a111ng including interrupter with
interface.

Fig. 44. Balance Return Loss and magnltude of set 1mpedance between lO Hz
and 20 kHz .o

Fig. 45. Polar plot of the set 1mpedance between a/b termlnals

Fig. 46. Frequency characteristic of the microphone amplifier

Fig. 47. Frequency characteristic of the receiving channel. .

Fig. 48. Frequency characteristic of the electrical sending (a), rece1v1ng
(b) and sidetone (c) in the case of a telephone set connected via
a very short line to the exchange . e e e e e e e

Fig. 49. Dynamic behaviour of the dynamic 11m1ter horizontal time base:
(a) 200 msec/div, (b) lmsec/div. .

Fig. 50. Static behaviour of the dynamic llmlter sending signal on LN as
function of the microphone input signal o

Fig. 51. Psophometrically weighted noise on the transmltter output LN as a
function of microphone amplifier gain .

Fig. 52. Psophometrically weighted noise at the QR+ earplece output as a
function of microphone amplifier gain .

Fig. 53. Line voltage and line current during pulse dlalllng w1thout the
use of power down (a) and with power down function (b)
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1. INTRODUCTION

The TEA1064 speech transmission IC is based on the well-known TEA1067.
Besides all features of the TEAl1067 the TEAl064 also incorporates a dynamic
limiter in the sending amplifier and an improved and more flexible supply
point for peripheral circuits.

Performance of the mute, DTMF and AGC circuitry have been optimised further.

The application of this circuit is even more flexible than the rest of the
TEA1060-family. A guide to show all the possibilities of the IC is very
important. This report is intended as such a guide to provide all the
necessary information to the set-designer. An extensive description of the
IC is given and a flow chart giving the correct order to adjust parameters.

2. DESCRIPTION OF THE CIRCUIT
2.1. BLOCKDIAGRAM

The blockdiagram of the TEAl064 is shown in Fig. 1. The internal functions

are:

- Voltage regulator with low voltage drop (internal reference voltage is
3.3 V). The voltage drop can be increased externally (to Vref=4.3 V max).
The static resistance is adjustable.

- Supply for powering peripheral circuits with two optionms:

* unregulated supply; regulated line voltage
* stabilized supply; line voltage varies with peripheral supply current.

- Dynamic limiting of the sending signal (controlled by speech) prevents
distortion and 1limits the maximum level of both the transmitted line
signal and the sidetone.

- Microphone amplifier with a wide-range gain setting (44 to 52 dB) and a
frequency roll-off with adjustable cut-off frequency.

- Very high-impedance microphone inputs (64kQ) for accurate microphone
matching with external resistors; suitable for all types of microphone
transducers.

- DIMF input.

- Confidence tone in the earpiece during DIMF dialling.

- Transmitting output stage.

- Receiver amplifier with two complementary outputs suitable for magnetic,
dynamic or piezoelectric earpieces; the amplifier has a wide gain setting
range (20 to 45 dB) and adjustable cut-off frequency.

- Line loss compensation facility (line current dependent) for the
microphone and earpiece amplifiers. The control curve has been optimised
for a 6000 feeding bridge and is adaptable to various exchange supply
voltages.

- Mute input to inhibit both the earpiece amplifier and the microphone
amplifier during dialling, and to enable the DIMF input and the
confidence tone.

- Power-down input to minimize the internal current consumption of the IC
during line interruptions with pulse dialling or register recall (flash);
the voltage regulator capacitor is disconnected to prevent start-up
delays after line interruptions to minimize the contribution of the IC to
the shape of the current pulses during pulse dialling.

- Low-voltage circuit enabling parallel operation (> 1.7V).
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Fig. 1. Blockdiagram
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Fig. 2. Pinning diagram

positive line terminal

gain adjustment; transmitting amplifier
gain adjustment; transmitting amplifier
inverting output, receiving amplifier
non-inverting output, receiving amplifier
gain adjustment; receiving amplifier

decoupling for transmit amplifier dynamic limiter

inverting microphone input
non-inverting microphone input
current stabilizer

negative line terminal

dual-tone multi-frequency input
receiving amplifier input

mute input

power-down input

internal supply decoupling

voltage regulator decoupling

automatic gain control input

reference voltage with respect to SLPE
slope adjustment for DC curve/reference
peripheral circuits
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- Automatic disabling of the DIMF amplifier in extremely low voltage

conditions.

The anti-sidetone circuit is implemented outside the IC by means of discrete
components, thus allowing maximum flexibility of circuit design.
The pinning is shown in Fig. 2 together with a list of the pin functions.
These abbreviations are used throughout the chapters that follow.
shows the basic application diagram.
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Fig. 3. Basic application of the TEAl064 with regulated line voltage
(not including protection).
For the basic application giving stabilized supply voltage for
peripherals the above circuit is changed as follows:
R15 must be 392Q; the value of R16 is changed to 56Q; the value
of C3 is changed to 470 nF; R17 is removed.
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2.2. SUPPLY AND SET IMPEDANCE

The IC is supplied with current from the telephone line. For effective
operation of the telephone circuitry it must have a low resistance to d.c.
and a high impedance to speech signals (300 to 3400 Hz). This is done by
incorporating a voltage regulator in the IC in series with an artificial
inductor. The total equivalent impedance of the circuit depends on the
supply mode that is chosen (regulated line voltage or stabilized supply
voltage).

The internal voltage regulator generates a temperature compensated reference
voltage that is available between pins VCC2 and SLPE [Vref = Vggo-Vgrpg =
3.3 V (typ.)]. This internal voltage regulator must be decoupled by a
capacitor between REG and VEE.

The reference voltage can be used: i
* To regulate directly the line voltage (stabilized VinN-Vgipr = Vec2-VsLPE) -
* To stabilize the supply voltage for peripherals. (Stabilized Vggo-Vgipg:

varying VLN-VSLPE) .

This means that two options are available for the supply. Both options have
their own merits. The best choice between them depends on local PTT
requirements and on the requirements imposed by the set designer. Some
design considerations (features) are given below.

Regulated line voltage
- Same behaviour as the well known TEA1060/61/67/68.

- The line voltage does not depend on peripheral supply current.

- The supply capabilities for peripherals do not depend on the line current
(when Iline > 11 mA).

- The supply voltage for peripherals decreases with peripheral supply
current (internal resistance is in the order of 400 Q).

- First order control loop for the voltage regulator; stability is always
guaranteed.

- Requirements for set impedance (Balance Return Loss) can be met with high
margin (the basic application with a 6000 set gives a BRL=21 dB at 300 Hz
and BRL=6dB at'50 Hz); increasing this margin is possible.

- High degree of freedom in the choice of set impedances; adjusting the set
impedance is rather easy.

Stabilized supply voltage for peripherals

- Line voltage increases with supply current for peripherals.

- The supply capabilities for peripherals do not depend on the line current
(when Iline > 11 mA).

- The supply voltage for peripherals is virtually independent of peripheral
supply current (internal resistance is in the order of 50 Q).

- Second order control loop for the voltage regulator; a compromise between
stability and set impedance becomes necessary. '

- As a consequence the requirements for set impedance are met with less
margin at low frequencies (the basic application with a 6000 set gives a
BRL=17 dB at 300 Hz and BRL-3dB at 50 Hz)

- Less flexibility w.r.t. the choice of set impedance; adjusting the set
impedance imposes a new compromise between BRL and stability (readjustment
of some component values). ‘

Both supply options are described in the following paragraphs.
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2.2.1. REGULATED LINE VOLTAGE.

In this mode the VCC2 pin is connected to the LN pin. The general supply
arrangement 1is shown in Fig. 4. This configuration gives a stabilized
voltage across pins LN and SLPE (same as for TEA1060/61 TEA1067 and TEA1068
transmission IC's). Now this voltage between LN and SLPE is passed through a
lowpass filter (consisting of R16 and C15) to provide a supply to the
peripheral circuits (VDD-Vgrpg = Vp). The peripheral supply voltage Vp is
independent of the line current (provided that Iline > 11 mA) and depends
only on the peripheral supply current (internal resistance is equal to R16).

REMARK: The reference ground level for the peripheral circuitry is SLPE and

not VEE!
Ip+025mA
Ry; . R1
ine Hine . A
—d v et
IsLPE ¥ Iccry
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Fig. 4. Application with regulated line voltage (stabilized Viy-Vgrpp)-
The voltage Viyn-Vgrpg is fixed to Vref=4.3+0.35V with R17=20kQ;
Vref=3.3+0.25V without R17.

The line voltage:
Vin = Vin-Vsrpg + (Isppe*R9)
Vin = Vref + ([Iline-I;g1-0.25mA]*RY)
Vin = Vref + ([Iline-1.5mA]*R9)

The equivalent impedance of the circuit is shown in Fig. 5. The value of the
artificial inductor Leq = Rp.R9.C3. The value of C3 also determines start-
up time of the DC-voltage regulator and has been chosen such that the
voltage regulator starts-