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Abstract

This information document provides information about a study concerning convenient invocation of Relay Services for persons with disabilities.

There are today three main types of relay services that contribute to access to telecommunication for persons with disabilities: 

· The video relay service, translating between sign language in a videophone and spoken language in a voice phone. 

· The text relay service that translates between written language in a textphone and spoken language in a voice phone. 

· Speech-to-speech service that supports and clarifies speech that is weak or hard to understand.

The relay services are very important means for translating between different modes of communication. In Sweden the relay services are procured by the Swedish Administration (National Post & Telecom Agency, PTS).

Today, calling through a relay service is in most cases a two step procedure. A person calls the service and then tells where the call should go. The relay service calls the other party and conveys the call.

This two-step procedure is drastically different from how voice telephone users can call each other directly. Sometimes this difference creates hampering limitations for the relay service users. It would be an important step towards equal opportunities in telecommunication if some of these limitations could be reduced or eliminated. 

The study ”Convenient connection of relay services”, that was commissioned by the Swedish Administration and conducted by Omnitor, describes more convenient solutions for invocation of a relay service in a call. The study also includes how calls with the emergency service can be supported by relay services. 

The study encompasses invocation of relay services in the following call cases:

· Call with one number or address to the relay service user via the relay service.


· Call directly from the relay service user to the voice phone user via the relay service.


· Forward voice calls directed to a voice phone so that they are routed through a relay service to a relay service user.


· Transfer an incoming voice call to a relay service user via the relay service.

· Transfer an ongoing voice call to a relay service user via the relay service. 


· Invoke a relay service in a call after evaluation of the capabilities and preferences of the parties and their terminals.


· Enable emergency services to include relay services to support a call with maintained direct contact with the user in emergency.

The study reports what methods seem to be realistic and possible to implement for both traditional telephony networks and more recent communication solutions.

User organisations, technology and service providers and authorities got opportunities to review early results and contributed with comments.

The study ended with a simple demonstration of the new opportunities provided by the some of the new invocation methods.

The study is reported in two reports. One is about needs and generic solutions and the other is about solutions.
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1. Introduction

Today three types of relay service are in common use:
e The Relay Service for Video Telephony, which translates between sign language in
videophones and spoken language in voice phones.
e The Relay Service for Text Telephony, which translates between text in textphones
and speech in voice phones.
e The speech-to-speech relay service (TeleTal) which supports speech that is difficult
to understand.

These Relay Services are very good and important for translation between various means of
communication. They thereby contribute towards ensuring equal opportunities for
telecommunications for people with disabilities. Further variations of relay services can be
created through new combinations of media and language in the calls.

To call through a relay service is currently a two-step process. First a person calls the
service and explains who they really want to call. The relay service then connects and
performs the relaying action.

The methods for invoking the relay service for a call can be improved so that the relay
service can contribute more effectively to equal opportunities for communication.

This report aims to describe the need for more convenient (less difficult or smooth)
solutions for invoking a relay service for a call and a general solution that can be applied to
different network environments and relay services.

This report is a sub-report from the pre-study ‘Convenient Invocation of Relay Services’.
This pre-study was conducted during August to November 2005 by Omnitor,
commissioned by the Swedish National Post and Telecom Agency (PTS). Robert Hecht at
PTS is the Project Officer. At Omnitor the study was conducted by Gunnar Hellstrém and
Erik Zetterstrom.

Contact details:

Swedish National Post and Telecom Agency (Post & Telestyrelsen, PTS)
Robert Hecht

Tel.: +46 (0)8-678 58 91

E-mail: robert.hecht@pts.se

Website: www.pts.se

Omnitor

Gunnar Hellstrém

Tel.: +46 (0)8-556 002 03

E-mail: gunnar.hellstrom@omnitor.se
Website: www.omnitor.se
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2. Terms and abbreviations

2.1. Terms

Address

An identity that the communications network uses to identify users, terminals and services.
In the telephone network the telephone number is the address, but other networks may use
other forms of address that are not numerical.

Call transfer
A supplementary service in the telecommunications system that substitutes a call party
during a call.

Communications assistants
Staff at the relay service who interpret or relay the call.

Relay service users
Users of the relay service who are deaf, hard of hearing, deaf-blind or speech-impaired who
use a textphone or a videophone.

Voice phone users
Hearing/speaking users who use a voice phone or use a multimedia phone for speech.

Call forwarding
A supplementary service that makes it possible to allow calls to be diverted to a terminal
other than one for which they were originally intended.

2.2. Abbreviations

IP
‘Internet Protocol’. The communication protocol used in packet-switched networks, for
example the Internet.

ISDN
‘Integrated Services Digital Network’. Digital network for traditional telecommunications.

SIP
‘Session Initiation Protocol’. Dominating system for telecommunications and multimedia
communications in packet-switched networks, for example the Internet.

SS7
‘Signal System 7°. Standard for communications between interconnected
telecommunications networks.
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3. Needs and functional description of connection cases

The call situations considered in this report are described here. In the diagrams, a picture of
a textphone that has a call through the Relay Service for Text Telephony is usually used,
but the cases also apply to video telephony through the Relay Service for Video Telephony
and voice telephony through the speech-to-speech relay service (TeleTal).

The descriptions provide reasons for why the connection cases would simplify the relay
services for the user.

3.1. Direct dialling to relay service users

Of all calls to the relay services, 85% are initiated by relay service users. VVoice phone users
rarely call to relay service users. One reason for this is that it is too complicated for a voice
phone user to call to a relay service user. It is also too complicated to describe how to do it.

One solution is to be able to use a voice phone number to the relay service user that
automatically connects the call from the voice phone user through the relay service to the
relay service user.

This leads to equal opportunities for communication and reduces unequal treatment of
people with disabilities. An illustration is shown below of how such a call between a voice
phone and a textphone could be performed.

Diagram 3.1.
The voice phone user rings a direct number to a relay service user with a textphone.
The relay service for text telephony is automatically invoked.
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3.2. Direct dialling to voice phone users

Today the relay service user first calls the relay service and requests that they arrange for
the call to be connected to the destination. This is sometimes perceived to be an
inconvenient and time-consuming process. It also makes it more difficult to benefit from
electronic telephone directories.

In order to simplify management of dialled calls to voice phone users, a function is needed
that allows the relay service user to dial the destination’s number, and allow the call to
invoke the relay service and connect the destination.

An illustration is shown below of how such a call between a textphone and a voice phone
could be performed.

Diagram 3.2.
The relay service user’s call from a textphone to a voice phone goes automatically
through the Relay Service for Text Telephony.
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3.3. Forwarding voice calls so that they are connected via the
relay service

For relay service users, it may be very frustrating to be alone in premises where there is a
voice phone. When someone calls to the voice phone, the relay service user must be able to
get the call connected via the relay service.

When the relay service user realises that no one can receive a voice call for a period, then
the relay service user should, by a simple action, be able to request call forwarding via the
relay service of incoming voice calls. This may mean that the call, after having been
connected through the relay service, also goes to another terminal that can deal with the
media that the user wishes to use.

Today it is usual for a voice phone and a textphone to be on the same number and
telephone connection. For users who wish to retain this form of connection, it is desirable
to have a call forwarding that has the effect that only incoming voice calls go through the
relay service, while text calls are dealt with directly.

An illustration is shown below of how a connection from a voice phone to a textphone via
the Relay Service for Text Telephony is performed, when the voice phone is forwarded to
the relay service user via the relay service. 2

b —
Diagram 3.3.

a. The relay service user by a simple action requests connection on the voice phone of
an incoming call via the Relay Service for Text Telephony.
b. An incoming call is connected to the relay service user’s textphone via the Relay
Service for Text Telephony.
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Transferring an incoming voice call so that it is connected via the relay service
It is very frustrating for relay service users when a voice phone rings when at that particular
time there is no hearing person in the vicinity who can answer.

It is desirable to have a function that by a simple action allows the relay service user to
request that the incoming call to be transferred to him/her via the relay service.

Today it is usual for a voice phone and a textphone to be on the same number and
telephone connection. For users who wish to retain this form of connection, it is desirable
that the transfer can be made selectively so that only incoming voice calls go through the
relay service, while text calls are dealt with directly. It is also desirable that calls, after
connection through the relay service, can revert to text calls on the same number.

An illustration is shown below of how a transfer of an incoming voice call via the Relay
Service for Text Telephony to a textphone could be performed.

- B

b.
T PR
&
Diagram 3.4.
a. An incoming call to a voice phone cannot be answered by the relay service user.
b. The relay service user requests connection via the Relay Service for Text
Telephony by a simple action.

c. The Relay Service for Text Telephony takes the call and calls up the user.
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3.4. Transferring an ongoing voice call so that it is connected
viathe relay service

If one party in an ongoing voice call wishes to hand over the call to a relay service user, it
is not possible today to transfer the call being made as a voice call, but the call must be
ended and either party call up through the relay service’s two-step process. This is so
intricate that users in many cases refrain from transferring the call, and the call is
conducted without the participation of the relay service user. This often results in
inadequate participation and independence for people with disabilities.

A function that allows voice phone users to transfer calls to a relay service user via the
relay service is important to avoid these situations. This would make things much easier for
all parties and a significant step towards equality to be able to say “Please hold and I’ll
connect you to Lasse” instead of saying “call 020280020 and request a connection to
lasse.larsson@sip.omnitor.se”.

Today it is usual for a voice phone and textphone to be on the same number and telephone
connection. For users who wish to retain this form of connection, it is desirable that the
transfer can be implemented so that the call reverts as a text call to the same number after
having been connected through the relay service.

There may also be a need for other similar transfers. It may be a call between two
individuals with disabilities who have a direct conversation in text or sign language
between themselves, and then the need arises to transfer the call to go through the relay
service to a voice phone user. Another variant is the need to transfer a call that started with
the relay service invoked to go directly between the call parties or to another relay service
user.

Please hold and
I’ll connect you
to Lasse.

Diagram 3.5.
a. Two voice phone users are having a conversation.
b. One of the voice phone users requests by a simple action transfer via the Relay
Service for Video Telephony.
c. The other user is then connected to a relay service user via the Relay Service for
Video Telephony.
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3.5. Conditional invocation and performance of a relay service

There are many further potential improvements for the methods to invoke the relay service.
Facts about the two call parties and their terminals can provide an information-base for
decisions for the relay service to be invoked and how this should be performed. Such
functions can mean that it becomes even simpler for the users to have access to convenient
telecommunications.

Information that may be desirable to form a basis for such decisions includes, for instance:

e The capacity of the terminal to deal with various media, such as video, text and
audio.

e The user’s preferences as regards medium for his/her communication.

e Languages which the parties and the relay service prefer and have a command of

o Among spoken languages
0 Among written languages
o Among sign languages

e Subject areas for calls, so that the relay service can choose staff with the appropriate
competence.

e Desires or needs for the performance and kind of relay service, for example relay
services that deal with sign language, text or voice, for simultaneous speech and
text, for typed text voice calls, etc.

e Need to pre-plan the call with the relay service.

e Customer relations and account information.

2

— D

Language: spoken Swedish
Medium: telephone

Language: Swedish sign language
Medium: total conversation terminal

Diagram 3.6.
The relay service user has specified ‘Swedish sign language’ and rings to a voice
phone user who has specified ‘spoken Swedish’. The call is then connected
automatically through the Relay Service for Video Telephony.

The information that is required as a basis for decisions can be sent with the connection,
stored in the network or stored in a database at the relay service. Decisions can be made by
users, terminals, network components or communications assistants.

There are many other possibilities with such functions. When a call is connected, a relay
service with adapted qualities may be included in the call. A relay service for video
telephony can, for instance, be invoked between a relay service user who has been
registered for using Swedish sign language and a voice phone user who is registered to only
be able to use Swedish spoken language.

One example of an introduction of such a method is the service TextDirect in Great Britain,
where the user dials the number to the other call party, and a relay service is automatically
invoked if signal detectors in the network show that one party is using a textphone and the
other party is using a voice phone.
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3.6. Emergency calls (112, 911 etc.)

It is a tradition in Sweden that everybody, also people with disabilities, should be able to
call 112 for emergency calls. This is an important principle, which avoids having to learn
different numbers for different ways of making emergency calls. Nonetheless, it may with
an emergency call be very valuable to be supported by a relay service that can deal with
sign language, text or voice.

It may occur with such calls that the party calling and the relay service have common
media that cannot be presented in the Emergency Centres (known as ‘SOS Centres’ in
Sweden), but translated to and from speech by the relay service. This primarily applies to
sign language in a video channel. It is necessary to determine which cases it would be
reasonable to perform in this way.

It is necessary to be able to invoke a relay service in a convenient way into an emergency
call on the initiative of the relay service user or of the Emergency Centre.

b.
Diagram 3.7.
a. The relay service user dials 112 for an emergency call on his/her textphone.
b. The Emergency Centre or the relay service user requests assistance from the Relay
Service for Text Telephony which is invoked for the call.
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3.7. Invocation of relay service in two steps

In order to make the description of the connection cases complete, a description is provided
here of the two-step method. This is currently the most usual method of invoking a relay
service for a call. This method should be retained even when more convenient methods
have been introduced, as it provides good opportunities to discuss the service performance
without first having to provide any destination address.

The relay service’s own address is only used to connect a call between the party calling and
the relay service. In calls with the relay service, the calling party states the address that is to
be called up, following which the relay service connects to the address, and relays the call
between the parties. The initiative for the connection can be taken by either of the parties.

Diagram 3.8.
The voice phone user rings the number to a relay service.
In calls with the relay service, the number is transferred on a textphone.
The relay service rings the textphone and relays the call.
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3.8. Connection of ordered relayed call

One method of getting a relay service for a call is to order the call. This possibility is
available today, and is included here only to make the analysis complete.

An order can, for example, be placed for a call at a specified time. The relay service
receives an order to perform a relayed call at a particular time. The service then makes calls
to both parties and relays the call between them.

(D

Diagram 3.9.
The relay service receives an order to perform a relay.
The relay service calls a textphone user and a voice phone user.
When both calls are connected, the relay can be performed.
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4. Previous descriptions of connection cases

Certain connection cases have been described previously.

The fact that these functions are needed has been documented by several surveys associated
with PTS, for example the investigation by Certec in the autumn of 2004 concerning relay
services [2], and the investigation on new technology by HiQ in the spring of 2005 [6].

The European Telecommunications Standards Institute ETSI has described the traditional
requirements for relay services in the Technology Report ETSI TR 101 806 [3] .

Some of the requirements that connection cases resolve are also described in the Guide
ETSI EG 202 320 ‘Duplex Universal Speech and Text’ [4].

Some connection cases, particularly those in section 3.6 concerning conditional invocation
are described in IETF RFC (Internet Engineering Task Force Request for Comments —
IETF RFC) 3351 [5] ‘Requirements on SIP for the hearing impaired’, with solutions in SIP
particularly in mind.

4.1. Existing similar functions

In Great Britain there is a service called TextDirect. This is conducted by BT. This
provides textphone users with a function that resembles a direct dialling to a relay service
user, direct dialling to a voice phone user and conditional invocation of relay service
(Section 3.1, 3.2 and 3.6 above.) [1]

This is based on the service having been allocated its own operator prefix in the numbering
plan.

Web-based relay services sometimes have a web-based personal telephone directory, which
provides a function similar to direct dialling to a voice phone user (Section 3.2 above).

In the Swedish web-based Relay Service for Text Telephony texttelefoni.se the relay
service user enters the destination’s voice phone number in a field on the web page when
the call is ordered. This is a realisation of the need for direct dialling to a voice phone user
(Section 3.2).
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5. Requirements specification

5.1. Connection cases

5.1.1. Direct dialling to relay service users

Voice phone users should be able to call directly to a relay service user. When the voice
phone user dials a direct number to the relay service user, both the relay service and the
relay service user are connected.

5.1.2. Direct dialling to voice phone users

Relay service users should be able to ring directly to voice phone users. When the relay
service user dials a direct number to the voice phone user, the relay service and the voice
phone user are connected. It should also be possible to call a user of a multimedia terminal
who mainly wishes to use voice for calls.

5.1.3. Forwarding voice calls so that they are connected via the relay
service

By a simple action with a voice phone, it should be possible for the relay service user to
forward the call so that incoming voice calls are thereafter diverted to go through the relay
service to a terminal that suits the relay service user.

By a simple action with a voice phone, it should be possible for the relay service user to
turn off the call forwarding.

It is desirable to be able to implement call forwarding selectively, so that only voice calls
are forwarded, which means for instance that text calls to the same address will still be
received.

5.1.4. Transferring incoming voice calls to that they are connected via
the relay service

By a simple action with a voice phone, it should be possible for a relay service user to be
able to transfer an incoming voice call so that it is instead connected via the relay service.
It is desirable that it should be possible to implement this transfer selectively, so that only
voice calls are transferred to a relay service. Such selectivity can be introduced through
automation or a clear indication of the kind of call to enable the user to determine whether
a transfer is required.
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5.1.5. Transferring ongoing voice calls so that they are connected via
the relay service

When two voice phone users have a voice call, it should be possible to transfer the call to
go to a relay service user via the relay service.

When a voice phone user and a relay service user have a relayed call, it should be possible
to transfer the call from one of the parties to another address, either with or without
invocation of a relay service.

It is also desirable that the call can be performed with the same address so that it is
connected to the same address following invocation of a relay service.

When two textphone users or videophone users have a call, it should be possible to transfer
the call so that a voice phone user and the relay service is connected.

5.1.6. Conditional invocation and performance of relay service

It should be possible for a relay service to be invoked after analysing differences in
preferences and characteristics of the call parties and their terminals.

Some examples are given here of information that can be used for this purpose.

A relay service user with spoken language that is difficult to interpret or sign language that
is difficult to interpret can be afforded an opportunity to register the need of such
interpretation and possibly the preferred communications assistant.

A relay service user can be given the opportunity to register their desired assistance with
making notes or preparations for the call.

The relay service user can also be given the opportunity to state the preferred form of
language; text, spoken or sign language for production and perception.

The relay service user who has a videophone and prefers calls in sign language should have
an opportunity to specify the sign language preference.

The capacity of terminals to use various media, such as video, text and audio, should be
identified.

There are many different preferences and characteristics that can be registered and form a
basis for decisions on invocation of a relay service. Each established service can select a
range of information and conditions that are relevant to the service.
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5.1.7. Emergency calls 112

It should be possible for a relay service user to call an emergency call through calling 112
on his terminal. The Emergency Centre or the relay service user should be able to invoke
the relay service for the call. The Emergency Centre should be able to participate fully in
the communication and be able to gain access to all communication between the relay
service and the relay service user.

It should be possible for the relay services to give priority to calls from the emergency
number 112, for example through allowing the relay of an ongoing call to be overridden if
there is a call from the emergency number 112.

5.1.8. Traditional two-step process for invocation

It should be possible to perform the traditional two-step method for invocation of a relay
service. It should be possible for a call party to call the service’s own address and in
personal contact with the service specify the address to which you wish to be connected.

5.1.9. Ordered call

It should be possible to perform the traditional method for ordering calls. The relay service
connects to both call parties with addresses and media as indicated in the order. When the
call is connected, it will be possible for the relay to be performed.

20 November 2005 Convenient Invocation of Relay Services. Needs and general solutions. Omnitor AB

Page 18 of 27





5.2. Supplementary services

It would be beneficial if supplementary services that are usually available with
telecommunications subscriptions also function when using a relay service that has
convenient invocation. This applies for example for three party calls.

5.3. Information about connection cases

The relay service should obtain information about which connection case is applied in each
relay assignment, and in which stage the call is, so that the service is able to respond to the
users in a manner corresponding to the situation.

In several of the connection cases it is expected that the relay service will pick up calls
from users who do not know that they have been connected to a relay service. The call may
be on route to being connected to the destination. The relay service may need to make a
habit of advising the user something along the lines: “Welcome to the relay service, please
hold while we connect the call”.

In order for this to be done conveniently, the relay service must be able to obtain
information about the status of the connection. The information about where the connection
should go must also be shown for the relay service.

Information about a relay service being invoked for the call should be provided to the call
parties at an early stage in the connection process and in a way whereby the reception is
good and efficient, so that the risk is minimised that the call parties refrain from completing
the call owing to too long a wait or unexpected events during the connection. This
information may be provided automatically or by staff at the relay service.

5.4. Information about call parties

It would be beneficial if calling line presentation or a corresponding function shows
information that can be used to call back the other party through the relay service.

The address of the relay service user should be formulated so that is does not directly show
that it is being used by a user with a disability. If the address is a telephone number, then it
should for example not start with a specific figure series just for relay service users.

5.5. Charging

It should be possible to charge the relay service user for the services he or she utilises. It
should be possible to gather information about the use.

Charges should be transferred to a call party who shall be charged through direct transfer of
charging information to the operator.

Call costs should be charged as if the call was directly between the two call parties.
It is currently a goal of the Swedish relay service for text telephony that the calls should be

charged at the tariffs applicable for the operator that the calling party chooses through pre-
selection or prefix selection. It may be desirable for this principle to be retained.
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5.6. Feed forward rules

In the connection cases studied, it should be possible to determine at what stage in the
connection sequence the call should be forwarded to a communications assistant for
personal service. This can occur at an early stage during the connection sequence, which
can provide the user calling with a good reception. This may require personnel, as you do
not know at that stage whether the user called will answer. There may also be a delay until
the users are inter-linked through the service, but this may involve a risk for long response
times. Information to the users about the status of the connection is important in order for
them to be able to accept the connection cases. Experience gained from users’ reactions is
needed in order to determine the best feed forward rules for each service.
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6. General solutions

Most connection cases can be described as combinations of a small number of different
sub-components of the connections. These sub-components are described here together
with how they are combined as the connection cases on a general level.

All relay services may be regarded as a three party conference bridge with additional

general functions for media mixing, and a terminal that is capable of dealing with the

media that is required for the relay service situation intended. Even more simple relay
service cases which comprise a voice phone and a terminal for communication with a
person with disability can be described by this model.

The following description is therefore general and covers all kinds of relay services and
implementation environments. The general model can then be implemented in various
environments.

6.1. Designations in the descriptions
A presentation is provided here of a series of designations that are used in the descriptions.

A = Party calling

B = Party called

C = A third party (Not in the diagram below.)

R = A service point within a relay service

M = Multiparty conference bridge for a relay service. This mixes media in the call branches
in a way that is suitable for the relay situation intended. If, for example, A has a textphone
and does not wish to use speech, text will be connected bi-directionally between A and R,
and audio bi-directionally between B and R.

If A wishes to have a typed text voice call, the audio will also be connected bi-
directionally, even between A and M, while the text channel from A to M is not required.

A \ . / B

Diagram 6.1
The relay service R is invoked between calling terminal A and called terminal B via the multiparty bridge M.

Note that the multiparty bridge M can in various solutions be placed at the calling terminal
A or the called terminal B or the communications assistant R or in the network and
controlled by any of these different parties.
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6.2. Simple sub-components of connections

6.2.1. Dialling

In the calling terminal A an address is used for the called terminal B, and the dialling to B
is performed.

6.2.2. Invocation of relay service

The calling person A will perform the dialling to the called person B via the multiparty
bridge M.

A rings up with an addressing and a process that results in one call between A and M, one
between M and B and one between M and the relay services terminal R,

The three connections are interconnected at M so that the media that is used in the call is
relayed and presented in an appropriate way for the kind of relay in question.

6.2.3. Invocation of relay service replaces direct dialling

The calling party A starts the dialling to the called terminal B.

B or a network component decides that a relay service should be invoked for the call.
The connection started is replaced by the process for invocation of a relay service. This
results in one call between A and the multiparty bridge M, one between M and the called
terminal B and one between M and the communications assistant R.

The three connections are interconnected at M so that the media that is used in the call is
relayed and presented in an appropriate way for the kind of relay in question.

6.2.4. Incoming call

The person called B receives a call from the calling party A.
B can accept, reject, refer the call to another address or request substitution of the dialled
call with the invocation of a relay service.

6.2.5. Call forwarding

A call forwarding from the terminal B to another terminal C is a registration in the network
whereby dialling from calling party A addressed to B results in a dialling from A to the
terminal C.

6.2.6. Call transfer

When an ongoing call between the calling party A and the called party B is transferred by
B to a third terminal C, a connection will then be made from A to C.
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6.2.7. Multiparty call

The calling terminal A connects to a multiparty bridge M and requests a call with the called
party B.

The multiparty conference bridge M rings up the receiving terminal B.
After a multiparty call has been activated, the call goes between A and M, M and B.

For every participant, media may be mixed from various sources, selected from any source
or connected as several separate media channels to one participant.
During calls, participants may request a party to be added.

The multiparty conference bridge can also itself take the initiative to connect participants in
the call, according to a predetermined plan, for example first connect spoken queue
information to the voice phone user, thereafter connect to the relay service R, and not
before R has answered connect to the called terminal B.

6.2.8. Evaluation of conditions for invocation of relay service

When assessing whether calls should be connected directly or via a relay service,
information about preferences and possibilities may be included in a decision. Terminals,
network equipment and users can make such decisions and choose appropriate processes
for connection.

6.2.9. Database for details of service performance

The relay service R can have a database covering customers and their preferences.

When a call is to be connected between A and B, database information about A and B can
determine how the call should be connected and how it is processed. This can comprise
both automatic and manual routines.
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6.3. Implementation of connection cases

The connection cases are implemented with combinations of the simple sub-components of
connections described above. This provides general descriptions regardless of network
type, which can then be applied in various networks.

6.3.1. Direct dialling to relay service users

Voice phone user A starts dialling to B.

B or a network component evaluates conditions for invocation of a relay service.
The result of the evaluation is that the relay service M shall be invoked.

The dialling to B is substituted with invocation of a relay service between A and B.

6.3.2. Direct dialling to voice phone users

Relay service user A starts dialling to B.

A or a network component evaluates conditions for invocation of a relay service for a call
with B.

The result of the evaluation is that the relay service M shall be invoked.

A implements the invocation of a relay service for a call with B.

6.3.3. Forwarding a voice call so that it is connected via the relay
service

The terminal user C arranges forwarding in B, so that the call to B thereafter will go to C.

The address to C is formulated so that when a voice phone user rings to it an invocation of
a relay service will be initiated.

The call is connected to the multiparty bridge M and M invokes the relay R and the called
relay service user C.

6.3.4. Transferring an incoming voice call so that it is connected via
the relay service

The calling party A rings B.

The called user B receives a call in the terminal B, and arranges a transfer to the terminal
C.

When A starts the transfer to C, an evaluation is conducted of the conditions for an
invocation of a relay service.

The result of the evaluation is that the relay service M shall be invoked.

The call is connected to M and M invokes R and C.

6.3.5. Transferring an ongoing voice call so that it is connected via the
relay service

The calling party A rings the person called B. B answers. A need arises to connect to a
third person C via the relay service.

B requests a transfer of the call to C.

When A starts the transfer to C, an evaluation is conducted of the conditions for an
invocation of a relay service.

The result of the evaluation is that a relay service will be invoked.

The call is connected to the relay service’s multiparty bridge M and M invokes connection
of the communications assistant R and the destination C.
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6.3.6. Conditional invocation of arelay service

Call participants and their terminals can have characteristics and preferences registered in
the terminals, network components and in databases at the relay services.

With the aid of this information, a relay service can control how the connection is
implemented and then how the service is performed.

This is implemented using an evaluation of conditions for invocation of a relay service,
followed by invocation.

6.3.7. Emergency call 112

Allow the Emergency Centres to have mechanisms for connecting three party calls with the
relay service, with the same kind of relay and presentation of media as the relay service.
The Emergency Centre will thereby be able to participate in all media in the call
throughout.

It is also possible that the party calling and the relay service have media that is common but
which cannot be presented in the Emergency Centres, but is translated to and from speech
by the relay service.

6.3.8. Two-step connection to arelay service

User A rings the relay service M.

M connects to the communications assistant R

R asks the calling party A to whom the connection should go. The answer is B.
The communications assistant R connects through the multiparty bridge M to the
destination B.

6.3.9. Ordered call

The relay service R receives an order for a relayed call between the terminals B and C.
The communications assistant R connects to the multiparty bridge M.

R requests connection from M to the terminal B.

R requests connection from M to the terminal C.
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7. General solutions in specific environments

The general solutions can be applied in various environments. In that process, the general
sub-components of connections are mapped to available specific sub-components in the
target. There may be alternatives to select from. It is important to establish a small number
of generally known solutions, so that service operators, telecommunications suppliers and
users can implement and use the methods in a similar way in various terminals, services
and systems.

Today there are two main environments for telecommunications systems. These are the
telecommunications network that is based on PSTN, ISDN and SS7 signalling and the IP
telephone system that is based on SIP.

The above-mentioned general solutions can be applied to these environments and
implemented with the aid of basic functions for address translation, dialling, call
forwarding, temporary transfer, conference connection, invocation of translation systems
and conditional decisions on connections.

Part 2 of the report from this pre-study describes solutions in various networks and for
various relay services.
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1. Introduction

Today three types of relay service are in common use:
e The Relay Service for Video Telephony, which translates between sign
language in videophones and spoken language in voice phones.
e The Relay Service for Text Telephony, which translates between text in
textphones and speech in voice phones.
e The speech-to-speech relay service (TeleTal) which supports speech that is
difficult to understand.

These Relay Services are very good and important for translation between various
means of communication.

To call through the relay service is currently a two-step process. First a person calls
the service and explains who they really want to call. The relay service then connects
and implements the relay.

The methods for invoking the relay service for a call can be improved so that the relay
service can contribute more effectively to equal opportunities for communications.

This is part of the report from the pre-study ‘Convenient Invocation of Relay Service’
which aims to survey the possibilities for implementing such improvements.

Part 1 describes needs, requirements and general solutions.

This second sub-report aims to describe more convenient (less difficult or smooth)
solutions to invoking a relay service for a call specifically for different networks and
relay services.

Contact details:

Swedish National Post and Telecom Agency (Post & Telestyrelsen, PTS)
Robert Hecht

Tel.: +46 (0)8-678 58 91

E-mail: robert.hecht@pts.se

Web: www.pts.se

Omnitor

Gunnar Hellstrém

Tel.: +46 (0)8-556 002 03

E-mail: gunnar.hellstrom@omnitor.se
Web: www.omnitor.se
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2. Terms and abbreviations

2.1. Terms

Address

An identity that the communications network uses to identify users, terminals and
services. In the telephone network the telephone number is the address, but other
networks may use other forms of address that are not numerical.

Call transfer
A supplementary service in a telecommunications system that substitutes a call party
during a call.

Relay service users
Users of the relay service who are deaf, hard of hearing, deaf-blind or speech-
impaired who use a textphone, videophone or voice phone.

Voice phone users
Hearing/speaking users who use a voice phone.

Number of the service
The telephone number that has been allocated to a certain relay service or part of it.

Total conversation
A form of multimedia telephony that follows open standards and facilitates the use of
video, text and speech in a call.

Call forwarding
A supplementary service that makes it possible to allow calls to be diverted to another
terminal than what it was originally intended for.

2.2. Abbreviations

3GPP “Third Generation Partnership Program’.

ENUM ‘Electronic NUmber Mapping’ or E164 Number Mapping —
A compilation of protocols that brings together the telephone network
with the Internet.

ETSI ‘European Telecommunications Standard Institute’.

DTMF ‘Dual Tone Multi Frequency’ — the tone signals from telephones.

IMS ‘IP Multimedia Subsystem’.

ISDN ‘Integrated Services Digital Network’ — The digital telephone network.
JAIN ‘Java APIs for Intelligent Networks’.

NGN ‘Next Generation Network’.

PSTN ‘Public Switched Telephone Network’. — The analogue telephone network
SIP ‘Session Initiation Protocol” — Protocol for communications sessions

between terminals in the Internet.

SS7 ‘Signal system 7°. Interface between telecommunications networks.
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3. Theory for implementation in various networks and
technology

A summary is provided in this chapter of various technologies that may possibly be
used for the technical methods to invoke a relay service.

The description focuses on three network types: PSTN, ISDN and SIP, and a rather
net-independent method known as ‘multiparty bridge at the relay service user’.

e PSTN refers to the traditional analogue circuit-switched telephone networks.

o ISDN refers to the traditional digital circuit-switched telephone networks.

e SIP refers to communication in the Internet and other IP networks, where the
SIP protocol from IETF dominates the underlying method for IP telephony
and IP-based multimedia communications [RFC 3261].

e “Multiparty bridge at the relay service user’ means inter-linking of two
terminals at the relay service user.

3.1. Parlay

Parlay is a high-level programming interface developed by an association of
telecommunications stakeholders. The aim of Parlay is to establish an industry
standard that facilitates the development of telecommunications services. Parlay is
rather new and not yet so widely disseminated. The solutions are therefore somewhat
operator dependent. Parlay’s current specification (version 5) has been defined by the
European Telecommunications Standards Institute (ETSI), Parlay, Third Generation
Partnership Program (3GPP) and in cooperation with several of the member
undertakings in Java APIs for Intelligent Networks (JAIN™) Community.

Parlay supports user profiles where relay service users can register that they are for
example using a textphone. When the relay service user calls a voice phone user the
relay service can be invoked automatically.

[www.parlay.org]

It is easiest to determine the services to be invoked when both users in a call have
Parlay profiles. As this cannot be expected to occur within the foreseeable future, call
situations will arise where the information-base for deciding to invoke the service is
not sufficient.

This applies for example to calls for textphone users. If you wish to choose to allow
all incoming calls from users that do not have a Parlay profile to go through the relay
service, then even calls from textphones to textphones would be connected through
the relay service. For such situations Parlay may need to be combined with an
identification of the kinds of call through detection after connection.

When planning services that are based on centrally stored user information such as
with Parlay, you should also be aware that it may be necessary to have privacy
protection for data indicating that the user has a disability.
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3.2. Session initiation protocol, SIP

SIP is a protocol that is used to start-up, modify and disconnect communications
between terminals in the Internet. The protocol does not transfer media but is only
responsible for the session and agreements on media. [RFC 3261]

3.2.1. Registration of SIP terminals

In order to be reachable for SIP connections, a SIP terminal should be registered in a
SIP server. Calls can then be connected to the terminal with the aid of the SIP server.
The registration should also contain other properties than the address. The basic form
for a SIP address is ’sip:user@domain’ and thus resembles the form for e-mail
addresses.

3.2.2. Atypical SIP call

A typical call starts with the party initiating the call dialling a SIP address through
sending an INVITE packet to the addressee’s SIP server. If the desired SIP address
exists and there is a terminal registered for it, the party initiating the call first receives
an indication that a call is being made to the SIP address desired. If the user of this
answers, the terminals will negotiate the media that can be used for the call, for
example various kinds of audio, video and text. The media can then be transferred
between the parties until one of the parties discontinues the call. [RFC 3261]

3.2.3. Transferring SIP calls

It is possible to transfer a SIP call. This can be done through the party transferring the
call sending a REFER packet to the party who is performing the transfer. This packet
contains information about the SIP address to which the transfer should be made. The
terminal that will make the transfer then calls the specified SIP address. When the
transfer is ready or has failed, the party who requested the transfer is then notified and
can then implement appropriate measures. [RFC 3515]

3.2.4. User preferences

As the media that the SIP user’s equipment can deal with from the technical
perspective is not always the same as the SIP user can or wishes to handle. There are
opportunities for using user preferences in SIP in support of decisions on connection.
These preferences allow the user to register a number of different contact alternatives
that handle or exclude various types of media. The preferences for incoming calls are
matched against these preferences and connected to the SIP address that corresponds
best. If there are no preferences specified in the incoming call, the SIP server connects
to the SIP address whose preferences most closely correspond to the media and
methods that are specified in the connection. If no preferences correspond, the call
cannot be connected [RFC3841].
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3.3. IP Multimedia Subsystem (IMS)

IP Multimedia Subsystem (IMS) was originally the designation of the mobile 3G
networks’ architecture and functions for IP-based multimedia services. This
technology subsequently also started to be used for fixed networks, and became the
architecture that will be applied within the network structure that is being developed
under the name Next Generation Networks (NGN).

There is great interest in using NGN and IMS among telecom operators and
telecommunications system providers. It is therefore important to have a plan ready
for how convenient invocation can be implemented in these environments.

SIP is used for implementation within IMS. The implementation proposals in this
study, which is based on the use of SIP, consequently have good prospects of being
able to be used in IMS and thereby NGN.
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3.4. ENUM

ENUM is a function in electronic communications networks that translates (mapps)
telephone numbers (E.164 numbers) to Internet domain names according to a
particular structure that corresponds to the form of the E.164 number. These ENUM
domain names are then used to find other Internet-based addresses, for example a SIP
address. [6]

The top domain for ENUM is el64.arpa. Every country then has its main domain. In
Sweden this is .6.4.e164.arpa and is held by the Swedish National Post and Telecom
Agency (PTS). PTS’s telephone number is 08-678 55 00 and has an ENUM domain
name according to the following structure:

0.0.5.5.8.7.6.8.6.4.e164.arpa. [6]

Through the use of ENUM it is also possible, using an ordinary telephone number, to
reach both telephones within the telephone network and terminals in IP networks.

20 November 2005 Convenient Invocation of Relay Services. Proposed technical solutions. Omnitor AB

Page 9 of 65





3.5. Numbers to the relay services

When planning numbers for the services, regard must be taken to the international
format for telephone numbers ITU-T E.164 [E.164], the European numbering plan
ETNS and the national numbering plan.

The numbering plan contains series with short numbers for services. There is for
example one for universal services which starts with 114. There are also numbers for
payment services, services for cost sharing or free services. These various forms have
their own number series.

One form of numbers to the relay service may be to use an operator prefix. This is a
four-scale digit code that can be used to direct calls to an operator’s equipment. This
is the form of number on which the textphone service TextDirect in Great Britain is
based in order to make a textphone available to relay services and other textphone
orientated services.

Operator selection can be made by pre-selection or prefix selection. If pre-selection is
used, the call then goes through a pre-selected operator without any special addition to
the numbers dialled. A prefix selection means that you start the number dialling with
the operator prefix.

You should observe the limitations in the use of operator prefix that may arise owing
to the party who wishes to make the call through the service calling from another
country than where the service operator is located, or that an ENUM mapping is used
to interpret the number.

In mechanisms described in this document the designation ‘service number’ is used
for the number allocated to a specific relay service.

The possible mechanisms for invocation may be affected by the numbering series that
have been used for the service number. The possibility of debiting calls, the
possibility of calling from abroad and the possibility of utilising IP technology for the
implementation may be affected.
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3.6. Connection and supplementary services in PSTN

The traditional supplementary services in the telephone network can be important
components of the solution when users use the telephone network. Through the
service using an ISDN connection, or SS7 connection to the telephone network, the
implementation elements can get good information about the connections.

Besides dialling and answer the following services and supplementary services may
be of interest for the implementation:

Abbreviation | Name in English Name in Swedish Standard
SUB Subaddressing Subadressering ETS 300 059
CLIP Calling line Nummerpresentation ETS 300 089
presentation
CONF Conference Call Add | Konferenssamtal ETS 300 183
On
CFU Call Forwarding Vidarekoppling ETS 300 200
Unconditional
Call Forwarding Selektiv vidarekoppling
Selective
CD Call Deflection ETS 300 202
ECT Explicit Call Transfer | Forflyttning ETS 3003 367
MSN Multiple Subscriber | Flera nummer i samma ETS 300 050
Number anknytning
3PTY Three Party Call Trepartssamtal ETS 300 186

In most cases these services are activated by service codes, on formats as *SS# or
*SS*parameter#, where ‘SS’ and ‘parameter’ are numerical. These are described in i
ETSI ETS 300 378. The codes ‘SS’ are found in ETSI TR102 083.

Access to supplementary services is less in the analogue telephone network.
However there are:

e Call forwarding. *21*<nummer>#

e Enquiry R<nummer>

e Switching R2

e Three party call R<nummer>R3

o Call transfer R<nummer>R4 (with some doubt about accessibility)

Calls through the use of supplementary services are usually followed by parameters
that say that the service has been used and which other subscribers are involved.
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4. Components of solutions

Part 1 explains connection cases can be described as combinations of a small number
of various sub-components. A description is provided here of the proposed solutions
for these sub-components of the various implementation environments PSTN, SIP and
multiparty bridge with relay service users.

All relay services can be regarded as comprising two components. First a three party
conference bridge with additional general functions for relay and presentation of
media, second a terminal that is able to deal with the media that are necessary in the
intended relay service situation. The most simple relay service cases comprising a
voice phone and a terminal for communication with a person with a disability can also
be described with this model.

4.1. Designations in the descriptions

Presentation is provided here as a series of designations that is used in the
descriptions.

A = Party calling

B = Party called

C = A third party (Not in the diagram below.)
R = A service point in a relay service

M = Multiparty conference bridge for relay service

A \ . / B

R

Diagram 4.1.
The relay service R is invoked between A and B via the multiparty bridge M.

Note that the multiparty bridge M can in various solutions be placed at the calling
terminal A or the called terminal B called or the communications assistant R or in the
network and is controlled by one of these different parties.
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4.2. Simple sub-components for connection in PSTN
environment

This section explains how the simple sub-components that are needed to implement
connection cases are implemented in a PSTN environment and ISDN environment.
The reasons for these simple sub-components are shown in part 1 of the report.

The simple sub-components are:

4.2.1. Dialling

Dialling

Invocation of relay service

Invocation of relay service replaces direct dialling
Incoming calls

Call forwarding

Call transfer

Multiparty call

Evaluation of conditions

Database for details of service performance

The basic service for dialling in PSTN is used.

4.2.2. Invocation of relay service

Note that these processes do not need to be performed by the users, but are intended
as components of solutions that can contain automatic actions.

Terminal A should implement dialling to B via the relay service M

There are a number of possibilities in PSTN for implementing this.

Mechanism

Process

Operator prefix

Ring
<service number><destination> where the ’service number’ is
an operator prefix for the relay service.

Two-step Ring
addressing <service number>
wait for a tone, dial
<destination>
Conference Ring the service number, which goes to a conference server.

Send command for connecting of B to the conference.
Connecting of B is implemented with media mix set up for relay
in question.

Parlay can also be used for invocation of a relay service.
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4.2.3. Invocation of relay service replaces dialling

A starts dialling B.
B or a network component decides that relay service shall be invoked for the call.

This can be implemented in, for instance, the following alternative ways:

Mechanism Process

Call forwarding | The call is forwarded to the service number.
The service rings the destination.

Conference Use the functions to add a participant to a conference.

Call transfer The call is transferred to the service number.
The service rings out to the destination.

Service A switchboard analyses the connection and decides to invoke a relay
subscription service for the call, for example with conference connection.

4.2.4. Incoming calls
This is performed in PSTN with an ordinary reception of calls.

4.2.5. Call forwarding

A call forwarding from B to C is a registration in the network whereby the dialling
from A to B, results in a call from A to C.

The supplementary service ‘unconditional call forwarding’ can be used. It is activated
with the command *21*<C>#. In this case the relay service user is identified with the
aid of the number that the call is forwarded from.

4.2.6. Call transfer

When an ongoing call between A and B is transferred by B to C, then the connection
is made from A to C and the call between A and B is disconnected.

This can be done in ISDN with the call transfer service, it is normally activated with a
special function key on the ISDN terminal.

In PSTN, call transfer is requested through the sequence R<C>R4 on the telephone.
This service cannot be regarded as fully available to the public, but nevertheless so
common that it may be a realistic alternative.

It is also possible to transfer calls locally within the same PSTN subscription, which
can be used to transfer a call to a terminal with the right capabilities to deal with calls
with relay service. You quite simply connect the terminal that should have the call and
hangs up in the terminal that the call is to be transferred from.

Most office switchboards have the possibility of call transfer within the area of the
switchboard.

20 November 2005 Convenient Invocation of Relay Services. Proposed technical solutions. Omnitor AB

Page 14 of 65





4.2.7. Multiparty call
A gets connected to a multiparty conference system M and requests a call with B

The multiparty conference system M rings up B.

After a multiparty call is activated the call goes between A and M, M and B.
Further participants can be added on.

For each participant the media is mixed from different sources, selected from one of
the sources or connected as several separate media channels to a participant.

This can be implemented in PSTN with the standardised processes for three party
calls and conference, but then there will be a disruptive audible tone in the call and the
media mixing will not be set up for relay service.

For use in conjunction with relay service this can in PSTN instead be implemented by
conference bridges with their own signal commands. The conference bridge has the
service number and other participants are joined, for example using DTMF- based
commands.

A conference bridge intended for invocation of a relay service can be placed at the
relay service user, who can initiate the invocation of relay service for a call without
needing to ring to an external conference bridge.

4.2.8. Evaluation of conditions for invocation of relay service

There are different opportunities to evaluate conditions regarding whether a relay
service is necessary in a call in PSTN.

The subscription information can show whether the user wishes to have the service
invoked.

Mechanisms can be based on the use of Parlay for storage of user profiles.
Analysis of sounds on the line can for example show that one of the parties has a
textphone operating but not the other. It is then likely that a Relay Service for Text

Telephony is required.

There are mechanisms for conditional forwarding of calls in ISDN. This can be used
to make choices and choose connection routes depending on conditions.
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4.2.9. Database for details of the service performance

The relay service can have a customer database. In conjunction with incoming calls
the customer information (preferences) of the calling subscriber can be mapped in the
database.

When the service gets the address for the destination it is possible to mapp its
customer information in the database. A decision on the service performance can be
made based on this information. Database mapping and decisions can be implemented
manually or automatically.
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4.3. Implementation of connection cases in PSTN

Connection cases that are to be resolved are implemented with combinations of the
simple sub-components of connections described above. For the circuit-switched
networks PSTN and ISDN, connection cases can be implemented in accordance with
the examples in this section.

Note that later sections describe other alternatives, for example those based on
ENUM, which can also be used for calls with PSTN terminals, even if the connection
technology is IP-based. This can in some cases provide a more favourable solution
than solutions based on PTSN.

4.3.1. Direct dialling to relay service users

The user is allocated a number that is permanently forwarded to an address that is a
combination of the service number and the address of the connection that the user
wishes to receive his/her calls on.

This is a combination of the fundamental elements of call forwarding and invocation
of relay service.

The fundamental elements can then be implemented with operator prefix, two-step
addressing, conference connection or ENUM-based address translation.

4.3.2. Direct dialling to voice phone users

One of the alternatives for the fundamental element dialling through relay service is
used, that is operator prefix, two-step addressing or conference connection.
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4.3.3. Forwarding voice calls so that they are connected via the
relay service

On the telephone B which will temporarily be forwarded to go through the relay
service, the command is entered for call forwarding to C.

C is a number that has the function for direct dialling to the relay service users
activated. The call will therefore be connected through the relay service.

a. Telenhone B
b. Command C B
C.

Textohone C

Diagram 4.3.3.
a. The voice phone B.
b. The voice phone B gets the command C for call forwarding to textphone C.
c. Textphone C, with the function direct dialling activated.
d. Incoming calls to B are connected directly via the relay service to C.
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Transferring an incoming voice call so that it is connected via the relay service.
These alternative processes are used if a call comes into a voice phone, but you wish
to take it through the relay service:

1) Call transfer to a forwarded number
B transfers the call to C. C has forwarding of calls arranged so that they are routed
through the relay service.

e

Diagram 4.3.4.1.
a. The voice phone B gets the command for a call transfer to C.
b. C has the function for connection through a relay service activated.

2) Call transfer to multiparty bridge

B transfers the call to a multiparty bridge, M, which the relay service user C can
control. The multiparty bridge links up A, C and the relay service M. The multiparty
bridge can be placed at the relay service user.

4

A 2
b «f = 2
A M .

Diagram 4.3.4.2.
a. The voice phone B gets the command for call transfer to the multiparty bridge M.
b. M links up A, C and the relay service.
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Transferring an ongoing voice call so that is connected via the relay service
One of these processes can be used if a need arises to transfer an ongoing call to a
relay service user:

1) Call transfer to number with call forwarding

B makes a transfer of the call to C.
C has forwarding of calls arranged so that they are routed through the relay service.

a. a @ ~

)

D
@ .
b. _P @ -

Diagram 4.3.5.1.
a. The voice phone B gets the command for call transfer to C.
b. C has the function for connection through a relay service activated.

If you wish, with this connection, to reconnect to a voice call again, then this can be
done by A with ordinary functions for call transfer. If C wishes to disconnect the relay
service, then C will need to request the relay service to implement this manually.

2) Call transfer to multiparty bridge
B transfers the call to a multiparty bridge, M, which the relay service user C can
control. The multiparty bridge links up A, C and the relay service. The multiparty
bridge can be placed at the relay service user. This can simplify operations and also
make it possible to implement the connection case when B is placed in the PSTN
network that does not have external call transfer.

2

)

- S —

¥

Diagram 4.3.5.2.
a. The voice phone B gets the command for call transfer to the multiparty bridge M.
b. M links up A, C and the relay service.

With this alternative it is also easy to respond to the need to during a call disconnect
the relay service and continue the call with speech.
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4.3.4. Conditional invocation of relay service

Call participants and their terminals may have preferences and qualities registered in
the terminals, in network components and in a database at the relay service.

With the aid of this data, a relay service system can control how the connection is
implemented and then how the service is performed.

This is implemented by conducting an evaluation of the conditions for invocation of
relay service, followed by invocation. For PSTN such functions can for example be
based on Parlay, described in Chapter 3. With the aid of such functions it is possible
to achieve simple functions for charging of calls with a telecom operator.

4.3.5. Emergency calls (112, 911 etc.)

Permit the Emergency Centres (known as SOS Centres in Sweden) to have
mechanisms to connect three party calls at the relay service, with the same kind of
media mixing as the relay service, so that the Emergency Centre can participate in the
call with both text and voice throughout.

4.3.6. Two-step connection to relay service

This is the traditional two-step connection. It is here to make the description complete.
User A calls the relay service M.

M connects to R

R asks A to whom the connection should go. The answer is B.

R connects through M to B.

a. (@ s

A

)

. B— — &

Diagram 4.3.8.
a. The voice phone A calls the relay service M and is asked who they wish to call by
the operator R.
b. The relay service relays the call between A and C.
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4.3.7. Ordered call

R receives through one of the communication routes an order for a relayed call
between B and C.

R connects to M.

R requests connection from M to B.

R requests connection from M to C.

(7 N

©—f — &

Diagram 4.3.9.
The relay service gets an order to perform a relay.
The relay service rings to a textphone user
and to a voice phone user.
When both calls have been connected the relay can be performed.
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4.4. Simple sub-components for connection in SIP
environment

4.4.1. Dialling

In SIP the sequence INVITE, OK, ACK for the operation dialling. The connection can
be made to a SIP address or a telephone number.

4.4.2. Invocation of relay service

In SIP a relay service can be included in a call with a number of alternative
mechanisms:

e The final destination address can be stated as ‘display name’ before the
destination address in the ‘to-field” in INVITE.
For example: To: erik.zetterstrom@omnitor.se <sip:bildformedling.se>

e Both the relay service and the destination’s address are stated in the
connection by using a mechanism in SIP known as the URI list conferencing.
This mechanism is in the progress of being development and should not be
used in full scale before the standardisation is complete.

e The relay service user has its own number that goes to the relay service. This
service uses this and mapps in its own customer database where a number to
reach the relay service user’s terminal is found.

e Double ENUM mapping: The relay service user has an ENUM domain name
that voice phone users can call directly through the relay service. This ENUM
domain name provides information about where the call shall be relayed. First
the number is dialled that the voice phone user has called, for example 123.
This provides a SIP address, for example 1231@bildformedling.se, which
leads to the relay service, which answers calls for all users of their domain
address. The relay service uses the user name (1231) as the telephone number
and executes an ENUM mapping in order to find the telephone number of the
SIP address where the relay service user’s terminal is placed.

4.4.3. Invocation of relay service replaces direct dialling

Call forwarding in the SIP server or call transfer with REFER can be used to re-direct
a call so that it is routed through a relay service.

4.4.4. Incoming calls
Calls are accepted in SIP with the sequence OK, ACK.
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4.4.5. Call forwarding
Call forwarding can be placed in a SIP server, so that calls to B are directed to C.

There are several solutions for call forwarding from a voice phone to a videophone:

e If the call forwarding applies to a voice phone in the PSTN network you use
the supplementary service unconditional call forwarding, which is activated
with the command *21*telephone number#. The telephone number leads to
the IP networks and translates to an ENUM domain name and leads to a SIP
connection.

e Ina SIP server it is possible to enter information about which SIP address a
user is forwarded to.

e Ina SIP server you can also enter information about several alternative
addresses to connect to when you wish to connect to a particular address. The
choice of which address applies is made with the aid of some prescribed
conditions.

e A SIP terminal can reject a connection referring to another address and an
indication that the address is temporarily forwarded.

4.4.6. Call transfer

Call transfer of SIP calls is made with the REFER method described in RFC3515
[RFC 3515), combined with following a specification for Call Transfer in SIP.

4.4.7. Multiparty call
Multiparty calls are connected with SIP through a multiparty bridge.

A special bridge for multiparty calls with a relay service can be created by a PSTN
voice phone and an IP multimedia terminal and inter-linked in the audio channels.

4.4.8. Evaluation of conditions for invocation of relay service

An evaluation of the conditions for invocation can be conducted through a
comparison of possibilities and preferences as described for SIP in RFC3841 [RFC
3841]. Parlay, which is described in Chapter 3, can also be used for such choices and
invocations in a SIP environment. A multiparty bridge is controlled according to the
result of the evaluation of support for media, preferences for media, and kinds of calls
to be connected. If these functions are placed with a telecom operator, good
opportunities are open for charging calls in the way that is desirable. The relay service
can then also be simply invoked with only one multimedia call.

4.4.9. Database for details of the service performance

The relay service R can have a database of customers and their preferences.

When a call is to be connected between A and B the database information about A
and B determines how the call is connected and how it is processed. This can also be
both automatic and manual routines.
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4.5. Implementation of connection cases in SIP

Connection cases that are to be resolved are implemented with combinations of the
simple operations for connections described above. For IP communication based on
SIP, connection cases can be implemented in accordance with the examples in this

section.

If communication is based on SIP this means that all terminals involved need to use
SIP. These terminals can be found in the PSTN networks and reach the IP network
through gateways.

4.5.1. Direct dialling to relay service users

Terminals that are to use the service are allocated ENUM domain names that point to
the Relay Service for Video Telephony. Direct dialling via the relay service can then
be implemented to these from a voice phone, SIP voice phone or a textphone.
Mapping of the ENUM domain name supplies the relay service with information
about where the call can be relayed. See Section 4.4.2 for a more detailed description.

If a textphone has been allocated an ENUM domain name a direct dialling can be
implemented to this from a videophone or voice phone via the relay service.

4.5.2. Direct dialling to voice phone users

Through modifying the ‘to-field” in INVITE in the same way as described in the two
first alternatives in Section 4.4.2, the desired voice phone number can be specified for
the relay service. For example:

To: <sip: 0855600203@bildformedling.se>

This means that when the relay service user wishes to call 0855600203 through the
Relay Service for Video Telephony, the user enters the address
0855600203@bildformedling.se in her/his videophone.

4.5.3. Forwarding voice calls so that they are connected via the
relay service

The relay service user with a voice phone or a SIP voice phone gives a call

forwarding command where the ENUM domain name for his/her videophone or

textphone is stated. After this dialling function in the same way as direct dialling to

the relay service users.
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4.5.4. Transferring an incoming voice call so that it is connected
via the relay service

Voice phone users in PSTN or ISDN, or SIP voice phone users who wish to transfer
an incoming voice call to be connected via the relay service request a call transfer to
the videophone’s ENUM number for connection through the service. One of the
following mechanisms can be used.

e The call is transferred to the relay service user’s ENUM domain name. This
provides a SIP address at the relay service. With the aid of the user name that
accompanies the SIP address the relay service can resolve the relay service
user’s private SIP address, for example through a new ENUM mapping.

e The “to-field’ in a REFER can be modified to the Relay Service for Video
Telephony in the same was as described for INVITE in Section 4.4.2.

e A SIP server that supports ’caller preferences for SIP” can automatically
invoke the relay service when the need arises. If the relay service user has
his/her SIP address registered in such a SIP server, it is sufficient to transfer
the call to this SIP address.

In those cases when the relay service user needs to make a call transfer within a PSTN
connection a multiparty bridge at the relay service user can be used. This can connect
the audio channels in a voice phone and a SIP multimedia terminal, and calls
connected with the multimedia terminal to the relay service.

4.5.5. Transferring an ongoing voice call so that it is connected
viathe relay service.

Voice phone users in an ISDN environment or SIP voice phone users who wish to
transfer an ongoing voice call to be connected via the relay service request a call
transfer to the videophone’s ENUM domain name for calls through the relay service

In those cases when the relay service user has a need to make a call transfer within a
PSTN connection a multiparty bridge at the relay service user can be used. It is also
easy to disconnect such transfer in order to revert the call as a voice call.
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4.5.6. Conditional invocation of relay service

The participants in a call and their terminals can have properties and preferences
registered in the terminals, network component and in a database at the relay service.

A local database as described in Section 4.4.8 resolves the relay service’s need for
preferences for services from PSTN to SIP. One example of such a service is call
forwarding.

User preferences for SIP as described in Section 4.4.9 can be used for a SIP call to the
relay service, unfortunately this method is currently not implemented in any products.

With the aid of this information a relay service system can control how the connection
is made and then how the service is implemented.

4.5.7. Emergency calls 112

The Emergency Centres can have mechanisms to connect three party calls with the
relay service, with the same kind of media mixing as the relay service, so that the
emergency operator can participate in all media in the call throughout.

If an Emergency Centre does not have the capacity to deal with multimedia calls, it
may nonetheless be reasonable to answer multimedia calls and direct them to the relay
service. If it transpires that they contain sign language, then the relay service can
participate in the call with translation. Experience from various operational situations
will be required to determine what is realistic in a true operational situation.

In the event of a new design within emergency calls 112 it is reasonable to use SIP
technology. It will then be easy to arrange support for multimedia communication and
relay service.
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4.5.8. Two-step connection to relay service
User A calls the relay service M.

M connects to R

R asks A to whom the connection should go. The answer is B.
R connects through M to B.

This mechanism works in all network environments that support call-up.

Diagram 4.5.8.
a. The voice phone A rings up the relay service M and is asked who they wish to call
by the operator R.
b. The relay service relays the call between A and C.

45.9. Ordered call

R receives through one of the communication routes an order for a relayed call
between B and C.

R connects to M.

R requests connection from M to B.

R requests connection from M to C.

Diagram4.5.9.
The relay service gets an order to perform a relay.
The relay service rings to a textphone user
and to a voice phone user.
When both calls have been connected the relay can be performed.
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4.6. Simple sub-components with multiparty bridge at the
relay service user

A conference bridge intended for invocation of a relay service can be placed at the
relay service user, who can then implement the invocation of relay service for a call.

Here it is called multiparty bridge, but the implementation can be conducted very
simply and specialised for certain kinds of call.

A multiparty bridge can for example consist of a total conversation terminal where
audio channels from a headset switch on a voice phone have been connected to the
audio connections. The total conversation terminal can then ring up the relay service
which interprets the call, sign language goes to the total conversation terminal and the
voice goes to the voice phone instead of to the loudspeaker.

The diagram shows the connection as two inter-linked terminals. The implementation
can also be conducted electronically in a terminal that has the capacity of dealing with
the two calls and implementing the inter-linking.

The corresponding linking can be implemented with text and voice in the call at the
relay service. In this section a description is provided of how the various connection
cases are implemented with multiparty bridge at the relay service user.

The relay service has in these connection cases only one connection for the call, and
relay is performed between different media channels in this call. This resembles the
situation with distance interpretation, which is known for the Relay Service for Video
Telephony.

.Sion lanauaae or text '

Diagram 4.6.
Connection for relay with user-placed multiparty bridge.
The user has a voice phone and a terminal that are suitable for communication with
the relay service. They are linked in the audio channel and the relay service can deal
with the translation between the media in the call.

Charging aspects

Common for these cases is that the cost of the call that shall be relayed can be entirely
charged according to the desired principle that this will be as if the call had been
conducted directly between the call parties. The cost of the multimedia call at the
relay service is additional. Usually the call takes place in the IP network where it is
usual not to charge for call time, but only for subscription.
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4.6.1. Connection

Connections are made in a normal way in the networks of which the terminals are a
part.

4.6.2. Invocation of relay service

A relay service is invoked through the user ringing a multimedia call on the
multimedia terminal. The audio channels are inter-linked with the voice phone’s audio
channels.

4.6.3. Invocation of relay service replaces direct dialling
In this case two calls are always dialled which are linked together by the user.

4.6.4. Incoming calls

Calls in the voice phone are answered normally.

For this connection the user never needs to receive a call from the relay service. The
same multimedia terminal can however be used for traditional network-based
invocation of relay service.

4.6.5. Call forwarding

Call forwarding between voice phones is implemented with the functions that are
available for the networks of which they form a part.

4.6.6. Call transfer

Transfer of calls to the voice phone available at the relay service user is implemented
with ordinary functions for call transfer in the network where the voice phones re
located.

4.6.7. Multiparty call

Connection of multiparty call for relay can be implemented through simple inter-
linking of the audio channels in the terminal or electronically in a simple multiparty
bridge.

4.6.8. Evaluation of conditions for invocation of relay service

The user is him/herself responsible for determining whether a relay service is required
for a call. If the voice phone line is also used for text telephony, it is appropriate to
have an indicator on the line that shows if an incoming call is a textphone call through
indicating the tones emitted by the calling textphone (works in Sweden where all
approved textphones emit an audible tone when called).

4.6.9. Database for details of the service performance

The relay service can have a database with information about the users in order to be
able to adapt the service performance. Mapping in the database can be initiated on the
basis of the address of the calling terminal.
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4.7. Implementation of connection cases with user-located
multiparty bridge
The implementation of the desired connection cases are combinations of the

operations in Chapter 4.6. A very short description is given here. Some are explained
comprehensively in Section 5.4.

4.7.1. Direct dialling to relay service users
For direct dialling to relay service users the voice phone’s number is used.

4.7.2. Direct dialling to voice phone users

For direct dialling to voice phone users, the relay service user rings up the voice
phone call on the voice phone.

4.7.3. Forwarding calls so that they are connected via the relay
service

Forwarding of calls to go via the relay service is implemented through calls with other
voice phones being forwarded to the voice phone at the multimedia terminal.

4.7.4. Transferring an incoming call so that it is connected via the
relay service

When a call is received on the voice phone the user can ring up the relay service in the
multimedia terminal.

4.7.5. Transferring an ongoing call so that it is connected via the
relay service

A call that starts in any voice phone can be transferred to the voice phone that is inter-
linked with the multimedia terminal.

4.7.6. Emergency calls 112

The Emergency Centres can have access to a multiparty bridge. In calls where it is
considered that it would be valuable to include the relay service it is connected via the
multiparty bridge and the media connections are implemented that are necessary for
the call.

If an Emergency Centre does not have the capacity to deal with multimedia calls, it
may nonetheless be reasonable to answer multimedia calls and direct them to the relay
service. In the event that they contain sign language, then the relay service can
participate in the call with translation. Experience from various operational situations
will be required to determine what is realistic in a true operational situation.

4.7.7. Relay service behaviour controlled by user profiles

The need to control invocation depending on user profiles is less when the relay
service user can personally decide on the invocation as with a multiparty bridge at the
relay service user.
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4.7.8. Two-step invocation of relay service

There is no need to request the relay service to implement a connection when a
multiparty bridge is being used at the relay service user.

4.7.9. Ordered call

If the relay service has limited capacity, it may be useful to be able to order a call. The
relay service then rings up on the multimedia terminal to the relay service user.
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5. Concrete examples in practice

This chapter shows how the proposed solutions can be applied with various relay
services. The effects of satisfying requirements and other aspects are also discussed
here.

In the descriptions in previous chapters the general solution has been called ‘a
multiparty bridge at the relay service user’. This provides interesting properties that in
many cases are different to what can be achieved with other mechanisms for relay
service invocation. In order to illustrate this a description is also provided of this kind
of connection in a separate section of this chapter.

ENUM as a base for solutions

The borders between various kinds of relay services are made diffuse owing to
technologies such as ENUM enabling simple transfer between PSTN and IP networks.
ENUM makes it possible to have more general management of calls and to integrate
all relay services into a single or several alternatives.

If every textphone and every videophone that will use the relay services is attributed
an ENUM domain they will be reachable via the relay service from PSTN, ISDN and
the Internet. All calls to the relay service could possibly access the relay service via
the IP network even if they initially come from, for instance, the PSTN network.
Outgoing calls would also be able to leave the relay service via IP but calls to PSTN
are connected at the operator over to the PSTN network.

In order for the relay service to know where an incoming call should be relayed to, an
ENUM domain may point at the relay service with a SIP address (for example
3.2.1.6.4.arpa points at 1231 @bildformedling.se). The user name in this address can
in its turn be used for mapping with ENUM and provide the relay service user’s
textphone number or SIP address.

ENUM is often preferable to a local database at the relay service as the administration
of the ENUM items can be shared by several operators. You do not need to be
dependent upon the reliability of the operations of an operator. ENUM uses DNS
which has transpired to be very robust.

A solution with ENUM also opens up opportunities for flexible choices between relay
services, as the database is open to everybody.

From the equality perspective ENUM is preferable as people with disability use the
same database (DNS) as all others who use IP telephony.

For these reasons an appropriate solution is that every videophone and every
textphone which will use the relay services is allocated two ENUM domains. One
points to the relay service and the user in combination. The other points directly to the
relay service user’s text or videophone.
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Relation to standard

For a relay service to be of use it needs to be able to implement calls with widely
dispersed public terminals. It should be possible for the terminal users to have contact
with each other, with the relay service, the emergency number 112 and the network
that they use. In order for this to function the terminals and services need to use a
standard for communication. The relay service needs to publish the standards it
applies. As can be seen from the descriptions of mechanisms for convenient
invocation, they use standardised functions, such as SIP, ENUM, PSTN’s
supplementary services, etc. It is common that terminals do not make full use of all
possibilities within a standard. It is therefore important that the mechanisms that are
required for convenient invocation to function are generally incorporated into
terminals and networks.

It would be useful if users can recognise the management of relay services from
country to country. It is therefore advantageous if descriptions of convenient
invocation of relay services are established and disseminated in standards groups and
in policy groups in Europe and internationally.

Overall descriptions of convenient invocation of relay services have been included by
the ITU-T in the work with the Next Generation Network, NGN, and by ETSI in the
ETSI Guide EG 202 320 Duplex Universal Speech and Text. [4].

Practical requirements for the relay service
Practical requirements that reoccur almost in all cases are:

The communications assistant should be joined in the call as soon as possible, when
the connection is ready, so that the voice phone user will not think that no one is there.

If the connection to the relay service user takes a long time a message should be
played for the voice phone user.

If no communications assistant is available the call should be connected to both
parties and a message be played to both the voice phone and the relay service user,
who indicates that a communications assistant is required for the relay. The relay’s
position in the queue should be continuously notified to both the voice phone and the
relay service user.

20 November 2005 Convenient Invocation of Relay Services. Proposed technical solutions. Omnitor AB

Page 34 of 65





Costs for introducing the solutions
Costs arise when the solutions are introduced.

e The introduction of the solutions in the technical systems with the relay
services. With the Relay Service for Text Telephony, which has a large
technical system, every technical change can entail great costs. With the other
services that are small and in the course of development the costs will be less.
The solution of a multiparty bridge at the relay service user involves least cost
for the alternatives for Relay Service for Video Telephony.

e Information to relay service users.
It needs to become generally known that the solutions are available. An
information campaign is required and entails expense, the amount of which
however depends upon the methods used.

e Costs for each relay service user.
All solutions involve technical novelties for relay service users. In the case of
multiparty bridge at the relay service user, in the simplest case this involves a
cable and a headset switch or new software in the terminal, in the other cases it
IS necessary to have a subscription, numbers and addresses, for example in
ENUM. No solution would generate substantial costs.

Three party calls and calls between users of various relay services

Besides the simple relay service cases with two users connected it is possible to
conceive that there may be needs to connect calls between users of various relay
services. It may be necessary for two, three or several relay service users in a joint
call. It is simple to implement this through inter-linking the voice phone part of the
call between the relay services with the aid of an ordinary call, three party calls and
telephone conference calls respectively. You should be aware that relays take some
time, so it is natural that delays thereby arise and there is consequently an increased
risk for information loss in the course of such calls.
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5.1. The Relay Service for Text Telephony

The Relay Service for Text Telephony is mainly used by users of textphones in PSTN.
A service for web-based text telephony is also available, which deals with calls from
text users to voice users.

There are also multimedia terminals with text communication in IP networks, which
comply with the SIP protocol.

Owing to the domination of traditional textphones it is natural to concentrate
implementations on the possibility for PSTN terminals to use the services, even if
future security with the possibility for IP-based and mobile terminals to use the
services is important.

Charging aspects

The Relay Service for Text Telephony currently largely speaking copes with
arranging charging of calls in accordance with the desired principle that the users pay
as if the call went directly between them. There are cases for which it is more difficult
to arrange charging. When applying a convenient invocation there will be a few
further problem cases. Call transfer of calls in PSTN means for example that the party
who requested the call transfer also pays for the entire remaining time for the call.
This is contrary to the desired principle. The method with a multiparty bridge at the
relay service user has better prospects of meeting the requirements regarding
charging.

One method is based on using an operator prefix. If this method is used then it is not
possible to automatically charge the calls with the optional operator as is possible
today. However, it will become voluntary to use the prefix, so the opportunity of
selecting operator for relay service calls may continue.
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5.1.1. Direct dialling to relay service users

If all textphones that will use the service are allocated an ENUM domain name, these
can be called up directly via the relay service, both from ordinary voice telephones
and SIP voice phones. The voice phone call translates in the network to SIP. The relay
service is then called up on a SIP address whose user name is mapped in ENUM to
find the telephone number to the relay service user.

The telephone number can also go to a fax, this can be stated in ENUM.

An operator prefix could possibly be used to provide relay service users with their
own numbers which are led through the relay service. However, this solution has the
disadvantage that it is possible for you to see from the number that a person has a
disability. It is therefore suggested to refrain from directly using this method.
However, the solution can be used for addressing after translating in ENUM if there is
reason to do so.

An important function that would make matters easier for relay service users who
have a voice phone and textphone is an indicator of the incoming kind of call. In
PSTN it can sense whether any of the tones that a textphone starts a call with are
heard, and show this on an indicator. Note that this solution only functions securely in
Sweden, where for many years there have been requirements for calling textphones to
emit audible tones. Textphones in other countries are often silent when they call.

e

1231 @textformedling.se

3.2.1.6.4.e164.arpa 3.2.1.6.4.e164.arpa
Provides:1231@textformedling.Se Provides: 456
Diagram 5.1.1.

Double ENUM mapping. A voice phone rings a direct number to the relay service
user. The call starts in the PSTN network and transfers on route to the relay service to
the IP network. The relay service automatically rings up the relay service user.
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5.1.2. Direct dialling to voice phone users

One way of achieving direct dialling from textphone users in PSTN to voice phone
users is to make use of an operator prefix. The relay service user then dials the
operator prefix followed by the voice phone number. The call goes to the disability
operator who arranges for the relay service to be invoked for the call. The operator
prefix is ultimately not visible for voice phone users, who then cannot identify that it
is a relay service user who is calling.

The solution with operator prefix means that when it is used the user cannot freely

choose operator. Those who consider it is important to choose operator can ring with
the traditional two-step method.

95640855600203 I

0855600203 >
Diagram 5.1.2.

ﬁ'g
(
A relay service user dials a prefix and a voice phone number. The call is connected

via the disability operator to the voice phone via the Relay Service for Text Telephony.

Parlay was described in Chapter 4 as a possible solution environment. This is done
with the aid of user profiles that can be defined in Parlay. The relay service user can
be registered in a profile as a user of the relay service. If the connection occurs in
relation to another subscriber with a Parlay profile, the relay service can be invoked if
the users have different preferences for media. However, there are limitations if only
one of the users is registered. It is then not possible to determine whether the service
can be invoked. It does not appear possible to get a comprehensive solution based on
Parlay, but it may be a component of a solution.
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5.1.3. Forwarding calls so that they are connected via the relay
service

The relay service user requests call forwarding through pressing *21*<the relay
service user’s direct number at the relay service>#. This telephone number
corresponds to an ENUM domain name that informs the Relay Service for Text
Telephony where the call should be relayed to. If the relay service user wishes to
forward a SIP voice phone, this can also be forwarded to the textphone’s ENUM
domain name.

It is suitable for this function to be used for a voice phone that the relay service user
often forwards calls, as it can simply be programmed as a speed dial on most voice
phones.

*21*direct number#

a.
b.
Diagram 5.1.3.
a. The relay service user requests connection on the voice phone of incoming calls via
the Relay Service for Text Telephony by pressing *21*direct number#.
b. An incoming call is connected to the relay service user’s textphone via the Relay
Service for Text Telephony.
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5.1.4. Transferring incoming calls so that they are connected via
the relay service

From ordinary PSTN telephones it is possible to transfer calls with the combination

R<number>R4. Call transfer is also possible in ISDN networks. Many situations

when call transfer is necessary probably arise at offices where ISDN is often used.

Call transfer is requested to the textphone’s ENUM domain that points to the Relay
Service for Text Telephony and also contains information about the destination to
which the call should be made.
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5.1.5. Transferring an ongoing call so that it is connected via the
relay service

Many situations when call transfer is necessary probably arise at offices where ISDN
or IP telephony is often used. There the calls can be moved with the service for call
transfer, specifying the relay service user’s number for direct dialling as an address.
The call transfer will then be routed through the relay service.

In PSTN environments, textphones and voice phones often share the same
subscription. In this case an indicator of the incoming kind of call at the relay service
user would be of great assistance. The relay service user lifts the handset of the voice
phone and transfers it if the text telephony indicator does not show anything to the
Relay Service for Text Telephony. The Relay Service for Text Telephony then relays
the call back to the number the transfer came from.

Diagram 5.1.5.
a. An incoming voice call on PSTN. An indicator lamp shows to the relay service user
that it is a voice call.

b. The relay service user transfers the call to the Relay Service for Text Telephony.
c. The Relay Service for Text Telephony rings up the relay service user on the
transferred telephone number. The indicator lamp shows that this time it is an

incoming textphone call.

The same scenario as above although two textphones have a call and wish to transfer
the call to a voice phone which can be resolved through a call transfer being made to
the relay service’s operator prefix followed by the voice phone number. If the transfer
is instead to go to the videophone, the call is transferred to the videophone’s direct
number.

In those cases where the call transfer service is not available in a PSTN environment,
an alternative solution is that the relay service user has a multiparty bridge, see
Section 5.4.
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The Relay Service for Text Telephony may also need to transfer calls from the relay
service. That is to say transfer the voice phone user to another voice phone user or the
textphone user to another textphone user.

This is done by using the call transfer service (R4) in PSTN as described above or the
corresponding service in ISDN.
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5.1.6. Emergency number 112

Today it is possible to call with a textphone directly to the emergency number 112.
But there are situations when it is important to include a relay service for the call.
For calls with emergency number 112 a mechanism is required to connect three party
calls with the relay service, with the same kind of media mixing as the relay service,
so that the Emergency Centre can participate in the call in all media throughout.

a.
b.
Diagram 5.1.6.
a. The relay service user dials 112 to the emergency number 112
on his/her textphone.
b. The Emergency Centre or the relay service user requests assistance from the
Relay Service for Text Telephony which is invoked for the call.
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5.1.7. Relay service behaviour controlled by user profiles

There is little possibility in the telephone network of having user profiles and
controlled connection depending on profiles. Parlay is described in Chapter 3. This
provides a certain possibility to control connection selectively depending upon the
user’s preferences. Text can be a preference, and can result in invocation of the
service.

Parlay profile @

Diagram 5.1.7.
a. Arelay service user with a textphone rings via the Relay Service for Text
Telephony. Before the call is connected information about the relay service
user is retrieved from the Parlay profile.
b. A voice phone user rings via the Relay Service for Text Telephony. Before the
call is connected to the relay service user the relay service user’s user profile
is retrieved from the Parlay profile.
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5.2. The Relay Service for Video Telephony

The Relay Service for Video Telephony is reached for sign language preferably
through the Internet and for SIP calls, where the call quality is best.

3G video telephony is also an important form of communication for sign language,
even if the quality is close to the limit for usability. It is expected to become even
more important when bandwidth and compatibility is improved when the 3G networks
introduce SIP-based communication in the IP Multimedia Subsystem, IMS.

For these reasons it will be most natural to use SIP-based technology and ENUM for
implementation of connection cases. However, voice phone calls will often have a
termination point in PSTN.

Charging

There are still no fixed practices among operators regarding how SIP calls are
charged. A tradition is currently emerging towards dealing with the charging of
‘gateway calls’ in the telephone network. It may therefore be difficult to establish
good charging mechanisms that are not considered to be too restrictive of the users’
unrestricted freedom to choose communications system and operator. It is nonetheless
important to create a charging system that can deal with costs of calls and attribute
them on the users in a fair way.

Some of the connection cases for convenient invocation have a special influence on
the charging. If, for example a call transfer is made from a voice phone in PSTN, then
charging of the call will in the future be debited against the subscription from which
the transfer was made.
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5.2.1. Direct dialling to relay service users

Through allocating each videophone which will use the service an ENUM domain
name, these can be reached in a simple way by both voice and textphones.

A voice phone or a SIP telephone user then dials a number which is translated by the
network to the corresponding ENUM domain. When this is mapped the Relay Service
for Video Telephony is called with a special user name. This user name is in its turn
mapped in ENUM in order to obtain the relay service user’s private SIP address.

(@ PSTN ; sip :

123
1231@bildformedling.se erik@sip.omnitor.se
3.2.1.6.4.e164.arpa 3.2.1.6.4.el64.arpa
Provides:1231@bildformedling.se Provides: erik@sip.omnitor.se
Diagram 5.2.1.

A voice phone rings a direct number to the relay service user. The call starts in the
PSTN network and transfers on route to the relay service to the IP network. The relay
service automatically rings up the relay service user.

SIP also provides opportunities for the relay service user to be reached in several
different units.
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5.2.2. Direct dialling to voice phone users

In order to be able to ring directly to a voice phone user the relay service needs in
some way to get information about where the call should be relayed to. One possible
method is that the relay service user rings up the relay service with a user name
corresponding to the telephone number for which relay is wanted, and a domain name
that is only used to address the service.

For example, the dialling can be made to:
SIP: 0855600203@bildformedling.se

Y
0855600203 p f
— T
Diagram 5.2.2.

A videophone rings directly to a voice phone through stating in the SIP address to the
Relay Service for Video Telephony the desired voice phone number as the user name.

Charging aspects

The party calling can be identified at the relay service with the aid of the calling SIP
address. If the user is to be charged, it is necessary to have an agreement with the SIP
operator with whom the user is registered. It also appears natural that you should then
only allow calls from users in SIP servers with whom you have an agreement. It can
therefore be considered problematical to invoice the relay service user for the cost of
the relayed call.
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5.2.3. Forwarding calls so that they are connected via the relay
service

It is most appropriate from SIP voice phones to forward the call to the SIP address
that goes to the relay service and which the relay service uses to determine where the
call should be relayed to.

This is done from voice phones by the relay service user forwarding his/her direct
number to the relay service through dialling *21*telephone number#; it is preferable
that this function is programmed into the voice phones where the need for call
forwarding often arises.

From SIP voice phones the process of the relay service user depends more upon the
nature of the terminal. From the purely technical perspective this means that a
diversion is made to the SIP address that the ENUM domain points to. This is either
done in the relay service user’s SIP server or all incoming calls are then answered by
a REFER of the SIP voice phone.

7

b REFER to the relay service (
Refer to: 1231@bildformedling.se

c. L) iy
1231@bildformedling.se

3.2.1.6.4.e164.arpa
Provides: erik@sip.omnitor.se

Diagram 5.2.3.
a. The relay service user by a simple manipulation requests call diversion on his/her
SIP voice phone of incoming calls via the Relay Service for Text Telephony.
b. An incoming call is answered by REFER to the relay service.
¢. The incoming call is connected to the relay service user’s videophone via the Relay
Service for Video Telephony.
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5.2.4. Transferring incoming calls so that they are connected via
the relay service

Many situations when a call transfer is necessary probably arise at offices where
ISDN is often used. There are good possibilities at such places to transfer calls.

The voice phone user in ISDN and SIP voice phones requests a call transfer to the
videophone’s ENUM domain which points to the Relay Service for Video Telephony
and also provides information about where the call should be relayed to.
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5.2.5. Transferring an ongoing call so that it is connected via the
relay service

The voice phone user requests call transfer to the relay service user’s direct number
via the Relay Service for Video Telephony. This address is then mapped in ENUM
and provides a SIP address to the Relay Service for Video Telephony that contains
information about where the call should be relayed to. Of course it is possible to

directly make a REFER to this SIP address.

Please hold and I’ll
connect you to Lasse.

a.
b. REFER

Refer to: 1231@bildformedling.se
C.

Diagram 5.2.5.
a. Two voice phone users are having a conversation.
b. One of the voice phone users by a simple manipulation requests a call transfer via
the Relay Service for Video Telephony.
c. The other user is then connected to a relay service user via the Relay Service for
Video Telephony.

The Relay Service for Video Telephony may also need to transfer calls from the relay
service. That is to say transfer the voice phone user to another voice phone user or the
videophone user to another videophone user.

This is implemented from voice phone calls by using call transfer service (R4) in
PSTN or corresponding service in ISDN. SIP calls are transferred by the relay service
making a call transfer to the SIP address desired.
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5.2.6. Emergency number 112

In order to be able to deal with video calls the Emergency Centres need a video
conference bridge for SIP calls where the Relay Service for Video Telephony is
invoked when necessary. In this way the Emergency Centre can participate in the call
and have access to all information throughout.

Even if the Emergency Centre has not been supplied with a multimedia terminal it
may be valuable to be able to receive multimedia calls and connect them to a relay
service.

a.
b.

Diagram 5.2.6.

a. The relay service user rings to the emergency number 112 from his/her
videophone.
b. The Emergency Centre or the relay service user requests assistance from the
Relay Service for Video Telephony which is invoked for the call.
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5.2.7. Relay service behaviour controlled by user profiles

When a call is connected to the Relay Service for Video Telephony, the preferences
applicable to the user are shown on the operator’s screen. The operator adapts the
service according to the relay service user’s requirements. The call should also

primarily be connected to an operator who meets the relay service user’s
requirements.

This can be resolved by having a local database with preferences where the users are
identified on a SIP address or ENUM domain name.

If caller preferences for SIP [RFC3841] are generally implemented in SIP products in
the market this technology can deal with most user preferences in a more general way.

Database @

b. PSTN
&
Diagram 5.2.7.

a. Avrelay service user with a videophone rings via the Relay Service for Video
Telephony. Before the call is connected information about the relay service
user is retrieved from a database at the relay service.

b. A voice phone user rings via the Relay Service for Video Telephony. Before
the call is connected to the relay service user the relay service user’s user
profile is retrieved from a database.
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5.3. Speech-to-speech relay service (TeleTal)

Speech-to-speech relay service (known in Sweden as TeleTal) is currently based on
traditional voice telephony. It is therefore most appropriate to study solutions that
function in this environment. However, it would be positive for the service if there
was a possibility to supplement it with video and text communication between the
relay service users and the relay service. The value of a video channel has proved to
be very great. Such communication is best conducted with SIP technology in the IP
networks. Therefore, comments are provided here regarding how multimedia
communication in SIP is used for solutions using the speech-to-speech relay service.

Charging aspects
It is perhaps possible to charge the cost of the relayed call to the user.

5.3.1. Direct dialling to relay service users

By giving speech-to-speech relay users an ENUM domain name they can be reached
directly via the speech-to-speech relay service. The user calls in the same way as with
a direct dialling to a voice phone but in this case the telephone number is translated to
an ENUM domain name. This ENUM domain name provides a SIP address that
connects the call via the speech-to-speech relay service. The user name in the SIP
address can in its turn be mapped in ENUM which provides information about the SIP
address where the videophone is available. The same scenario also functions if the
relay service user wishes to be called up on a voice phone, in which case the ENUM
domain provides this information instead to the speech-to-speech relay service.

Note that it is not always desirable with direct dialling as the relay service user may
need to prepare for the call.

Q L

2

PSTN I @

1231 @teletal.se

3.2.1.6.4.e164.arpa 3.2.1.6.4.e164.arpa
Provides:1231@texttal.Se Provides:456

Diagram 5.3.1.
A voice phone rings a direct number to the relay service user. The call starts in the
PSTN network and transfers on route to the relay service to the IP network. The
speech-to-speech relay automatically rings up the relay service user.

Parlay, described in Chapter 3, can also be a solution if the service is always invoked
for calls to the user’s telephone number.
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5.3.2. Direct dialling to voice phone users

One way of achieving direct dialling to voice phone users is to make use of an
operator prefix. The relay service user then dials the operator prefix followed by the
voice phone number. The call goes to a disability operator who ensures that the relay
service is invoked for the call. The operator prefix is ultimately not visible for the
voice phone user, who consequently cannot identify that it is a relay service user who
is calling.

0855600203

&

=

(v 95310855600203
(@ —

Diagram 5.3.2.
A relay service user dials a prefix and a voicephone number. The call is connected via
the disability operator to the voice phone via Teletal.

Another way may be to use Parlay, described in Chapter 3.

Note that direct dialling is not always desirable as some relay service users need
assistance with preparing calls.
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5.3.3. Forwarding calls so that they are connected via the relay
service

Through forwarding to the number that is associated with the relay service user’s
ENUM domain name, the call is forwarded to the speech-to-speech relay service
which is provided with data from the ENUM domain name about where the call
should be relayed to.

*21*direct number#

d.
b.
Diagram 5.3.3.
a. The relay service user requests connection on the voice phone of incoming calls via
Speech-to-speech through pressing *21*direct number#.
b. An incoming call is connected to the relay service user’s voice phone via Speech-
to-speech.
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5.3.4. Transferring an incoming call so that it is connected via the
relay service

Call transfer can be implemented by commands on many telephones. A user requests
call transfer to the relay service user’s direct number. This is mapped in ENUM and
points to the speech-to-speech relay. The connection continues after the speech-to-
speech relay by the user being addressed with an address that is once again translated
by ENUM and goes to a final terminal.

Where the call transfer service is not available in the PSTN network, one alternative
solution is that the relay service user has a multiparty bridge (4.5.5) or that the relay
service user requests three party calls with the speech-to-speech relay.

Diagram 5.3.4.
Three party call with TeleTal.
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5.3.5. Transferring an ongoing call so that it is connected via the
relay service

Call transfer can be implemented with many telephones. A user requests call transfer
to the relay service user’s direct number. This is mapped in ENUM and points to the

speech-to-speech relay. The connection continues after the speech-to-speech relay by
the user being addressed with an address that is once again translated by ENUM and

goes to a final terminal.

Please hold and I’ll
connect you to Lasse.

Diagram 5.3.5.
a. Two voice phone users are having a conversation.
b. One of the voice phone users by a simple manipulation requests a call transfer via
TeleTal.
c. The other user is then connected to a relay service user via TeleTal.

The speech-to-speech relay may also need to transfer a call from the relay service.
That is to say transfer a voice phone user to another voice phone user. This is done by
using the call transfer service (R4) in PSTN or corresponding service in ISDN.
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5.3.6. Emergency number 112

The Emergency Centre can connect three party calls with the speech-to-speech relay.
In order to deal with SIP calls the Emergency Centre needs a conference bridge where
the speech-to-speech relay can be invoked for the call.

@

b ¢@

Diagram 5.3.6.
a. The relay service user rings the emergency number 112 from his/her
videophone or telephone.
b. The Emergency Centre or the relay service user requests assistance from
TeleTal which is invoked for the call.
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5.3.7. Relay service behaviour controlled by user profiles

When a call comes in to the speech-to-speech relay the information about the user will
be presented on the operator’s display. The operator adapts the service according to
the relay service user’s requirements. The system shall if possible also connect to the
right operator and also determine whether the call can be connected directly or if the
relay service user needs assistance by the operator first.

This can be resolved through a local database where the users are identified with the
assistance of his/her telephone number or his/her SIP address.

This database should contain the telephone number, name, address, postal address,
need of memory support (before the call), need of writing support (during the call),
information about desired performance of the service, desired operator, etc. This can
be based on normal call centre technology.

PSTN
a. a g

|
=
!

b. PSTN
&
Diagram 5.3.7.

a. Arelay service user rings via TeleTal. Before the call has been connected
information about the relay service user is retrieved from a database at the
relay service.

b. A voice phone user rings via TeleTal. Before the call is connected to the
relay service user the relay service user’s user profile is retrieved from a
database.
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5.4. Multiparty bridge at the relay service user

A conference bridge intended for invocation of a relay service can be placed at the
relay service user, who can then perform invocation of the relay service during a call.

A multiparty bridge can for example comprise a total conversation terminal where a
voice phone is connected on the audio input. The total conversation terminal can then
ring up the relay service which interprets the call, sign language goes to the total
conversation terminal and the voice goes to the voice phone instead of to the
loudspeaker. This connection is showed in the diagram as two inter-linked terminals.
The implementation can also be conducted electronically in a terminal that is able to
deal with the two calls and implement the inter-linking.

A corresponding connection can be made with text and voice in the call with the relay
service. In this section a description is given of how the various connection cases are
implemented with a multiparty bridge at the relay service user.

The relay service has in these connection cases only one connection of the call, and
relay is implemented between different media channels in this call. This entails a very
simple implementation of the relay service’s technology. Instead it requires in its
basic design that the relay service user has both a voice phone and a terminal for use
in relation to the relay service. This is not convenient in all situations, for example for
mobile use with current mobile terminals. In order to achieve similar properties in
such situations a solution is required with a special multiparty bridge placed in the
network.

Voice
—Q
b. \/oice
.Sion lanauaoe '
Diagram 5.4.
a. A voice phone rings.
b. The relay service user answers on a voice phone which is connected to a total
conversation terminal. This rings up the relay service which interprets the call.
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Charging aspects

A common feature of these cases is that the cost of the call that is to be relayed can be
charged in its entirety in accordance with the desired principle that it should be as if
the conversation was conducted directly between the call parties. The cost of the
multimedia call with the relay service is additional. This call usually takes place in the
IP network, where it is common not to charge for call time but only for subscriptions.

5.4.1. Direct dialling to relay service users

For direct dialling to relay service users the voice phone’s number is used. The call is
received by the relay service user who starts a connection to the relay service with the
assistance of the multimedia terminal. The audio channels are linked so that the voice
phone user establishes contact with the relay service, and the relay can be performed.

5.4.2. Direct dialling to voice phone users

For direct dialling to voice phone users the relay service user first rings with the
multimedia terminal to the relay service. Then the user rings up the voice phone call
on the voice phone, with the audio channels connected to the multimedia terminal.
Thereafter the service relays between voice in the multimedia terminal and sign
language or text.

5.4.3. Forwarding calls so that they are connected via the relay
service

Forwarding of calls to go via the relay service are not conducted with the multiparty

bridge at the relay service user. Operations to initiate the invocation of relay service

for an incoming call are so simple that they are used instead.

However, the connection cases can be implemented with net-based solutions where
the same multimedia terminal is used.

5.4.4. Transferring incoming calls so that they are connected via
the relay service

When a call is received on the voice phone the user can ring up the relay service in the

multimedia terminal. When the relay service has answered the audio channels are

connected together and the voice call answered. The relay can be performed.

5.4.5. Transferring an ongoing call so that it is connected via the
relay service

A call that starts in a voice phone can be transferred to the voice phone included in the

inter-linking with the multimedia terminal. The relay service user rings the relay

service and can take over the call.
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5.4.6. Emergency number 112

The Emergency Centre can have access to a multiparty bridge. In calls where it is
considered that it would be valuable to join the relay service this will be invoked via
the multiparty bridge and the media connections necessary for the call been made. In
this way the Emergency Centre can participate in the call and have access to all
information throughout.

Even if the Emergency Centre has not been equipped with a multimedia terminal, it
may be valuable to be able to receive multimedia calls and connect them to the relay
service.

Diagram 5.4.6.
a. The relay service user rings the emergency number 112 from his/her
videophone.
b. The Emergency Centre or relay service user requests assistance from the
Relay Service for Video Telephony which is invoked for the call.
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5.4.7. Relay service behaviour controlled by user profiles

The need to control invocation dependent on user profiles is less when the relay
service user him/herself determines the invocation as in the case of multiparty bridge
at the relay service users. There may nonetheless be reason to include such functions
also in this case. Some examples are given here:
e The relay service can register how the user calling in wishes to use the media,
and identify which user is calling in, so that a communications assistant with
the right skills takes the call.

o If atextphone call sometimes comes in on the same connection as the voice
phone, then it is necessary to have an indicator that shows whether the call is a
text call or a voice call. The text calls can be received in a textphone at the
relay service user.
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6. Conclusions and recommendations

In this part of the report it has been shown that solutions for all connection cases can
be created. It appears that there are good practical possibilities to implement
connection cases.

When the proposed functions have been implemented, it is then very important that
the manoeuvres by users required to use the services are very simple and easy to
perform. Such services will then be popular and be of great benefit.

It may appear to be complex with all the different connection cases and
implementation environments. Nonetheless far from all the consequences of selecting
one or another solution have been completely reviewed in this study. A trial operation
would be the natural next step.

The objectives of a trial operation should be:

To investigate which connection cases would be most popular.

How connection cases can be made as simple as possible to perform?

What technical solution is the most appropriate to make further investment in?
What mechanisms are simplest and most generally available?

How can charging of call costs be arranged?

How should information about connection possibilities be formulated?

To what extent will the solutions depend upon special terminals?

What connection cases are suitable for implementation from mobile terminals?
What requirements do connection cases impose on the relay service?

What costs would the introduction of such solutions entail?
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