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Advent Instruments Inc. 1. Introduction

1. Introduction

The TRsSim software is designed to provide a wide range of telephony testing
capabilities. Working in conjunction with either the AI-7280 Central Office Line
Simulator or the AI-80 Caller ID Signal Generator, its features include:

e  Multi-country Type I and Type II Caller ID signal generation
e SM-SC (Short Message - Service Center) emulation

e DTMF & pulse dialing detection and analysis

e Network tone, DTMF, and MF tone generation

e Programmable ringing generator

This document contains information on the installation, setup, and usage of the TRsSim
software. Consult the following sections for more detailed information on the various
program aspects.

operation. It describes how the main control panel operates along with how to
access the various program functions.

e Program _S_egt_ipg_s‘:on page 82,explains in detail the effect of various settings,
how to define tones and ringing patterns, along with DTMF and pulse dialing
limits.
| mmmmm—mmmmm——mmm—mm - | -

different Caller ID types supported, how messages are created, how signaling
types work, and the effect of the signal settings.

e SMS Service Center Emulationjon page Siiprovides information on how to
configure the software in order to test and emulate a SM-SC. This includes
information on the supported SMS types, general SC settings, TL messages, and

the message flow setups.

and generate various signals. These include simple tones, patterned tones,
DTMF, FSK and ringing.
= e = - 1 ==

hardware setup details, enabling optional components, and device specific
features.

TRsSim - PSTN Emulation 3



2. Installation & Setup Advent Instruments Inc.

2. Installation & Setup

This section provides information on how to install the software and configure it for use
with either the AI-7280 or AI-80 devices. If any problems are encountered please see the
Technical Support section on how we can be contacted to provide assistance.

2.1 System Requirements

Computer/Processor: PC with Pentium 4 (2 GHz) or greater
Memory: 512 MB of RAM

Display: SVGA or greater

Operating System: Microsoft Windows 2000, XP, Vista

It may be possible to use the TRsSim software with different PC configurations
containing less RAM, lower resolution display, and different operating systems. Under
most conditions it is likely that the software will operate correctly; however being outside
our testing environment we can not ensure system resource limitations will not occur.

2.2 Software Installation

To start using the AI-7280 the TRsSim application software must first be installed
followed by the installation fo the USB driver to allow communication to the PC. During
the installation of the software the AI-7280 should not be connected to the PC.

When installing the software from the supplied CD, insert the CD in your PC's CD-ROM
drive. Automatically your default browser software should display a screen showing the
various products from Advent Instruments. Click the mouse on the applicable hardware
device ie AI-7280. This displays a new screen listing product specific software
applications and documents. Click the mouse on the TRsSim - PSTN Emulation item.
This executes the software's setup program. Follow the instructions displayed on the
screen to complete the installation.

If the CD does not auto start, click the Start button on the Windows Task Bar. Choose
Run, then type D:\index.htm in the Open textbox and click OK. If the PC's CD-ROM is
not mapped to driver letter 'D', then substitute the appropriate drive letter.

Alternatively, the software can be downloaded from our web site at

http:/www.adventinstruments.com

4 TRsSim - PSTN Emulation
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as a single file executable. To install the software simply run the single file executable
and follow the instructions presented.

At this point the TRsSim application is installed but in order to connect via USB the
installation of the USB driver described in the following section must be completed.

Software updates are made available on our web site for download. The TRsSim
software can be configured to periodically check for a newer version. If one is available,
a message is displayed and you may download the latest files. When executing the
TRsSim software for the first time, you will be asked if periodic update checks should be
enabled.

2.3 USB Driver Installation

The proper drivers must be installed before a USB connection can be established with the
AI-7280. If a serial RS-232 connection is used with the AI-7280 then the USB driver
installation is not required.

Note: For detailed, ste_p—by-step,_ipgructions on installing the driver, see: :Anp_andix_D;E

USB Driver Installation!on page 109!

In summary, the installation of the AI-7280 USB driver requires the following steps:

1. Ensure sufficient operating system rights are available to install device drivers.
This normally requires using the administrator account.

2. Power up the AI-7280.

3. Connect the AI-7280 to the PC using a USB cable.

4. The windows operating system will indicate that it has found a new device and

is requesting the location for the proper driver. Specify that the driver is located
in the \drivers\ subdirectory of the TRsSim software. If the default directory
was used during the software installation, this will be:

C:\Program Files\Advent\TRsSim\Drivers

5. A message should be displayed indicating the successful installation of the
driver.

2.4 First Time Setup

After completing the software installation you can execute the TRsSim program. By
default the installation process adds an entry to the Programs menu under the folder
Advent Instruments. Selecting the Tip-Ring Signal Simulator entry in this folder
starts the program.

As the TRsSim software functions with various hardware devices (AI-5120, AI-5620, Al-
80), it needs to be told to search for an AI-7280 Central Office Simulator . Shortly after
starting the program, the following window is shown.

TRsSim - PSTN Emulation 5
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3% No Device Setups Found @

This program has not been configured with any
hardware devices, or nohe are currently conhected.

Flease select ane of the fallawing options.

Configure and Setup Demonstration Mode
Hardware Device[s) [ho hardware required)

Click the Demonstration Mode button if you do not have any hardware connected to the
PC and would like to evaluate the software. This bypasses the hardware setup and
continues the process of loading the remainder of the software. By running in
demonstration mode the software is unable to control any connected hardware; however
the various software features and general user interface can be explored.

If an AI-7280 is connected to the PC, click the Configure and Setup Hardware button.
TRsSim will then display the device setup window. This window is divided into two
columns. The left column lists all devices that are currently connected to the PC and are
available for use. The right column lists all the devices that TRsSim is currently
connected to. Initially the right column will be empty.

2% Device Setup & Configuration

Auvailable Devices: Selected Devices:

Al-7280 & = add
SH120000 (na devices have been selected)

AL5620 ~ 5
A

—

Search Serial COM Port
1 % A48 Seaich

Close

The above figure shows that two devices, an AI-5620 and AI-7280 are available to
TRsSim. Select the desired device and add it to the list of selected devices, by clicking
the Add button

Note that the TRsSim software supports up to four devices simultaneously. Only devices
connected via USB are automatically displayed in the left column. To find devices
connected on a serial COM port, click the Search button.

Once the Add button is clicked, the TRsSim software attempts to establish
communications with the AI-7280. A software license key will have to be entered the
first time it connects to the selected device. The key is included with the documentation

6 TRsSim - PSTN Emulation
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provided with the AI-7280. It is composed of the numbers 0 to 9, and the capital letters
A to Z (with the exception of the letter 'O'). The letter 'O' is not used in the key so to
avoid confusion with the number zero. The software key is linked to the serial number of
the AI-7280. This allows the installation of the TRsSim software on multiple PC's,
however only when the hardware device with the matching serial number is connected
are the software features available. After entering the software key, click the OK button.

== Add License Key. E|
Al-7280 Central Office Line Simulator
Senial Mumber: 5120000

[ - -] Require license key to connect
L] with this device.

LPP .|555u4 |.|J|:N|Ju |.|225 |.|HEAEN|

[ Cancel ] ook §

The TRsSim software remembers the software key for each device connected, so this is
the only time it will have to be entered.

Once a connection is established, the TRsSim software will ask if you wish to enable
periodic checks for newer versions of both the TRsSim software and the AI-7280
firmware. If you do not wish to enable this feature, click No. If Yes is clicked, an
immediate check is made for updates and additional checks will be made once every 30
days upon program startup. This update feature and the interval of the update checks can
also be changed from the Preferences window.

Note, the TRsSim software can only check for updates if it is permitted access to the
internet by the PC and firewall software if installed.

Automatic Software/Firmware Update Checks

AI-7280.

2.5 Using a RS-232 Connection

The preferred interface to the PC from the AI-7280 is USB but if that is not available
then the unit may also use the older RS-232 serial bus. In order to find the AI-7280 or

TRsSim - PSTN Emulation 7
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AI-80 the COM port must be specified from the pull down menu and then the search
button pressed. The following window is displayed.

% Device Setup & Configuration

Available Devices Selected Devices:

Al-7280 J = add
U ]f'y [ho devices have been selected)

Nao USE Devices
Connhected to the PC

Search Serial COM Part
1 % 44Search

Found: AI-7280 an port #1 Close

A software key will have to be entered the first time it connects to the selected device.
The key is included in the documentation provided with either the AI-7280 or AI-80. It
is composed of the numbers 0 to 9, and letters A to Z (with the exception of the letter 'O").
The letter 'O’ is not used in the key so as to avoid confusion with the number zero. The
software key is linked to the serial number of the device. This allows the installation of
the TRsSim software on multiple PC's, however only when the hardware device with the
matching serial number is connected are the software features available.

=% Add License Key rg|
Al-7280 Central Office Line Simulator

S ———, Serial Mumber: 5120000

(o ——— -] Require licenze key to connect
il = Ll with this device.

LPP .|555n4 |.|.1|:Nl:|u |.|22|; |.|HI'_‘AEN|

(e | 5

After entering the software key, click OK . The TRsSim software remembers the
software key for each device connected. As such, it will not have to be entered again.

TRsSim - PSTN Emulation
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2.6 Technical Support

For assistance in program installation, hardware setup, or general technical questions,
please contact us in any of the following methods.

e Email:

techsupport@adventinst.com

e In North America:

Tel
Fax
Mail

e In Asia:
Tel
Fax
Mail

(604) 944-4298

(604) 944-7488

Advent Instruments Inc.

111 - 1515 Broadway St.

Port Coquitlam, BC, V3C6M2
Canada

(852) 8108-1338
(852) 2900 9338
Advent Instruments (Asia) Ltd.

Unit 42, 18/F., Block D,

Wah Lok Industrial Centre, Phase II,

31 /35 Shan Mei Street,

Fotan, Shatin, New Territories, Hong Kong

Product updates providing new features and bug fixes are made available on our web site

at:

http://www.adventinstruments.com

If unexpected results or any program errors are detected, please contact us in any of the
above manners. In order to help us resolve encountered problems, it is recommended that
all of the TRsSim settings and collected data are saved to a file. This is accomplished by
selecting the File menu followed by the Save as Configuration File command. If you
can email us this file as well as a description of the problem, it greatly helps our ability
re-create similar operating conditions.

TRsSim - PSTN Emulation
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3. Basic Operation

This section provides a brief description of the common and basic features of the TRsSim
software. It is a good starting point for understanding how the user interface works along
with performing the basic operations.

For more detailed information on the various program capabilities and settings, see one of
the following sections:

e Program Settin_g_sion page 32,

e Caller ID Signal Generation'on page ;}1:

Additional Informationion page 3

3.1 Features and Capabilities

The TRsSim software provides a large number of features and testing capabilities;
however not all of them may be available. Some features may not be available due to
hardware constraints while others are only available as an optional software component
to TRsSim. The following table lists the various features of the TRsSim software,
including device limitations and which features are only available as a software option.

The basic PSTN functions are available to all versions of the TRsSim software. Some
capabilities present when using the AI-7280 may be restricted when using the AI-80 due
to hardware limitations.

Basic PSTN Features:
Description AI-80 AI-7280
Restrictions | Restrictions
Generate programmable tones only 2 tones -
adjustable frequency, level, pattern, up to 4 tones available, no
pre-defined: dial, busy, ring back, stutter dial simultaneous
noise
DTMF Measurement timing -
Low and high group level measurement
Low and high group frequency not available

Total and twist level
Duration and inter-digit time
Pulse Dialing Measurement - -
Make time (min, max, average)
Break time (min, max, average)
Ratio and PPS (pulses per second)
Measure line flash timing - -
Adjustable DTMF digit limits - -

10
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3. Basic Operation

Adjustable pulse dialing & flash timing limits

Generate Telecordia based FSK Caller ID

Type I (on-hook) signaling

Send data after 1st ring

Send data after OSI
Type 1I (off-hook) signaling

Send CAS, wait for ACK, send data
Message types supported

Single/Multiple Message

Single/Multiple Visual Message Waiting
Parameter types supported

Date/time, calling number, number absence,

calling name, name absence, visual waiting

Generate ETSI based FSK Caller ID
Type I (on-hook) signaling
Send data after 1st ring
RP-AS before data (with and without ringing)
DT-AS before data (with and without ringing)
Line reversal, DT-AS before data (with and without ring)
Type 1I (off-hook) signaling
Send CAS, wait for ACK, send data
Message types supported
Call Setup, Visual Message Waiting
Parameter types supported
Date/time, calling number, number absence,
calling name, name absence, visual waiting

Generate DTMF based Caller ID

Type I (on-hook signaling)
Send data before ringing
RP-AS before data with subsequent ringing
Line reversal before data with subsequent ringing
Line reversal, wait off-hook, send data

Type 1I (off-hook signaling)
Send data

Message structure
Up to 4 fields with programmable start code
programmable stop code
maximum of 64 DTMF digits

Measure Type II (off-hook) Caller ID ACK digit
ACK Digit code
Low and high group level
Low and high group frequency
Total and twist level

Telephone Interface: Line Voltage & Loop Current

48V fixed line

Voltage from 0

voltage, loop 072V,
current either 26 Current from
or 45 mA. 15 to 72 mA.
Fixed constant Either constant
current mode. voltage or
constant
current mode.
Telephone Interface: Adjustable Off-Hook Threshold Current not available S5to I5mA
Telephone Interface: Impedance 600/900 ohm, 600/900 ohm,
and optional TBR-21, and
complex optional
complex
Telephone Interface: Balance Impedance not available 600/900 ohm,
TBR-21, and
optional
complex
Programmable ringing generator wave shape -
adjustable frequency, level, pattern, wave shape, always sine,
and DC offset voltage fixed DC offset
voltage

Generate DTMF tones
adjustable level, twist, freq. offset, on/off time

Generate MF tones
adjustable level, freq. offset, on/off time
ITU Q.320, Q.441, and user define tone tables

TRsSim - PSTN Emulation

11



3. Basic Operation Advent Instruments Inc.

Generate FSK signals (separate from Caller ID) - -
adjustable mark/space level and frequency, baud rate
Generate metering pulses not available. -
Adjustable frequency, level, duration, rate
Generate broadband white noise - -
adjustable level

Measure wide band signal level & frequency frequency -
Level units of either dBm (600 ohms), dBV, or mVrms measurement
not available

Selectable AC Filters not available -

LPF, HPF, LFP+HPF, Band pass, notch , dual notch
DTMF LPF, DTMF HPF, C-message weighted

Measure signal THD+N and DTMF THD+N not available -
Measure DC line voltage and loop current not available -
Monitor telephone line signals on BNC output connector only if I/O -
module is
installed
Inject signals onto the telephone line with the BNC input only if /O -
module is
installed
Monitor telephone line signals with the built-in speaker - not available

Support for the SM Service Center Emulation (AI-ETO001) is an optional component to
the TRsSim software. Unless ordered when the TRsSim software was purchased, the
features will not be available. This option can be added to the TRsSim software at any
future date. It allows for testing of a SMS capable TE to either the ETSI ES 201 912
protocol 1 or protocol 2 standard.

SM Service Center Emulation Features:
Description AI-80 AI-7280

Restrictions | Restrictions
Supports ETST ES 201 912 standard - -
Protocol 1 DLL and TL layers
Protocol 2 DLL and TL layers
Supports the following protocol 1 PDU types - -
SMS-DELIVER
SMS-DELIVER-REPORT
SMS-SUBMIT
SMS-SUBMIT-REPORT
SMS-STATUS-REPORT
Supports the following protocol 2 TL messages - -
SMS-SUBMIT
SMS-DELIVER
SMS-STATUS-REP
SMS-SUBMIT-REP
SMS-DELIVER-REP
SMS-TE-STATUS
SMS-TE-CAPABILITY
Adjustable sending FSK parameters - -
Mark/space tone level
Mark/space tone frequency
Baud rate
Programmable PSTN connection delay and network tone - -
Programmable FSK reception limits, frame timing - -
Separate SM-SC numbers for TE submit or TE delivery - -
Pre-programmed setups for ETSI ES 201 912 - -
Protocol 1, Annex A
1.1,1.2,1.3,14,1.5,1.6,1.7, 1.
2.1,2.2,2.3,2.4,2.5,2.6,2.7,2.
Protocol 2, Annex B
1.3.1,1.3.2,1.3.3,1.34,1.3.5,1.3.6,1.3.7,1.39
Create stand alone AI-80 test program using current setup for - -
production environment

1.10

8,
8,2.9,2.10
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Support for the Advanced Caller ID functions (AI-ET002) is an optional component to
the TRsSim software. Unless ordered when the TRsSim software was purchased, it will
not be available. This option can be added to the TRsSim software at any future date. It
expands the basic Caller ID capabilities in the manner described below.

Advanced Caller ID Features:

Description AI-80 AI-7280
Restrictions | Restrictions
Supports Japanese NTT Caller ID type Type 11 -
Type I (on-hook) Caller ID Signaling Signaling not
Type 1I (off-hook) Calling ID Signaling available

Message Parameters:
Calling Number (02h), Number Absence (04h),
Calling Name (07h), Name Absence (08h),
DDI Number (09h), Original Number (0Bh),
Calling Number Ext. (21h), Public Message (24h)
Programmable FSK parameters - -
Mark/space tone level
Mark/space tone frequency
Baud rate, bit timing skew
Starting phase
Programmable DTMF parameters - -
Level and twist
Frequency offset
On/off time
Arbitrary tone mapping for non-DTMF standards
Programmable SAS and DT-AS/CAS setting - -
Level, frequency, duration
Programmable ACK digit limits - -
Digit type, low and high group minimum level, frequency error
Expanded ETSI message types - -
Advice of Charge
Short Message Service
Expanded Telecodia parameter types - -
DDN, Call Qualifier
Expanded ETSI parameter types - -
Called Line, Call Type, Number of Messages
Comp. Calling Line, First Called Line
Type of Forward, Type of User, Redirecting Number
Extension for Network Use
Message Identity, Last Message CLI
Comp. Date/Time, Call Duration
Provider Identify, Carrier Identify, Terminal Function
Service Information, Display Information
Charge, Additional Charge
Auto field increment for message parameters
Programmable signaling types - -
Modify existing signaling types
Create new signaling types
Programmable Caller ID impairments not available -
Interfering tone (up to two tones)
Interfering noise
FSK carrier drop-outs (up to two)
Echo noise
Expanded FSK message capabilities - -
Programmable channel seizure bits
Programmable mark bits
Programmable stop bits
Programmable mark out bits
Programmable data encoding (parity type)
Programmable checksum type
Scripted messages - allows for arbitrary message contents
Measure Type 1I (off-hook) Caller ID ACK digit timing not available -
Measure Type II (off-hook) Caller ID parallel set detect not available -
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3.2 The Main Control Panel

The main control panel is at the heart of the TRsSim software. It provides both a
summary view of the current telephone line status as well as a central location from
where various actions are issued.

Each hardware device the TRsSim software is connected to is represented as a separate
control panel. The AI-7280 or AI-80 control panel as displayed at program startup is
shown below. The top half of the window is fixed for displaying status information and
control buttons, while the bottom half is more flexible. It can show dialing information,
Caller ID setup, SMS setup, and signal analysis & generation information.

|— mmsomsomm Seeae o m | L Ring
"a} """"" a——
M stop | [9]

= More..| &3 Settings
E

477 @
foHu:u:uk 2 dBm WY

g Caller ID

%Mnde... EEE Dialing | 3
(4] (5]

SBER 1 23456 789

PulzedFlash

Details

Interdiait:

Line went Of-Hook. Tig 500 chms

The numbers 1 to 10 shown above denote the following aspects of the control panel.

1. Line Status: The graphical icon and the text field beneath it represent the
current state of the telephone line. The various states shown are: on-hook,
off-hook, ringing, tones active, and FSK data transmission.

2. Level Meter: The wide band level meter shows the AC RMS signal level
present on the telephone line. Clicking the button to the right of marker 2
presents a list of units to choose from. These can be either dBm (600
ohms), dBV, or mVrms. The sliding scale graphically represents the level
in the selected units, except when mVrms is selected. In that case, the scale
defaults to dBV. In addition to the AC signal level, the AI-7280 displays
line voltage and loop current measurements. These two measurements are
not available on the AI-80.

3. Mode Button: The TRsSim software always operates in one of two
exclusive modes. The modes are PSTN Emulation or Signal Analysis &
Generation. Clicking this button displays a drop-down list from which one
of the two modes can be selected.

e PSTN Emulation: This mode is used to perform various PSTN related
functions. This includes generating ringing, tones, sending Caller ID
transmissions, and sending or receiving SMS messages.

e Signal Analysis & Generation: In this mode, a number of different
signal measurements can be made. These includes RMS level,
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THD+N, DTMF frequency and level, and THD+N for DTMF tones. In
addition, various signal filters can be inserted in the signal
measurement path. A flexible signal generator can be used for creating
various tones such as DTMF, FSK, noise, or ringing. Note that not all
of the above features are supported with the AI-80 hardware.

4. Show Dialing Button: Clicking the mouse on this button causes the
bottom half of the window to show the dialing panel (as shown above).
This panel shows the last 16 DTMF digits detected and the last 16 pulse
digits detected. In addition, the duration of any line flash is shown.

5. Show Caller ID Button: Clicking this button displays the current Caller
ID settings in the bottom half of the window. From this display, the Caller
ID type, signaling, and message are chosen.

6. Show More Button: Clicking this button causes a drop-down list to
appear, giving additional selections for the bottom half of the window. The
selections available are either Short Message Service, Metering Pulse
Generator or None which hides the bottom half of the window.

7. Start Ringing Button: Starts the ringing generator with the last selected
ringing pattern. To select a ringing pattern, click the mouse on the down
arrow at the right side of the button. A drop-down list appears with all of
the currently defined ringing patterns. Additional ringing patterns are
created in the Ringing Pattern settings window. Note that ringing can only
be started if the line status shows on-hook.

8. Start Tone Button: Starts the tone generator with the last selected tone
definition. To select a tone, click the mouse on the down arrow at the right
side of the button. A drop-down list appears with all of the currently
defined tones. Additional tones are created in the Tone Definitions settings
window.

9. Stop Button: Clicking this button stops any ringing, tones, Caller ID
transmissions, or SMS sessions that may be active.

10. Show Settings Panel Button: Displays the last selected settings window.
To display a specific settings window, click the mouse on the down arrow
at the right side of the button. Shown is a drop-down list with all of the
various settings windows. To display any of the settings window, select it
from the list.

3.3 Tones, Ringing, and Dialing

3.3.1 Controlling the Tone Generator

Generating a tone is accomplished by simply clicking the mouse on the Tone down arrow
button and making the desired selection. Upon program startup, five tones are pre-
defined. They are busy, dial, ring-back, double ring-back, and stutter dial. The
characteristics of these five tones can be changed, or new tones can be defined. These
characteristics include frequencies, level, patterns, events to turn off the tone, and events
that can turn on the tone. All of these can be modified by viewing the Tone Definition
settings window.
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The AI-7280 has the capability to playback short waveform files. They are selected by
choosing the Play Waveform command shown at the bottom of the tone list. For more

information on importing and playing back waveforms, see the section: Playing |

Waveformsion page 29!

To turn off a tone, click the Stop button. Note that starting the ring generator, a Caller ID
transmission, or an SMS session also terminates any active tone.

Clicking the mouse on the Tone button (not the down arrow to the right of it) starts the
last used tone definition. This provides a shortcut if the same tone needs to be activated
multiple times.

A1-72800 Central Office Line Simulator

70 -E0 E0 .40 30 20 10 010 & Ring |-

A
|"'|E:'5'|II|':II"|"'|'1'1'|5:"|"'|"'| @5 Tone | -
A a1 - . i
| Tane Achive 26,3 mé dBm M Busy

Dial
vy= Mare.., | Ringback

o
=
|

A Made. .. | == Dialing| 02 Caller ID

3.3.2 Controlling the Ring Generator

Operating in an almost identical manner to the tones, is the ringing generator. To start
the ring generator, the down arrow to the right of the Ring button is clicked. This
displays a list of all the defined ringing patterns. Select one with the mouse and the
ringing begins. Three basic ringing types are defined upon program start; however, more
can be defined or the existing ring patterns can be changed. This is done by viewing the
Ring Patterns settings window.

For more information on how to modify the ringing parameters (frequency, level, pattern,

wave shape), see the section: Ringing Patternsion page;33:

As with the tones, clicking the Ring button (not the down arrow to the right of it) starts
the last ringing pattern again. It should be noted that if the TE is off-hook, ringing can
not be initiated.

Ringing will be stopped if the TE goes off-hook, a tone is started, a Caller ID
transmission is started, a SMS session is started, or when the Stop button is pressed.

Al-7280 Central Office Line Simulator,

ontffey, [0 -e0 =0 a0 =0 =0 a0 010 & Ring |-

A

R R R R R R e ekt Dauble Ring
|
4420 14 dE Single Ring
— wf
Ringing 00ms  dBm Triple Ring

- Dialing| 20 Caller ID| = Mu:ure...| %Settingsj |

The AI-7280 ringing generator supports multiple wave shapes. The basic shapes are sine,
triangle, and square. A user defined wave shape can also be selected. To view and

page 39}
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3.3.3 DTMF Dialing Capture

Anytime the TE is off-hook, the TRsSim software monitors the line for DTMF digits.
The last 16 digits are displayed in the dialing panel on the lower half of the control panel.
By default, the dialing panel is visible upon program startup. To view it at any time
simply click the mouse on the Dialing button.

An example of captured DTMF dialing follows below. The window shows the last 12
digits dialed with the first being '1' and the last being '#'. The lower portion of the
window contains various details for the last digit dialed. In this case the '#' digit. Shown
is the row and column frequency, frequency error (in percentage), and level, in addition
to the total level and twist level.

ML | 2346567890

Pulze/Flazh

The blue shading behind the DTMF digit is used to indicate for which digit the detailed
data represents. Normally this is always the last digit. However clicking the mouse on
any of the digits highlights it with the blue background and displays the measurement
details.

Limits for all of the DTMF digit measurements can be viewed and modified in the
DTMF Dialing Limits settings window. If any characteristic is outside the
corresponding limit the digit is displayed in a red color (with a bar overhead).
Additionally the level or frequency that is outside the limit is displayed in red as well.

The default units for level are dBm. However this can be changed to either dBV or
mVrms by changing the setting in the DTMF Dialing Limits window.

Note, the DTMF digit duration and interdigit time is only available when using the Al-
7280. The AI-80 is unable to make timing measurements.

3.3.4 Pulse Dialing and Line Flash Capture

Operating in a similar manner to the DTMF dialing, the TRsSim software detects any
pulse dialing digits or line flashes when the TE is off-hook. The last 16 digits or line
flashes are displayed in the dialing panel on the lower half of the control panel. By
default, the dialing panel is visible upon program startup. To view it at any time simply
click the mouse on the Dialing button.

In the following example, a number of pulse dialed digits and a single line flash were
detected. The first five digits 1 to 5 are detected without error, while the 6th digit is
shown in red with a bar overhead. This signifies that one or more characteristics of the
dialed digit is outside the set limits. The line flash, shown as an 'F' follows the 6th digit,
which itself is followed by the digits 6, 7, 8, 9, and 0.
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DTHF Digits

bl 1 23456F67890

Dretailz

The lower portion of the window shows the details of the pulse dialed digit or line flash
with the blue background. For pulse dialing, it shows the break times, make times,
pulses-per-second rate, break ratio, and inter-digit time. For line flashes, it simply shows
the flash duration.

Clicking the mouse on the failed 6th digit, displays its characteristics. From the red
underlined readings, this pulse dialing digit is rejected because the minimum break time
was too short and the maximum make time too long. Limits for all of the pulse digit
characteristics and line flash duration can be viewed and modified in the Pulse Dialing

Limits settings window.

bl 1 23458F67890

DTHF Digits

Dretailz

3.4 Sending Caller ID

3.4.1 Setting the Caller ID Type

Sending Caller ID messages is done via the Caller ID panel. From this panel the primary
Caller ID settings are controlled and a transmission can be started.

Fef Caller ID|

Clicking the mouse on the Caller ID button displays a panel similar to that shown below.
The three buttons in the top left corner are used to specify the Caller ID type, signaling
method, and message to send. A mouse click on any of the three buttons displays a list of
selections to choose from.

The CID Type selection determines if the data is sent as FSK data or DTMF data along
with the applicable standard in the FSK case. This setting effects which signaling types
and messages are available as the signaling types and messages are linked to the Caller
ID type. The Japanese NTT FSK selection is not available unless the Advanced Caller
ID option is enabled.

18
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Signal Level -13.5 dBm

Fak-NTT
DTMF

L m—4 Stop L Lirm- 4

3.4.2 Setting the Caller ID Signaling

In the case of the ETSI Caller ID type, clicking the mouse on the Signaling button
presents the following list of selections.

{Signaling ¥i|| RP-45 Before Data [Fing)

| DT-AS Before Data (Mo Ring)
DT-A45 Before Data (Ring)
LR-DT-A5 Before Daka (Mo Ring)
—|  LR-DT-A3 Before Data (Ring)
RP-435 Before Data (Mo Ring)

v RP-A35 Before Data (Ring)
Send Diata After 1sk Ring

The signaling type specifies how the data is sent to the TE. The basic varieties for the
ETSI Caller ID type are described as follows:

e DT-AS Before Data (Ring and No Ring): In this signaling type, a DT-AS
(Dual Tone Alerting Signal) is generated prior to sending the FSK data.
Then following the FSK, ringing may or may not be generated depending
on the selected signaling type.

e LR-DT-AS Before Data (Ring and No Ring): Similar to the previous
signaling type, this method reverses the line polarity before sending the DT-
AS. Once the Caller ID transmission ends, the line polarity is returned to its
previous state.

e RP-AS Before Data (Ring and No Ring): In this type, a short ringing pulse
alerting signal (RP-AS) precedes the FSK data. Then following the data,
ringing may or may not be generated depending on the selected signaling
type. The RP-AS can have a different frequency and level from the normal
ringing that follows it.

e Send Data After 1st Ring: A initial ringing cadence is generated prior to
sending the FSK data, which is then following by subsequent ringing
cadences. Both ringing before and after the FSK data is of the same
frequency and level .

It is important to note that the signaling types are defined for either Type I (on-hook)
Caller ID or Type II (off-hook) Caller ID. So if the TE goes off-hook, the signaling type
automatically changes to one defined for Type II. In the case for the ETSI standard, only
one signaling type is defined.

o DT-AS Wait for ACK: After an initial DT-AS is generated, the software
waits for the TE to respond with an ACK tone. If accepted then the FSK
data is sent.
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All of the signaling types can be viewed in the Caller ID Signaling settings window.

For more information on this topic, see Caller ID Signalingion page 51!

3.4.3 Setting the Caller ID Message

Using the ETSI Caller ID type as an example, clicking the mouse on the Message button
presents the following list of selections.

Calling Mame and Mu

v Calling Mame and Mumber
Calling Murnber
Message Waiking (OFF)
Message Waiting (ion)
Private Mame and Mumber
Privake Mumnber

The message defines what information is being sent to the TE. It is important to note that
the signaling type has no effect on what information is sent. Rather only on how the
information is sent.

By default, six different messages are defined upon program startup. The message
contents may be viewed or modified from within the Caller ID Messages settings
window. In addition, new messages may be created.

messages can be modified or created.

3.4.4 Starting a Caller ID Transmission

Only after the Caller ID type, signaling, and message are all defined, will the Start button
become enabled and a Caller ID transmission can be initiated.

Before starting a Caller ID transmission, the level of either the FSK or DTMF signal can
be changed in the upper right corner text box. By default, dBm is used for the signal
level unit. Either dBV or mVrms can be used instead by making the appropriate selection
in the General Settings window.

Clicking the mouse on the Start button freezes all of the settings and disables all of the
buttons while the Caller ID transmission is active. The following figure shows an
example of this.

FSE-ETSI Signal Lewvel -13.5 dBm

FRP-45 Before Data [Ring]

Calling Mame and Mumber

Signaling  Progresz

: L

£

The graphical signaling flow is highlighted as the Caller ID transmission progresses. In
the example above, the FSK data has been sent and ringing is about to begin following a
short delay. Various graphical icons are used to represent alert ringing (RP-AS), time
delays, FSK/DTMF data transmission, line reversals, OSI (open switching intervals), and
normal ringing.

20
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Some of the graphical signaling elements can cause a split in the flow. In the example
above, if the TE goes off-hook during the alert ringing (RP-AS), time delay after FSK
data, or during the normal ringing, the Caller ID transmission is halted. This is indicated
by the stop icon.

For more details on these signaling icons, see the section: Caller ID Signaling on page
eli

Clicking the Stop button during a Caller ID transmission terminates its execution and re-
enables all of the various controls.

3.5 Short Message Service

3.5.1 SMS Introduction

As an optional component, the TRsSim software supports the emulation of a Short
Message Service Center (SM-SC) according to the ETSI ES 201912 standard. As part of
the SM-SC emulation, short messages can be either sent to or received from a connected
TE.

The current SMS settings are shown by clicking the mouse on the More button, followed
by the Short Message Service selection.

¥ Mu:ure...|

55a0e Service

Metering Pulse Generator
Mone

The SMS control panel shows the key settings as well as summary information on the last
short message session (if any). The following figure shows an example of the SMS
control panel.

The SMS Type selection defines what standard the service center will emulate. In the
example below, it is set to the ETSI ES 201912 - Protocol 1 standard.

Sms Type ¥ || ETSIES 201912 p#1.1.1) - Protocal 1 o |

Setup ¥ ||Standard Operation |

Cal TE &= | 5 ice Center Ready. [ 07300715020

Signal Lewvel
1358
dBrn

E]

To change this setting, click the mouse on the SMS Type button. A drop-down list
appears just below the button, from which a different type is selected.

w ETSIES 201912 (%1.1.1) - Protocol 1
ETSIES 201912 (¥1.1,1) - Protocal 2
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Once a SMS Type is chosen, a SMS Setup must be selected before any messages can be
sent or received. The SMS Setup is a pre-defined set of rules that govern how the SM-SC
operates. This includes both the transfer layer (TL) and data link layer (DLL)
characteristics. By default, a number of setups are pre-defined for both protocol 1 and
protocol 2. These setups follow (where possible) the sequence charts provided in Annex
A and B of the ETSI ES 201912 standard. In addition, a setup called "Standard
Operation" emulates the nominal message transfer for both protocol 1 and protocol 2.
These setups may be modified, or new ones created in order to test various exception

conditions. See the section: SMS Service Center Emulation on pagei57: for more details

on how the TL messages and the SMS setups are created.

The level of the SM-SC's FSK generator is shown just below the Call TE button. To
change the setting, simply click the mouse inside the text box and enter a new value. The
default units are shown as dBm, however they may be changed to either dBV or mVrms
from within the "General Settings" window.

3.5.2 Sending a SMS Message

Choosing both a SMS Type and SMS Setup enables the Call TE button. Clicking the
mouse on this button starts the process of sending a message to the TE. The contents of
the message and how the message is sent is defined by the setup type. Using the
"Standard Operation" setup, as selected in the figure above, sends the message "Hello
World!" to the TE.

The process of sending a short message to a TE entails a number of steps. The first is the
TRsSim software generating a Caller ID signal with the SM-SC's telephone number.
Once the TE detects the Caller ID and matches the calling SC number with its internally
stored SC number, it should go off-hook.

S Tope v | [ETSIES 201912 3#1.1.1) - Protocal 1 |

Setun ¥ ||Standard Operation |

Call TE e | D B Connection: SC Initiated

H53i;|5r1a| EENN 2 FHSER TE Tx: DLL-EST([nathing])
dBm 3. BEEE 5C Sent: DLL-DATA[Deliver-Hela)

El

The figure above shows the progress of a message being sent to the TE. Once the TE has
gone off-hook, a connection between the TE and SM-SC is established. Following this
the TE sends a DLL-EST message according to the ETSI protocol 1 standard. In
response, the SC sends a DLL-DATA message containing the short message data. For
each event detected, the TRsSim software captures any applicable data that can be
viewed in more detail once the SMS session has completed.

While a SMS session is in progress, the various buttons on the SMS control panel are
disabled. This prevents changing any settings during the message transfer. If the SMS
sessions must be terminated, simply press the Stop button. This immediately halts any
message transfer and resets the SM-SC.

Once the SMS sessions finishes, the SC is reset and is ready to send or receive another
short message. In addition, all of the events detected can be viewed as shown in the
following figure.
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Sms Type ¥ || ETSI E5 201912 [¥1.1.1] - Protocal 1 | |

Setup ¥ ||Standard Operation |

cal TE » |[E
Signal Lewel [0

135
dB ST

E G . ﬂl FiN End Connection

The last three events indicate the TE sending a DLL-ACK message, which is in response
to the previous DLL-DATA message sent by the SC. The ACK message indicates to the
SC that the message has been received by the TE. As such the SC sends the DLL-REL
message, meaning that the TE should release the line. This concludes the SMS session,
as marked by the "End Connection" event. The scroll bar on the right side of the window
can be used to view all the events detected. The events shown only provide basic

It is important to note that the SC's reaction to any message sent by the TE is completely
defined by the SMS setup. A setup may not support sending messages to a TE, or on
purpose send invalid messages in order to test a TE's error handling response.

For information on how to create SMS messages for transmission to a TE, see the

3.5.3 Receiving a SMS Message

Once a SMS type and setup are chosen, the SC is ready to receive (or send) short
messages. It is important to note that the SC's reaction to any message sent by the TE is
completely defined by the SMS setup. A setup may not support the reception of
messages from a TE, or on purpose simulate the reception of an invalid message in order
to test a TE's error handling response.

The TRsSim software monitors the TE to check if it has DTMF dialed the SM-SC's
telephone number. If so, a ring back tone is generated for a few seconds. This tone
simulates the PSTN while it rings the SM-SC. The type of tone and its duration can be
changed from the SMS General Settings window. Following the ring back tone a
connection is established between the TE and SM-SC.

As in the case of sending short messages to a TE, the SMS control panel displays
summary information of the SMS session. In the figure below, the first three events are
displayed during the reception of a short message by the SC.

S Tope v || ETSIES 201912 ¥1.1.1] - Protocal 1 | |

Setup ¥ ||Standard Operation |

Call TE = | . it -+ 019001502 0

Signal Lewvel
135

Bl

dBm S
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The first event simply signifies that the TE has dialed the telephone number of the SM-
SC. Following the optional PSTN ring back tone, a connection to the SM-SC is
established. As part of the "Standard Operation" setup, the SM-SC sends a DLL-EST
message to the TE. This informs the TE that it has correctly dialed the SC and it may
send the contents of a short message.

Though not shown in the above figure, four more events are captured before the SMS
session is complete. They signify the TE sending the short message data, the SM-SC
responding with an acknowledgment message, the TE sending a release message, and
finally the "End Connection" event.

Once the SMS session ends, the TRsSim software displays the contents of the message
sent by the TE. In this example, the TE had sent the message "This is a test." with a
destination address of "123456789". Once the connection ends, the SM-SC resets itself
and becomes ready to send or receive another short message.

Sms Type ¥ || ETSIES 201912 041.1.1) - Protocal 1 |

Setup ¥ ||Standard COperation |

Call TE &= | SM5 Service Center Ready. [ 0130015020

Signal Lewel Meszage for: 123456789
135

dBri
E' .

To clear the displayed message, simply click the mouse inside the message window. This
returns to the previous display. The events shown here only provide basic inforrnation

This iz a test.

3.5.4 Creating SMS Messages

Creating SMS messages can become a complex task. This is especially true when
sending a long message that must be broken up into multiple TL messages. In order to
simplify this process, the TRsSim software can automatically create all of the TL
messages required to send long messages.

The SMS Message Generator window is viewed by clicking the mouse on the button
displayed to the far right of the Sms Type selection.

Y

Clicking this button displays the Message Generator window, as shown in the following
figure. The Message Generator window can be used to create SMS TL messages for
short messages or long messages which require concatenation.
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#3 A SMS Protocol 1 Message Generator @

Contents l Settingsl Advancedl TL Message[s]]

o8] [& ) [, o[

tdezzage Contents: # Characters: 12
Hello World.

Field Code Delimiters; Chrl+< , Chil+:, or { Build Meszage(s]

To create a message, simply click the mouse anywhere inside the large text box area and
type the contents. Once complete, click the Build Message(s) button. This causes the
TRsSim software to generate all of the TL messages needed to send the entered text.
Once completed, click the Call TE button on the main control panel to send the message
created. The Settings and Advanced tabs shown at the top of the Message Generator
window are used to control various aspects of the TL messages. In addition, the TL

3.6 Viewing Captured Data

3.6.1 Data Recorder Window

The TRsSim software records various events while operating in the PSTN emulation
mode. These include any DTMF or pulse dialing digits, line flashes, Caller ID
transmissions sent, and SMS data sent or received. All of the data collected can be
viewed and examined in the Data Recorder window.

To open a Data Recorder window, click the View menu followed by the Data Recorder
selection. Up to four windows may be displayed at the same time showing different data.
The contents of the Data Recorder window can be printed at any time, by selecting the
File then Print (or Print Preview) menu commands.

The following sections provide more detailed information on viewing any captured
dialing, Caller ID, and SMS data.

3.6.2 Dialing Captured Data

Once a Data Recorder window is open, clicking the Dialing button shows all of the
DTMF or pulse dialing digits captured. Included in the same listing is the duration of any
line flashes detected.

The following figure shows an example of captured dialing. The connected TE had
generated 6 DTMF digits, followed by a line flash, three pulse dialed digits, and a second
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line flash. Each dialing or line flash event is displayed on a separate line with the last
event displayed at the end of the list.

In the case of DTMF digits, the TRsSim software records the row and column
frequencies as well as the levels. The listing includes additional columns showing the
total DTMF level, level twist, digit duration, and inter-digit delay. The DTMF level units
can be changed to either dBm, dBV, or mVrms. This selection is made in the DTMF
Dialing Settings window.

E Data Recorder 1: [A] AI-7280 CO Line Simulator,
2 Digling 3@ Caller ID | &7 SMS v= More... | @ Options

DTHMF 7
DTHMF 8
DTHF 9

Gap [me]

Note that DTMF digit duration and inter-digit timing information is not available when
using the AI-80.

For the pulse dialed digits, the display shows the break time, make time, pulses-per-
second (pps), and break ratio. If any of the measurements are outside specified limits, the
digit is shown in red with the text "Fail" to the right of it. In the above figure, the last
two pulse dialed digits fell outside the timing limits. The break time was below the
minimum limit for both pulses, and the make time exceeded the maximum limit for the
second failed digit.

In the same manner as pulse dialed digits, if any of the DTMF digit measurements fall
outside the specified limits, it too is shown in the color red with the text "Fail". These
limits are contained in the DTMF Dialing Limits settings window. For pulse dialing
they are contained in the Pulse & Flash Limits settings window.

@ Optil:unsl

Clicking the mouse on the Options button displays a list of two choices. They either
clear the dialing data or display the filter settings. Selecting the Clear Data option
discards all of the dialing data and clears the Data Recorder window. Choosing the Filter
Settings option displays the current filter selections as shown in the following figure.

Dialing Filter Settings

Select which records to digplay:

DTMF Dialing: | Show al |
Pulse Dialing | Show all =
Flash Timing | Show al |

To change the filter settings, simply select a different option from the drop-down box.
The possible filter selections are either:

e  Show all the records
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e  Show none of the records
e  Show only the data that passed the limits
e  Show only the data that failed the limits

Pressing the OK button closes the window and updates the Data Recorder window with
only those records matching the filter settings.

3.6.3 Caller ID Captured Data

Selecting the Caller ID button on the Data Recorder window updates the display with all
of the Caller ID records captured.

The following figure shows four separate Caller ID transmissions. Its type, start time,
and duration are listed in the first three columns. For Type II (off-hook) Caller ID
transmissions the ACK digit measurements may be shown as well.

E Data Recorder 1: [A] Al-7280 CO Line Simulator,

Disling | g8 Caller ID &1 SMS | v= More... | G Options |

The last line shown in the above figure does not show a value for the duration. It is
displayed as interrupted, which indicates the Stop button was pressed during the Caller
ID transmission.

i Optiu:unsl

Clicking the mouse on the Options button display a list of two choices. They either clear
the Caller ID data or display the filter settings. Selecting the Clear Data option discards
all of the data and clears the Data Recorder window. Choosing the Filter Settings option
displays various settings as shown below.

Caller, ID Filter Settings

Show only the entries matching:
Caller ID Type: | Show Al |
Type 1 ACK: | Show Al -

v Show Type [l ACK Freq/Level Details
v Show Type Il ACE Timing Details
I Show Tppe Il 'Extension-in-uze' Timing

[ Show Tppe | DC wetting pulze timing

The first filter selection is used to display only Type I FSK Caller ID, Type II FSK Caller
ID, or DTMF based Caller ID records. The second selection only refers to Type II FSK
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Caller ID and can be used to select only those entries with a valid ACK digit, or a
missing ACK digit.

Finally, the following check boxes are used to enable or disable the display of
measurements made during either Type II or Type I Caller ID.

3.6.4 SMS Captured Data

Clicking the SMS button on the Data Recorder window changes its display to show
captured SMS data. The Data Recorder stores the last SMS session information for both
of the SMS types (ETSI Protocol 1 and ETSI Protocol 2). The SMS type displayed is
always the same type as currently selected in the SMS control panel.

The figure below is an example of sending a short message to a TE using the ETSI
Protocol 1 SMS type.

E! Data Recorder 1: [A] A1-7280 €O Line Simulator

& Generator]

liver-Feport]

Sren o5 Rt L
ﬂ TN End Connection

Each event detected is represented by a graphical icon and a text description. Where
applicable, the time delay between events is displayed as well. In the above example, the
SMS session starts when the TE answers the call from the SC. This establishes a voice
path connection between the SC and the TE and is represented by the first icon.
Following a time delay of 2.50 seconds, the TE sends a DLL-EST message to the SC. In
response, the SC sends a DLL-DATA message to the TE. It is this message that contains
the contents of the short message. The fourth event is the TE sending back an
acknowledgment message (DLL-ACK) indicating that the short message was received.
Finally, the SC sends a DLL-REL message informing the TE that it should release the
line. This ends the SMS sessions as marked by the sixth, and final, event.

To show more detailed information on each event, click the mouse on the event icons. In
the above example, clicking the mouse on the third event toggles the display to a split
screen. The right side pane of the window now shows the details of the third event.

28
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E ! Data Recorder 1: [A] &1-7280 CO Line Simulator,

oten 20 Bl

fEnd Time: 291 7 3.25 ¢
118

0.34 =

e B L DLL-DAT Generatar]
I.':'.t =0
4, TE Tx: DLL-ACK[Deliver-Report)

i R

In this case, the contents of the message sent to the TE is displayed in the right side pane.
To the right of the message byte values is additional information describing its meaning,
where applicable. Any data below the visible portion of the Data Recorder window can
be brought into view by using the scroll bar on the right side.

To change the detailed information in the right side pane, simply click the mouse on a
different event icon on the left side pane. Clicking on the same icon twice hides the
detailed information.

3.7 Playing Waveforms

In addition to generating various tones, the AI-7280 can be used to play back wave files.
Clicking the down arrow to the right side of the Tone button displays a list of all the
defined tones as well as an option to play waveform files.

<E§ Tone |_v|
Busy
Dial
Ringback.
Ringback. (Double)
Skutter Dial

Selecting the Play Waveform command displays a window listing all of the waveforms
that have been imported into TRsSim. The window, as shown in the following figure,
lists each waveform name as well as its duration, gain adjustment setting, and source.

To play a specific waveform, simply selected it with the mouse and click the Play button.
This transfers the waveform to the AI-7280 and starts the playback.
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5 Select Waveform

| Source
Link to: C:ATRzSim Proghhi_2

| Gain [dB)
0.0

| Diuration
&8 doh,way 0,705 ¢

4

Impoit... | Remove | Settings...| Close |

To add a waveform to the list, click the Import button. Waveforms can be imported
from either a '.wav' file, or a text file that lists all of the sample points. After the Import
button is clicked, the waveform file must be selected. The selected file is then scanned to
see if it can be read as a wave file or a text file. In the example figure below, a wave file
containing 13772 samples is being imported.

Import Waveform r‘s_(l

& W/ave file format [* wav}
# Sampes: 13772 Duration: 0.7 =

Rate: 19531.0 Channel: |1 -

Scale by: 0.00017261

[ =] elmiec [ =]

¥ Link Wavefarm Ta File Coareel | Import |

The Scale by field is used to specify the conversion factor from the wave file integer
sample values to volts. The default scale factor accommodates a voltage range of
approximately 10 volts peak-to-peak for a 16 bit wave file.

When importing a waveform, it can be either loaded into the TRsSim software, or only
linked via the file name. If the Link Waveform To File option is checked, then the
TRsSim software monitors the file for changes to its date/time stamp. If the file changes,
then before the next time the waveform is played, the TRsSim software automatically re-
loads the waveform data from the updated file.

The name used to reference the waveform or its playback level can be changed by
clicking the Settings button from the Select Waveform window. This shows a window
similar to the following figure. To change the name or gain, enter a new value in the
appropriate field and click the OK button.

& Waveform Settings rg|

Marne: doh.way

Gan 00 B
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Note that the AI-80 is not capable of waveform playback. Only the AI-7280 supports this
feature.

3.8 Generating Metering Pulses

The AI-7280 is able to generate metering pulses over a wide frequency, level, and timing
range. To view the metering pulse settings, click the More button and then select the
Metering Pulse Generator option.

y= More...

Short Message Service

W Mekering Pulse Generator
MNone

The following figure shows the controls used to configure the metering pulse generator.
The top four fields set the tone pulse frequency (5 to 18 kHz), open circuit RMS output
level (0 to 4 Vrms), tone pulse duration (0.001 to 1000 seconds), and interval between
tone pulse starts (0.001 to 1000 seconds). Note that if the interval is greater than the tone
pulse duration, the tone will be continuous.

M;t?liﬂg Freq. 1200 kHz Duration 0,100 3
ulze
Generation Lewel 1.00 Wims (o) Interval 1.000 z

Start [~ Continuous Pulses Court 10

W Stop [v Start Upon Off-hook. Delay 1.00 3

Metering pulses may be continuously generated if the Continuous Pulses box is
checked. If not, then the value in the Count field determines how many pulses are
generated.

The metering pulse generator is started and stopped by clicking the Start and Stop
buttons respectively. If the Start Upon Off-hook box is checked, then the tone pulses
will automatically start when an off-hook condition is detected. The Delay field sets the
time delay from when the off-hook occurs to when the metering pulses begin.
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4. Program Settings

Most of the settings used in the TRsSim software are accessed by the Settings button on
the main control panel. Clicking the down arrow on the right side of the button displays a
list of categories similar to the following. Selecting any of the categories displays a
window where the applicable settings can be viewed and/or modified. Clicking the large
portion of the Settings button toggles between showing the last window displayed or
hiding the current window displayed.

a} Settings| -

General

Ringing Patterns

Tone Definitions

DTIMF Dialing Limits

Pulse & Flash Limits

Caller ID Messages

Caller ID Signal Settings

Caller ID Signaling

Caller ID Impairments

3MS General Settings: ETAI - Protocol 1
SM3 TL Messages: ETSI - Protocol 1
SM3 Flow Setup: ETSI - Protocol 1
MF Tone Syrnbal Definitions

Cuskom Ringing Waveshape

The following sections provide more information on the general program settings, ringing
patterns, tone definitions, dialing limits, and MF tone definitions.

respectively.

4.1 General Settings

The General Settings window shows the current value of the telephone interface
parameters as well as signal generation level units and termination options.

Settings that can not be modified due to hardware limitations are disabled and shown
with an orange background color. When using the AI-80, this is the case with the Line
Voltage, Constant Voltage Mode, and Off-Hook Current Threshold settings. The
following figure shows the general settings when using the AI-7280, which does not have
these limitations.

32
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G Settings gl
General Settings
Telephone Interface Settings o
I— Lire Waoltage -
I— Laop Current 26 -
I— Constant Woltage Mode Dizabled
I— Line Source Impedance 300 ohms |
I— Off-Hook Current Threshold 10 |
L line Polarity Mormal hd

Signal Generator Level Unitz
I— Lewvel Urits dBm -

I—Terminationlmpedance BO0 chms ﬂ

Telephone interface on hook, line voltage setting.

bin. and mas. limits: 0o 72V

To change any of the various settings, simple click the mouse on the current setting
value. Then either type a new value or click on the drop-down list arrow to display the
possible choices.

The various signals generated by the TRsSim software can be specified using the units of
either dBm, dBV, or mVrms. Network tones, DTMF, MF signals, and FSK for Caller ID
and SMS all have their level specified in the system of units selected here.

In addition, signal levels can be specified with a termination impedance of either 200
ohms, 600 ohms, 900 ohms, open circuit, or source Z. The signal generator then adjusts
its output level such that the specified level is present at the tip/ring interface when the
termination impedance is applied. The 'Source Z' setting means that the termination
impedance is assumed to be exactly the same as the telephone interface source
impedance. The 'Termination Impedance' setting has no effect on the telephone line
source impedance, it only adjusts the generator output level to compensate for the loading
effect of the termination impedance.

Note, if selecting a complex line source impedance, the signal generator termination
impedance is forced to the open circuit setting if the current setting is either 200, 600, or
900 ohms. This is because the TRsSim software is unable to calculate the level
correction factors needed since it becomes dependent on the signal's frequency
components.

For the AI-7280, the final setting in the list controls the reference bandwidth for the noise
generator. The output of the noise generator has a bandwidth of approximately 18 kHz.
By default, noise output signal levels are referenced to this bandwidth. By changing this
setting, the bandwidth used to specify noise levels can be changed to various values
between the range of 1000 Hz to 10 kHz.

4.2 Ringing Patterns

The Ringing Generator Patterns window is used to view, modify, or create ringing
patterns. By default the TRsSim software is pre-defined with three patterns called
"Single Ring", "Double Ring", and "Triple Ring". Any of the ringing patterns defined
can be viewed by choosing its name from the drop-down list box marked Name.

The following figure shows the settings for the "Double Ring" pattern. Its key
parameters consist of a 20 Hz ringing frequency at 80 Vrms. The text field marked
Pattern is used to defined the cadence of the ringing. The default pattern is set to 500 ms
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on, 500 ms off, followed by another 500 ms on and then 2500 ms off. This cadence is
then repeated indefinitely.

Ak g Settings EI

Ringing Generator Patterns

M arme: |Double FRiing ﬂ
Ab Basic &% Script | £E mew |£¥Delete |

Frequency: 220 Hz
AC Level 800 WVims
DcVoltage: 42.0 W
Pattern: 500-500-500-2500-R Msec

Wave Shape: |Sine j

All ringing patterns can be defined in one of two different modes. These are Basic and
Script. The selection of the mode is made by the clicking one of the two buttons just
underneath the name of the ringing pattern. In the previous figure the basic mode is used
to define the "Double Ring". The scripting mode, while more complex, allows for a
much wider range of settings and capabilities.

To create a new ringing pattern, simply click the mouse on the New button. This displays
a small window where the name of the pattern must be specified. Each ringing pattern
must have a unique name to identify it. Once a new name is entered, and OK is pressed,
a new ringing pattern added to the list and its settings may be edited.

To delete any of the ringing patterns, simply click the mouse on the Delete button.
Following a confirmation, the ringing pattern is deleted.

4.3 Tone Definitions

Tone definitions are used when generating PSTN related signals such as dial tone, busy
tone, ring back tone, along with others. All of the tones defined in the TRsSim software
can be viewed or modified in the Tone Definition settings window. In addition new tones
can be created or existing tones deleted.

Each tone must have a unique name by which it is identified. Five tones are pre-defined
in the TRsSim software with the names of "Busy", "Dial", "Ringback", "Ringback
(double)", and "Stutter Dial". To view a specific tone, select its name from the drop-
down list near the top of the settings window.

The next figure shows the settings for the Busy tone. This tone is the combination of two
different frequencies (480 Hz and 620 Hz) with a pattern of 500 ms on followed by 500
ms off.

34
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4 Settings

Tone Definitions

I arre: |Bu$y j
Settings l DOptions ] G new | $X Delete |

b pasic 53 DTMF | MF | 5 script]

Active  Freq.(Hz] Level [dBm)

Tonesd W 4800 -14.0
Tone B W B20.0 -14.0
Tone T [ 10000 -996.8
ToneD [ 10000 -996.8
Tone S00-500-R

Pattern

Though up to four single frequency signals can be used (A to D) with the AI-7280, the
AI-80 only supports two frequencies. As such, tones C and D will be disabled. To
change the frequency of any tone, simply click the mouse in the frequency text box and
enter a new value. Likewise for changing the level.

For more information on the structure and format of the pattern definition, see: :A_p_pendix H

A:_Pattern Definitions on page 101!

Four different modes can be used to define tones. They are Basic, DTMF, MF, and
Script. All of the pre-defined tones use the Basic mode as this is the simplest mode for
tones that have constant frequency. Changing modes is accomplished by simply clicking
one of the mode buttons.

Using the DTMF mode, the tone can be specified as a single or series of DTMF digits.
The level, twist, frequency offset, tone on time, and tone off time (pause time) can be
modified by selecting the corresponding text box and entering a new value.

ob Basic | {33 pTME T MF | 35 Soript
DTHMF Settings:
Level -17.8 dEm
Twist 0.0 dB
Freq. Offzet 0.0 x
On/Qff Time 100 4100 1=

Digit String 5551234

The MF mode is very similar to the DTMF mode. However instead of using the standard
DTMF frequencies, the MF mode can use one of four different tone tables. Three of the

on how to view or modify the tone tables. As with the DTMF mode, the MF mode
supports adjustable signal level, frequency offset, tone on time, and tone off time (pause
time).

TRsSim - PSTN Emulation 35



4. Program Settings Advent Instruments Inc.

ob Basic | i 0TMF | "8 MF 2% Soript
MF Settings:
Tone Table |R1 (1T .320) |
Level -17.8 dEm
Freq. Offzet 0.0 E4
On/Qff Time 100 4100 1=

Spmbols 1234567290

The last mode is Script. While more complex, this mode allows for a much wider range

of settings and capabilities.
=E§ MF | @ Script

; Impedance termination correction= 2,500 ~
Let TOMEA FREC = 480.0

Let TOMEA LEVEL = 0,387

Let TOMEE.FREQ = £20.0

Let TOMEB.LEVEL = 0.387

Let MOISE.EMABLE =0

Loop

Let TOMEA EMABLE =1

Let TOMEB EMABLE =1 L

2b Basic | i%2 DTVF

In addition to the various modes used to define the tones, each tone can be linked to a
number of options governing its behavior. Clicking the mouse on the Options tab,
displays the state of the these settings. As the following figure shows, a tone may be
configured to terminate on events such as on-hook transition, off-hook transition, line
flash, pulse dialing, or DTMF dialing. In the example below, the Dial tone is turned off
automatically when the TE goes on-hook, or any DTMF/pulse dialing is detected.

4 p Settings g|
Tone Definitions
Hame: |Dia| ﬂ

@?5 Mew | X Delete

Stop tone oh the following events. .
v Going orchook [ Pulse Dialing Digit
[ Going aff-hook W DTHF Dialing Digit
[ Line Flash

Settings

Start tone on the following events. .
[ Going off-hook, [except when caling TE)
Delay fram aff-hoak: 0 s

[~ Muoise Generator: Level 0.0 dBm

A tone may also be automatically started if the TE goes off-hook. If the corresponding
check box is checked in the figure above, the tone starts once the TE transitions from an
on-hook state to an off-hook state. Note that only one tone may have this option enabled.
Also, if the TE goes off-hook in response to ringing or Caller ID, the tone will not turn
on.

The last option allows for a broad band white noise to be present while the tone is
generated. This is only supported when using the AI-7280, as the AI-80 lacks this
capability.

36

TRsSim - PSTN Emulation



Advent Instruments Inc. 4. Program Settings

To create a new tone definition, simply click the mouse on the New button. This displays
a small window where the name of the new tone must be specified. Each tone definition
must have a unique name to identify it. Once a new name is supplied it is added to the
list of tones and its settings may be edited.

To delete any of the tone definitions, simply click the mouse on the Delete button.
Following a confirmation, the tone is deleted.

4.4 DTMF Dialing Limits

The DTMF Dialing settings window contains all the limits used to qualify any detected
digits. If a detected digits does not meet these limits, it is displayed in a red color and
marked as a failed digit in the Data Recorder window.

#p: Settings
DTMF Dialing Settings

DTMF Dialing Limits —
I— b aximum Frequency Eor -

|— Minirmurn B ow Tone Level m

|— b aximum Row Tane Level 0o -

|— tinimum Colurn Tone Lewel  |-10.0 -
|— b axirnum Colurn Tone Level (0.0 -
|— Minirum DTHF [Total] Level  |-10.0 -

|— b aximum DTHF [Total) Lewel (2.0 -
| Minimum DTMF Tuwist 20 -
| Masimum DTMF Tuwist 6.0 -] -

kM aximum acceptable row and column frequency ermor
expressed az a percentage.

Min. ahd max. limits: 0.1 to 2.0 %

To change a setting, simply click the mouse in the applicable text box and enter a new
value. The range of acceptable values for any limit is shown at the bottom of the
window. Ifany value entered is outside the valid range the minimum and maximum
values shown change to a background color of orange.

The units for the row, column, total, and twist levels can be either dBm, dBV, or mVrms.
The last setting in the list determines the unit system to use. To change the units, click
the mouse on the down arrow beside the unit and select a new one from the list. The
same unit setting is used for displaying the levels of any detected DTMF digits in the
main control panel and in the Data Recorder window.

4.5 Pulse Dialing & Line Flash Limits

All of the timing limits for pulse dialing and line flashes are stored in the Pulse Dialing &
Flash Limits settings window. Every pulse dialed digit must meet the timing ranges
specified. If not, they are considered invalid and displayed in a red color. Likewise for
all line flashes. If the duration of the line flash is not between the specified range, it is
displayed in a red color.
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#p: Settings

Pulse Dialing & Flash Settings

Pulze Dialing Limits

I— inimum Break Time Interval
|— t axirim Break Time [ntereal m
|— Minirnum M ake Time |nterveal I—_I
|— t aximum Make Time [nterval m
|— Mirirmurm Pulzesz-per-S econd m
|— t axirmum Pulses-per-Second m
|— Minimum Break B atio m
|— t axiruim Break Fatio m
|— Testing Criteria W j

Minimurn acceptable on-hook time for a pulse dialing
digit.
Min. and max. limits; 0.0 ta 10000 s

To change a setting, simply click the mouse in the applicable text box and enter a new
value. The range of acceptable values for any limit is shown at the bottom of the
window. If the value entered is outside this valid range the minimum and maximum
values shown change to a background color of orange.

For the pulse dialed digits one of three different testing criteria can be selected. They are
Make/Break, Pps/Ratio, or Both. In the case of Make/Break, all the digits must meet
the minimum and maximum break and make durations. However they do not need to
pass the pulses-per-second or break ratio limits. In the second case of Pps/Ratio, the digit
is only required to meet the pulses-per-second and break ratio limits, but not the break
and make duration limits. Finally, in the last case, both the break and make duration and
the pulses-per-second and break ratio limits must be met.

4.6 Multi-Frequency (MF) Tone Tables

The TRsSim software supports multi-frequency (MF) tone generation using one of four
different tone tables. Each tone table defines the frequency, level offset, and duration
offset for up to twenty individual symbols. The MF Tone Table Definitions settings
window is used to view or edit any of the table data.

By default the first three tone tables are pre-defined with the ITU Q.320 and Q.441
(forward and backward) MF tones. The figure below shows the tone table settings for the
ITU Q.320 tones.
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#t 4 Setti ngs

MF Tone Symbol Definitions
Symbol Table |R1 (ITU 0.320) |
Sprnbol | Freqg. 1 | Freq. 2 | Offze... | Offse... | Time | ~
KP 11000 17000 00 0.0 1]
1 700.0 8000 00 0o 0
2 700.0 11000 00 0o 0
3 00.0 11000 o0 oo ]
4 7000 13000 00 oo ] =
5 900.0 13000 00 oo ]
g 11000 13000 00 0.0 1]
7 700.0 15000 00 0o 0
g 900.0 15000 00 0o 0
3 11000 15000 00 0o 1] bt
Tane #1  Tone #2
Freq. [Hz] 171000  1700.0 Symbal Mame kP
Lewvel Offzet On-Time Offzet
[dB] o nn [ITISE-'C]

Six different columns make up the tone table. From left to right they are the symbol
name, first frequency, second frequency, first level offset, second level offset, and tone
duration offset. Clicking the mouse on any row in the tone table copies the data to the
text boxes at the bottom of the window. To make changes, simply edit the appropriate
text box.

Using this tone table data MF tones can be defined from within the Tone Definition
settings window, or used with DTMF Caller ID.

4.7 Custom Ringing Wave Shape

In addition to sine, triangle, and square wave ringing, the AI-7280 supports user definable
wave shapes. Up to 255 points can be used to define a ringing wave shape.

To view or modify a wave shape, select the Custom Ringing Wave shape command
from the Settings menu. This shows a window similar to the following figure.

# 4 Settings
Custom Ringing Wave Shape

# | Value |~ #Paints: 20
1 0 Peak [pos] | 1.00000
2 0.333333
g 0.66EEET Peak [neg):| -1.00000
g :Ilggggg 5 bC: | 0.0000000
5 1 ooono RMS: | 0774656
; ::ggggg Load or Preset.. |
9 [BEREE7 Eiemove DC Offset |
10 0.333333 bt
|1 |D Nomnalize to 1 Yrms |

The custom wave shape can be modified in three different manners. They are:
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e Loaded from a text file. Clicking the Load or Preset button displays a list of
options of which the first item allows loading the wave shape data points from a
text file. The text file must contain the value of each data point on a separate
line.

e Load preset wave shape. Clicking the Load or Preset button displays a list of
seven different wave shapes. These include various trapezoidal shapes, sine,
and square. These predefined wave shapes can serve as starting points before
being manually modified.

e  Manually entered data points. The value of a wave shape data point can be
manually changed by clicking its entry in the displayed list and then entering a
new value. The number of points in the wave shape is set by the text field in the
upper right corner of the window.

The top portion of the window shows graphically the custom wave shape. Note that a
wave shape must always begin and end at the same value. As such, the number of data
points shown is always one more than the number of data points in the wave shape. The
last point shown (right most side) always matches the value of the first data point (left
most side). In the example above, the wave shape consists of 20 points, but the displayed
wave shape shows 21 points. This extra point is only shown for display purposes.

Various statistics on the wave shape are displayed on the right side of the window and are
updated anytime a change is made. They indicate peak values (positive and negative),
along with the DC offset value and RMS level. Note that these statistics are not
important when the AI-7280 generates the ringing wave shape. The ringing RMS level
and DC offset will always match the setting of the defined ringing pattern, or for Caller
ID applications, the specified ringing level.

It is important to note that the AI-7280 can generate a ringing level of 80 Vrms for the
sine wave shape (crest factor of 1.41). If a custom wave shape contains a crest factor of
more than 1.41, the AI-7280 many not be able to reproduce the wave shape without
clipping at the highest ringing level (80 Vrms).
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5. Caller ID Signal Generation

The TRsSim software provides a wide range of Caller ID signal generation functions.
These include supporting both FSK based and DTMF/MF based Caller ID, Type I (on-
hook) and Type II (off-hook) transmissions, variable physical layer parameters, and
flexible message layer settings.

Some of the more advanced Caller ID features are part of an optional module. Unless the
software key purchased includes the advanced Caller ID option, those features are not
accessible. However basic Caller ID functionality is always available. The basic
functions include the following:

e FSK data transmission (Telecordia and ETSI)

e DTMF data transmission

e Type I (on-hook) and Type II (off-hook) transmission
e  Wide range of basic signaling types

e  User definable messages

The advanced Caller ID option adds the following capabilities:
e NTT (Japan) FSK data transmission
e  MF tone data transmission
e  User definable signaling types
e  More flexibility in creating messages

e  Programmable FSK, CAS, SAS settings

Details on generating Caller ID signals is provided in the following sections.

5.1 Caller ID Types

The TRsSim software classifies the different forms of Caller ID into "Types". Four
different types have been defined to encapsulate the various systems in use today. They
are:

e FSK - Telecordia

e FSK-ETSI
e FSK-NIT
e DTMF
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The FSK - Telecordia Caller ID type supports the signaling and message types defined
by the Telecordia (formally Bellcore) and Telecommunication Industry Association
(TIA) standards. Using Bell 202 FSK modulation, this type supports both Type I (on-
hook) and Type II (off-hook) Caller ID with four different message types.

Similar to the Telecordia type, the FSK - ETSI Caller ID type supports the signaling
types and message types defined in the ETSI EN 300659-1/2/3 documents. The data is
sent using V.23 FSK modulation with a wide range of possible signaling types. A short
ring burst or alerting signal may precede the data, or it may be sent between the first and
second rings. Both on-hook and off-hook Caller ID is supported.

The FSK - NTT Caller ID type conforms to the NTT (Japan) Caller ID standard.

Though using V.23 FSK modulation to send the data, the message structure is
significantly different than that of the Telecordia or ETSI types. In addition the signaling
is more complex requiring the TE to go off-hook just before the transmission of data.

The last Caller ID type is DTMF. Instead of using a FSK signal to transmit the Caller ID
data, this type uses DTMF or MF tones. As such the message structure is also quite
different than that of FSK based Caller ID.

Changing the Caller ID type is accomplished by simply clicking the mouse on the CID
Type button and choosing the desired selection.

w FSK-ETSI
Fak-NTT
OTMF

Once the Caller ID type is changed, the signaling method and message name are reset.
They must be chosen from the available selections for the new Caller ID type.

5.2 Caller ID Messages to Send

For a Caller ID transmission, the message defines what information is being sent, while
the signaling method defines how it is sent. The TRsSim software pre-defines a few
messages at program start. These messages may be modified, or new ones created at any
time. Choosing a message to send is done by clicking the mouse on the Message button
as shown below. This displays a list of all the messages defined for the current type to
choose from.

v Calling Mame and Mumber

Calling Mumber

Message Waiting (O
Message W aiting (On)
Private Mame and Murnber
Private Mumnber

To modify, create, or delete messages, open the Caller ID Messages settings window.
This window displays the contents of all the messages defined for any of the Caller ID

types.
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5.2.1 Telecordia & ETSI & NTT Caller ID Messages

As the FSK based Telecordia, ETSI, and NTT messages are somewhat similar, the same
controls are used to view and edit the message contents. It is important to note that the
messages are linked to a specific Caller ID type. This prevents using an ETSI message
when the Telecordia Caller ID type is selected. Likewise, Telecordia messages can not
be used with the ETSI Caller ID type.

To change the Caller ID type for the messages, click the Set Type button in the top right
corner of the Caller ID Messages window. A list appears from which the Caller ID type
is selected from. Normally the window will always default to the currently selected
Caller ID type.

New messages are created by clicking the New button and then supplying the name of the
new message. To delete a message, select it from the Name drop-down list and the click
the Delete button.

The figure below shows the pre-defined "Calling Name and Number" message for the
ETSI Caller ID type. Each message name must be unique as it is used to identify the
different messages. By clicking the down arrow on the right side of the Name drop-down
list, any message defined for the ETSI Caller ID type can be viewed.

4 h: sSettings £l
Messages: FSK-ETSI SetType ¥ |

s Delete|

LContents l Ophionz l gdvanced] Ecript] tMessage Bytes ]

MHame: |Ea|ling tame and Mumber j 5’3{,% Mew

Message Type | Call Setup: MDMF (80k] |
Paramneters
1[Date and Time (01h) | [02-0516-13 ¥l i‘
2 |Ca|ling Mumber [02h) j |D45Ei-?‘891 23 ¥
3|Calling Name [07h) = | |4 Caller ¥

4 |[nnt uzed) ﬂ |
] |[nnt uzed) ﬂ | j

Calling Mame: ASCI Text

Five tabs are used to control and view the message contents. They are Contents, Options,
Advanced, Script, and Message Bytes.

Contents:

The Contents tab is the primary means for specifying what the message contents will be.
A message is comprised of a message type and a variable number of message parameters.
The message type is selected by the drop-down list box at the top of the contents tab.
The supported message types are as follows:

e ETSI Caller ID Type

o Call Setup: MDMF (80h)

o Visual Waiting: MDMF (82h)

o Advice of Charge: MDMF (86h) *1

o Short Message Service: MDMF (8%h) *1
e Telecordia Caller ID Type
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o Call Setup: SDMF (04h)

o Visual Waiting: SDMF (06h)

o Call Setup: MDMF (80h)

o Visual Waiting: MDMF (82h)
e NTT Caller ID Type *1

o CLIP (40h) *1

o CIDCW (41h) *1

o Auto Select (40h/41h) *1

*1: Only available with the advanced Caller ID option

The NTT Caller ID message type is normally 40h for Type I (on-hook), and 41h for Type
II (off-hook). Using the Auto Select message type causes TRsSim to automatically
adjust the message type depending on if the line state is on-hook or off-hook. When on-
hook, the 40h message type is used. Likewise, if off-hook, the 41h message type is used.

Below the message type are the message parameter controls. While only five parameters
are shown at a time, a message can contain up to thirty parameters. Use the scroll bar at
the right side of the window to view all the possible parameters. Each parameter is
composed of a type and value. The different parameters types are used to convey
different information to the TE. This can include the calling number, calling name, and
date/time among others. The left side drop-down lists are used to select the different
parameter types while the right side controls are used to hold the parameter value.

The supported parameter types for the ETSI, Telecordia, and NTT messages are as
follows:

e ETSI Caller ID Type
o Date and Time (01h)
o Calling Number (02h)
o Number Absence (04h)
o Calling Name (07h)
o Name Absence (08h)
o Visual Indicator (OBh)
o Called Line (03h) *1
o Message Identity (ODh) *1
o Last Message CLI (OEh) *1
o Comp. Date and Time (OFh) *1
o Comp. Calling Line (10h) *1
o Call Type (11h) *1
o First Called Line (12h) *1
o Number of Messages (13h) *1
o Type of Forwarded Call (15h) *1
o Type of Calling User (16h) *1
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*1:

o

o

Redirecting Number (1Ah) *1
Charge (20h) *1

Additional Charge (21h) *1

Call Duration (23h) *1

Network Provider Identity (30h) *1
Carrier Identity (31h) *1

Terminal Function (40h) *1
Display Information (50h) *1
Service Information (55h) *1

Extension for Network Use (EOh) *1

Telecordia Caller ID Type

o

o

o

o

o

Date and Time (01h)
Calling Number (02h)
Number Absence (04h)
Calling Name (07h)
Name Absence (08h)
Visual Indicator (0Bh)
DDN (03h) *1

Call Qualifier (06h) *1

NTT Caller ID Type *1

o

o

o

Calling Number (02h) *1

Number Absence (04h) *1

Calling Name (07h) *1

Name Absence (08h) *1

DDI Number (09h) *1

Original Number (0Bh) *1

Calling Number Extension (21h) *1
Public Message (24h) *1

Only available with the advanced Caller ID option

Depending on the message type selected, not all of the parameter types may be available.
Also for the Telecordia Single Message Data Format (SMDF) message types, some of the
parameter types are fixed and can not be changed. This is due to the structure of the

SMDF.

To change a parameter type, simply click on the left side drop-down list boxes. All of the
available types are displayed in order of ascending type value.
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Parameters
1|Visual Indicator (0BR) v | | Activate =
Called Line [03h) ” ’—
2 Mumnber Abzence [04h) 0455-789123 ¥
Calling Mame [07h) &, Caller |
Mame Absence [08h
al Indicatar [OB K]
eszage ldent [0Dh]
Last Msq CLI [OEh) ~|
Caormp Date/Time [OFh] %
Tndizator Options: Achivate or D eactivate

(=5}

5

Note that an additional parameter type named "Custom" can be selected in order to create
new or undefined parameters.

The "value" of each parameter is shown to the right of the "type" drop-down list. Some
parameter types only have a limited possibility of selections. For these parameters,
another drop-down list is used to select the value from the list. As shown in the figure
above, the Visual Indicator (0Bh) parameter value can be set to either "Activate" or
"Deactivate". Other parameter types may use a text string to define their contents. This
is the case with the Calling Number (02h) and Calling Name (07h) parameters. With
these parameter types, the value can be entered directly into the text field. For all
parameters that use a text field for their value, an auto increment feature can be enabled.

Parameters

1 |wisual Indicator [0BR) | | &ctivate i =

2 |Ca|ling MHumber [02h) j |I3455-?851 23 ¥

3|Caling Name [07h) = | | Caller ¥l

4 |[nnt used] j | v Auko Increment Field

5 |[not uzed) j | j

Calling Mame: ASCIH Text

By clicking on the small down arrow to the right of the text field, a popup menu allows
enabling or disabling the auto increment mode. If enabled, once the Caller ID message
has been sent, the TRsSim software increments the text field from the right most
character to the left most character. Letters are incremented from A to Z, while numbers
are incremented from 0 to 9. Once a letter or number rolls over, the character to the left
increments. This feature ensures that every message sent can have a unique parameter
value.

Some parameter types have complex structures. For these types, clicking the small down
arrow at the right side of the parameter opens a new window containing the parameter
value settings. The figure below shows the controls used to access the Terminal Function
(40h) parameter.

Parameters

1|Visual Indicator (0BR) v | | Activate =
2| Calling Mumber (02h) | |0456-789123 ¥
3| Teminal Func. (40h) = | SUB: 5551234 vl

Terminal Function

4 |[n0t uzed) j |
A |[r'u:t uzed) j |
Teminal Func. [40h]

|Subaddress (SUB) |
|5551234

Note that the parameter data is contained inside the message in order of top to bottom.
As such the top parameter in the list is transmitted first and the bottom parameter is
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transmitted last. Any parameters marked as "not used" are ignored and adds no data to
the message.

Options:

The Options tab contains various fields used to specify the bits sent in conjunction with
the message contents. This includes the number of channel seizure, mark, mark out, stop
bits, and mark stuffing bits. Channel Seizure is an alternating mark/space pattern
usually sent at the start of a Type I (on-hook) message. The first channel seizure bit sent
is always a space (0) bit. Following any channel seizure, the specified number of Mark
bits are sent, which precedes the FSK message. The number of mark bits can be different
depending if Type I (on-hook) or Type II (off-hook) Caller ID is sent. Once the entire
message contents have been sent, the Mark Out interval begins. This is the number of
mark bits generated following the last stop bit of the last byte in the message.

Contents thl Sl gdvanced] §cript| Mezzage Bytesl

Mezsage Bits
On-Hook.  Off Hook

Channel Seizure 300 0
Mark 180 an

Mark Out 10 [fallowing checksum]
Stop Bitz 1 [stop bits per byte]
kark, Stuffing Bitz 0 [mark, bitz ingerted

within meszage)

FSK Modulation |1/.23 FSK |

The Stop Bits setting determines the number of mark bits sent after each data byte. At
minimum one stop bit must be sent for each data byte. The Mark Stuffing Bits setting
controls the insertion of additional mark bits. If set to a non-zero value, additional mark
bits are inserted after the message type byte, message length byte, every parameter type
byte, every parameter length byte, and at the end of the parameter value bytes.

The last setting on the Options tab controls the FSK modulation. Though normally the
ETSI and NTT messages use V.23 FSK and the Telecordia messages use Bell 202, this
can be changed on a message by message basis using the drop-down list at the bottom of
the panel.

Note that the settings in the Options tab are only available with the advanced Caller ID
option. If this option is not enabled the controls are shown in an orange background.

Advanced:

The Advanced tab provides a number of controls used for modifying the message
contents and the function of the checksum. By changing the Encoding selection, the
entire message or only text characters can be encoded in 7 data bits with even or odd
parity, or all data bytes can be set to 8 data bits with no parity. The Parameter Length
field can be selected as either the nominal 8 bit value or a 16 bit value.

The two fields marked Prefix Data and Suffix Data are used to add bytes in front of the
message type byte or after the last parameter value byte. These fields are normally used
with the NTT Caller ID type and may be used with the ETSI and Telecordia Caller ID
type for exception testing. Data bytes can be entered in either decimal or hexadecimal
form. Note that hexadecimal values are suffixed with the 'h' character.
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Two Offset ficlds are used to adjust either the message Type byte or message Length
byte. While normally set to zero, a non-zero value usually creates an invalid message
which can be used for exception testing. Enter positive values to increase the byte values
or negative values to decrease the byte values.

Quntentsl Dptiong & ] §cri|:ut| Mezzage B_l,lte&l

Meszage

Encoding |8 bitz, no parity j
Pararm. Len |E bit, max 255 bytes j Dffsets:
Prefis Data Type 0
Suffix Data Length 0
Checksum

Type |Moduluz 256 | Start From |Prefic Data -
todifier |Marmal - End at |Suffix End -

The checksum value added at the end of the message can be modified by the controls
shown at the bottom of the Advanced settings tab. Its method of calculation is defaulted
to Modules 256 for ETSI and Telecordia messages, but can be changed to CRC-16 (as
used for NTT type Caller ID messages) with the Type drop-down list. In addition the
Modifier drop-down list is used to manipulate the checksum value. Its value can be
incremented by 1, decremented by 1, set all bits to zero, or set all bits to one. Lastly, the
Start From and End At fields are used to specify the range of data bytes used to
calculate the checksum.

Note that the settings in the Advanced tab are only available with the advanced Caller ID
option. If this option is not enabled the controls are shown in an orange background.

Script:

A more flexible and alternate method to define the Caller ID message is provided by the
Script tab. The FSK message script can be used to specify the exact bit pattern to
transmit. This can be useful in testing exception conditions where the message has been
corrupted on purpose in order to test the TE's response.

By checking the Use Script box, the settings of the Contents, Options (except FSK
Modulation), and Advanced tabs are ignored and the FSK message is determined solely
by the script.

In performing exception testing, it is usually simpler to start with a valid message and
then modify it to create the exception or error condition. This can be accomplished by
clicking the Create from Current Settings button. This creates a script using all of the
current settings. From this script any number of modifications can be made manually by
editing the script in the text box shown.
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Contents l Dphiong ] Advanced écrlpt Meszzage Bytes l

v |lze Script Create from Current Settings |
*FSK, Meszage Mame: Calling Mame and Murmber ~
STOPBITS 1 7
PARITY MOME

CHECKSUM MOD 256

CHECKSUM CLEAR -
CHECESUM OM

IF OMHOOK BITS ALTERNATE 300

IF OFFHOOK BITS ALTERMATE O

IF ONHOOK. BITS MARK 180

IF OFFHOOK BITS MARK 80

* Send the message type and length

§cr1pt'on page 1 i 04'

Note that the functions of the Script tab are only available with the advanced Caller ID
option. If this option is not enabled the controls are shown in an orange background.

Message Bytes:

The Message Bytes tab shows a listing of all the byte values that form the FSK message.
All known Caller ID message types, and parameters are decoded with their contents
displayed. If any error conditions such as invalid checksum have been enabled, warning
messages are displayed indicating that the FSK message bytes do not follow a valid
structure.

Contents l Dphiong ] &dvanced] Script MESSBQEB

L ge Call Setup [MDMF]
Mumber o 26

ime [01h)
February 05, 16:13

Calling Line [02h)
0456-789123

5.2.2 DTMF/MF Caller ID Messages

The DTMF Caller ID type can use either DTMF or MF tones to convey the Caller ID
information. To change the Caller ID type for the messages to DTMF, click the Set Type
button in the top right corner of the window and then select DTMF.

New messages are created by clicking the New button and then supplying a name for the
new message. To delete a message, select it from the Name drop-down list and then
click the Delete button.

The next figure shows a message for the DTMF Caller ID type. Each message name
must be unique as it is used to identify the different messages. By clicking the down
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arrow on the right side of the Name drop-down list, any message defined for the DTMF
Caller ID type can be viewed.

g Settings

Messages: DTMF SetType ¥ |
Mame: | Send [4-7081502-C) | ¥ new | 5 Delete

Caontents ] Optionz I

Start Code Mumber/D ata
|4 || 7081502

|[nol used]ﬂ|
|[nnt u3ed]ﬂ|
|[nnt u3ed]ﬂ|

Stop Code

I

The messages are composed simply as a series of DTMF digits. Within the message, up
to four different number or data fields can be specified. Each number/data field requires
a start code (normally A or D). Following the last number/data field an optional stop
code can be defined. In the example above, the message is composed of 9 digits. They
are "A" (start code), "7081502" (number), and "C" (stop code).

The Options tab allows the use of MF tones instead of the standard DTMF tones. In
order to use MF tones, a tone table must be specified in the drop-down list box. In
addition, a symbol mapping list linking each DTMF digit to a MF tone symbol is
required.

Contents |

DTMFMF Tone Table:
| Standard DTMF =

Symbol M apping:

[ <Message Symbaly = <MF Tone Symbol: | ... ]
i *=KP, #=5T]

The MF frequencies, level offsets, duration offsets, and symbol names may be modified
for any of the tone tables by viewing the MF Tone Symbol Definition settings window.

Note that the functions in the Options tab are only available with the advanced Caller ID
option. If this option is not enabled the controls are shown in an orange background.
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5.3 Caller ID Signaling

The Caller ID signaling defines the sequence of events required to send the message to
the TE. For each of the four Caller ID types, a number of basic signaling sequences are
pre-defined. Changing the signaling sequence is accomplished by clicking the Signaling
button on the Caller ID panel and then choosing the desired selection. For the ETSI
Caller ID type, the following figure shows the pre-defined signaling sequences.

DT-45 Before Daka (Mo Ring)
DT-AS Before Data (Ring)
LR-D'T-AS Before Data (Mo Ring)
LR-DT-A5 Before Data (Ring)
RP-835 Before Daka (Mo Ring)

v RP-A3 Before Data (Ring)
Send Data After 1sk Ring

For the Telecordia, NTT, or DTMF Caller ID types, the list of pre-defined signaling
sequences is different.

Editing or viewing of the sequences is performed from within the Caller ID Signaling
settings window. From this window, new sequences can be created or existing ones
modified. It is important to note that the signaling sequences are linked to a specific
Caller ID type. As such, sequences defined for the ETSI type can not be used with any
other Caller ID type.

To change the Caller ID type for the signaling sequences, click the Set Type button in the
top right corner of the Caller ID Signaling window and select it from the list displayed.

New sequences are created by clicking the New button and then supplying the name of
the new sequence. The name of each sequence must be unique. If the Copy Current
Signaling Sequence box is checked, then the new sequence will be a copy of the
currently selected sequence.

Create New Signaling Sequence

M

=
=

Specify a name for the Signaling Sequence.

[ Copy Current Signaling Sequence
Cancel | ak. I

To delete a sequence, select it from the Name drop-down list and then click the Delete
button.

The figure below shows the pre-defined "RP-AS Before Data (Ring)" sequence for the
ETSI Caller ID type. By clicking the down arrow on the right side of the Name drop-
down list, all the sequences defined for the ETSI Caller ID type are displayed.
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#+ a4 Settings
Signaling: FSK-ETSI | s
I arne: |F|P-AS Before Data [Ring] ﬂ o New| :5 Delete|

BL)

2b Basic I:éyScript % Tyvpe I {on-hook) %Tvpe 11 { off-hiook)

Alert Ringing - Off Hool, Branch

m  Insert... Pattern [msec)
x Delete 250

u| -w S
Dff-hk et 1100 6Pk Ok et

The signaling sequences are represented by a series of graphical blocks. Each block
symbolizes a specific function such as ringing, time delay, or sending data. The figure
above shows a sequence that starts with an alerting ring, followed by a time delay,
transmission of Caller ID data, another time delay, and finally ends with normal ringing.
Some of blocks allow for a split in the sequence if a certain event is detected. For
example, the first block in the above figure generates an alert ringing pattern. If during
this ringing the TE goes off-hook, the sequence flow shifts to the next line down. In this
case the next block is a Stop symbol which halts the Caller ID transmission. Likewise for
the time delay block shown just after sending the data and then the normal ringing block.
If the TE goes off-hook during these two blocks, the sequence changes to the line
underneath which leads to a Stop symbol.

Using the Add/Change, Insert, and Delete buttons, these graphical blocks can be
manipulated to create a wide array of signaling sequence. At most a sequence can consist
of 25 blocks on a single flow path (horizontal row) and up to four different flow paths.
Most of the blocks have one or more parameters that affect its operation. For example,
the ringing block parameter sets the pattern of the ringing, while the wait block parameter
specifies the duration of the delay.

_3‘% AddiChange. ..

+#  Normal Ringing
Alert Ringing
\Wait

3end Message

[ic|n

Stop

Cpen Swikching Inkerwal

Line Feversal

SRS Tane

CAS Tone

Generate Tone(s)

Generate DTMF Digik{s)

User Defined Action

Waveform Playback Conkral
Mormal Ringing - OFF Hook Branch
Alert Ringing - OFF Hoak. Branch
Wait - ACK Detect Branch

‘Wait - OFF Hook Branch

‘Wait - On Hook Branch

‘Wait - Tone Detect Eranch
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In total there are 19 different graphical blocks. However five of them are only available
with the AI-7280, due to hardware limitations with the AI-80. The function and
operation of the graphical blocks are as follows:

Normal Ringing: Generates a ringing pattern using the "normal" ring
frequency, level, and wave shape setting. These settings are located in the
"Caller ID Signal Settings" window.

Normal Ringing - Off Hook Branch: Similar to normal ringing, except
that if the TE goes off-hook anytime during the ringing pattern, the
sequence drops down to the next flow path (horizontal row).

Alert Ringing: Generates a ringing pattern using the "alert" ring frequency,
level, and wave shape setting. These settings are located in the "Caller ID
Signal Settings" window.

Alert Ringing - Off Hook Branch: Similar to alert ringing, except that if
the TE goes off-hook anytime during the ringing pattern, the sequence
drops down to the next flow path (horizontal row).

Wait: Delays a sequence by a specified number of milliseconds.

Wait - Off Hook Branch: Similar to the normal Wait, except if the TE
goes off-hook anytime during the delay the sequence drops down to the
next flow path (horizontal row).

Wait - On Hook Branch: Similar to the normal Wait, except if the TE
goes on-hook anytime during the waiting time the sequence drops down to
the next flow path (horizontal row).

Wait - ACK Detect Branch: Similar to the normal Wait, except if an ACK
DTMF digit is detected during the delay the sequence drops down to the
next flow path. The ACK digit code(s), minimum level, and maximum
frequency tolerance settings are located in the "Caller ID Signal Settings"
window.

Wait — Tone Detect Branch (AI-7280 only): Similar to the normal Wait,
except if a tone of a specific frequency is detected the sequence drops down
to the next flow path.

Send Message: Generates either the FSK message or the DTMF message
based on the selected Caller ID type.

Open Switching Interval: Removes the DC feeding voltage for a specified
duration.

Line Reversal: Reverses the line polarity. If it was normal, this block sets
it to the reverse state. Likewise if in the reverse state, this block sets it to
the normal state.

SAS Tone: Generates a Subscriber Alerting Signal (SAS) using the
specified pattern. The frequency and level settings are located in the "Caller
ID Signal Settings" window.

CAS Tone: Generates a CPE Alerting Signal (CAS) using the specified
pattern. Note that the CAS tone is the same as the Dual Tone Alerting
Signal (DT-AS). The frequency and level settings are located in the "Caller
ID Signal Settings" window.

Generate Tone(s) (AI-7280 only): Generates one or two tones at any
arbitrary frequency and level.
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e  Generate DTMF Digit(s) (AI-7280 only): Generates one or more DTMF
digits with an arbitrary frequency, level, on time, and pause time.

e  Waveform Playback Control (AI-7280 only): Starts, stops, or resumes
the playback of a wave file.

e  User Defined Action (AI-7280 only): Executes a user define AI-7280
device script.

Some of the graphical sequence blocks have multiple parameters. An example is the
Generate Tone(s) block. When selecting this block by clicking the mouse on it, the list
of parameters can be expanded or compressed by clicking the small blue arrows shown in
the upper right corner of the window.

o AddiChange. . Generate Taone(z) EI

W Mumber Tones Single b
& Delete Frequency #1 [Hz) 1000

Frequency #2 [Hz) 2000

[

TSI | KV Tone || | el 441 (dBm) 178

Level #2 [dBm) 7.8

Pattern a00

N I [

All of the signaling sequences must be specified for either Type I (on-hook) or Type 11
(off-hook) operation. This is determined by the state of the Type I and Type II buttons
shown on the settings window. Only Type I sequences are available if the TE is on-hook
prior to starting a Caller ID transmission. Likewise only Type II sequences can be used if
the TE is off-hook prior to starting a Caller ID transmission.

% Type I {on-hook) %Type I (nFF—hnnk}l| -—|Dn-hook Caller D Sequence|

% Type I {on-hook) | %Tvpe II (off-hook)  —]Ofhock Caller ID Sequence|

Note that new signaling sequences can only be created or the pre-defined sequences
modified if the advanced Caller ID option is enabled. If not enabled, then only the
ringing/alert pattern of existing sequences can be changed.

5.4 Caller ID Signal Parameters

All of the various physical layer parameters used in Caller ID transmissions are accessed
in the Caller ID Signal Settings window. These include the FSK characteristics, DTMF
parameters, ringing, alert tones, and ACK detection limits.

To change a setting, simply click the mouse in the applicable text box and enter a new
value. The range of acceptable values for any parameter is shown at the bottom of the
window. If a value entered is outside the valid range the min/max values shown changes
to a background color of orange.
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#p: Settings
Caller ID Signal Settings

Bell 202 FSE, Settings

I— Bell 202 Mark Frequency 200.10

|— Bell 202 Space Frequency Im
| Bell 202 Baud Rate 12000~
L Bell 202 Bit Timing Skew 50.0 -
W23 FSK Settings

|— W23 Mark Frequency Im
|— W 23 Space Frequency m
} v.23Baud Rate 2000 ~|
L 23 Bit Timing Skew ETT

kark tone frequency for Bell 202 FSE Modulation.

Min. ahd max. limitz: 100.0 to 5000.0 Hz

There are nine different categories for all of the physical layer parameters displayed in
this window. They are:

Bell 202 FSK Settings: These define the mark tone frequency, space tone
frequency, baud rate, and timing skew for the Bell 202 FSK modulator.
The timing skew setting represents the ratio of mark bit time to the sum of
both mark and space bit time. Accordingly, the default setting of 50%
represents equal mark and space bit times. Higher values increases the
mark time at the expense of space bit time. Likewise lower values decrease
mark time and increase space bit time. Note that the FSK level is specified
on the main Caller ID control panel.

V.23 FSK Settings: Similar to the Bell202 settings, these define the mark
and space tone frequency, baud rate, and timing skew. Note that the FSK
level is specified on the main Caller ID control panel.

General FSK Settings: The Level Specification Mode parameter in this
category determines how the FSK level is specified. It can be either as a
total level, total level with twist, or independent mark and space tone levels.
The Starting Phase parameter controls the initial phase angle of the FSK
modulator. By default it is zero degrees. This can be changed to any value
between 0 and 360 degrees in 15 degree increments. An alternate setting
'Random’ causes a random initial phase angle every time a Caller ID
transmission is started.

General DTMF Settings: These parameters control the DTMF/MF
generator by setting the digit's tone on duration, tone off or pause duration,
frequency offset, and level mode. The DTMF/MF signal level is specified
as either a total level, total level with twist, or independent row and column
tone levels.

SAS Tone Settings: Defines the frequency and level for up to two
independent tones. By default, only a single tone is used for the SAS tone.

CAS/DTAS Tone Settings: Defines the frequency and level for two
independent tones.

Normal Ringing Settings: These parameters set the normal ringing level,
frequency, and wave shape. Note that the wave shape setting is not
available with the AI-80.
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Ring Burst Alert Settings: Similar to the normal ringing settings, but for
the alert ringing signal. Note that the wave shape setting is not available
with the AI-80.

ACK Tone Settings: Defines the acceptable ACK digit code, minimum
ACK level, maximum ACK frequency error, and FSK timing mode. The
minimum ACK level refers to both the row and column tone. Both tones
must exceed this level in order for the ACK to be detected. The FSK Delay
Time w.r.t. ACK setting determines when the Wait — ACK Detect Branch
sequence block has ended and the next block is executed (usually a wait
followed by Send Message). If set to "Detected", then the ACK detect
block ends when the ACK tone is detected. This usually occurs 25 to 35 ms
after the ACK tone has started. The alternate setting "End of ACK" waits
until the ACK tone ends. Once it ends the next block is executed. This
setting is not available with the AI-80.

Note that most of these parameters can only be modified if the advanced Caller ID option
is enabled. If not, only the normal ringing and alert ringing parameters can be changed.
All of the unavailable parameters are shown in an orange background color.
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6. SMS Service Center Emulation

Short Message Service (SMYS) is the ability to send and receive text messages between
various devices. Terminal equipment supporting SMS use the PSTN to establish a voice
path with a Short Message Service Center (SM-SC). Once a connection between the TE
and SM-SC is made, text messages can be sent or received. The TRsSim software
supports the emulation of a SM-SC for TE testing purposes. It can either receive calls
from the TE and accept text messages, or dial the TE for delivery of text messages.

Two different methods of text message transfers are supported. Both are defined in the
ETSI ES 201912 standard and are referred to as Protocol 1 or Protocol 2.

Selecting which SMS type to use is done by clicking the mouse on the Sms Type button
and choosing one of the two methods, as shown below.

on page 21ifor more information on how to
change the SMS type and setup selections along with how to send and receive messages.

The following sections describe in more detail all of the settings used to control the SMS
data exchanges as well as how the Transfer Layer (TL) messages and SMS setups are
modified or created.

Note that the SM-SC functionality of the TRsSim software is an optional component.
Unless ordered when the software was purchased, it is not available. This option can be
added to the TRsSim software at any future date.

6.1 ETSI SMS Protocol 1

Details on the operation of protocol 1 can be found in the ETSI ES 201912 standard. It
describes how the DLL (Data Link Layer) is used to transfer the TL (Transfer Layer)
messages back and forth between the SM-TE and SM-SC. In addition it references ETSI
ES 300659-2 and ETSI ES 300778-2 for details on the physical layer requirements for
FSK transmission and reception. As the TL messages follow the GSM short message
service structure, protocol 1 references ETSI TS 100901 for information on the structure.

Within the TRsSim software, three different settings windows are used to define how the
SM-SC operates under protocol 1. They are:

e General Settings: A collection of various SM-SC parameters that define
the physical layer characteristics such as timing, FSK limits, telephone
number, sub-address values along with some PSTN related settings.
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e Transfer Layer Messages: Used to view, modify, or create all of the TL
messages sent by the SM-SC.

e  Message Flow Setup: Used to view, modify, or create SMS setups. A
setup is defined as a set of rules governing the transfer of DLL/TL messages
to and from the TE.

6.1.1 General Settings

The ETSI Protocol 1 General Settings window stores a number of parameters controlling
the operation of the SM-SC. As shown below, it is divided into four different tabs.

The Basic tab sets the telephone numbers used when calling the TE or receiving a call
from the TE. If the SM-SC calls the TE, the TE will receive Caller ID information
containing the calling number of the SM-SC. By default, the calling number is composed
of three parts. These are the basic number, sub-address, and deliver mode identifier. All
three values are sent together in the calling number parameter of the Caller ID
transmission.

In the case where the TE calls the SM-SC (to submit a message), the TRsSim software
compares the number dialed by the TE to the combined SM-SC Number and Originating
Sub-Address fields. If a match, the TRsSim software begins the process of connecting
the TE to the SM-SC. The Sub-Address field is optional and may contain "don't care"
digits. By using the character 'x', the TRsSim software requires a dialed digit, but does
not care what the digit is.

#p: Settings
ETSI - Protocol 1: General Settings

EBasic | Timing & Linits| PSTN Settings | Fsk |

Sk Delivery from SC o TE
Bazic SM-5C Mumber 073001502

Called SME Sub-sddrezs 0
Deliver Mode [dentifier 0

Sk Submit from TE to SC
Basic SM-5C Mumber 0130015020

Originating Sub-bddress [#=ary]

Caller ID' Meszage [when caling Sk-TE]
M ezsage: |[defau|t meszage] j

Default Caller ID message sends the current
apztem date & time and Sk-5C phone number
with sub-address and deliver mode.

Near the bottom of the Basic tab is a drop-down list used to select the Caller ID message
to send to the TE when the SM-SC is calling. The default message contains the current
date & time, basic SM-SC number with sub-address and deliver mode. If required it is
possible to choose other Caller ID messages from the drop-down list.

The Timing & Limits tab sets the timing of the SM-SC FSK frames as well as timing
and FSK level limits for the TE. The SM-SC First Frame Default Delay field determines
the amount of time the SM-SC waits after establishing a voice path connection to the
SM-TE and then sending the first FSK frame. The field just below it determines how
long the SM-SC waits after receiving a FSK frame from the TE. Note that these delays
may be increased or decreased on an individual frame basis by the settings in the
Message Flow Setup window.
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The Response Time-Out for a SME represents the maximum amount of time to wait for
the complete reception of a DLL message sent by the TE. This time starts when the SM-
SC has finished sending a DLL message to the TE.

Besl | | PSTN Settings | Fsk |

Tirning [in units of milizeconds)
Sh-5C First Frame Default Delay 500
5M-5C Subsequent Default Delay 200
Fesponze Time-out for SME 4000

SME Limits
Finimum acceptable rezponse time 100 MmEec
b asimum acceptable responize time 4000 rgee
Mirirnurm FSK Level 200 gpy
barimum F5SK Level 5.0 dBY

The four SME Limits settings define the valid range for the TE's DLL message response
time and FSK level. If any of these limits are violated, the offending DLL message is
flagged in the Data Recorder window with a warning message.

The third tab, PSTN Settings, controls the PSTN's reaction to the TE dialing the SM-SC
telephone number. The connection delay represents the time required for the PSTN to
"ring" the SM-SC and then the SM-SC to answer the call and establish a voice path
connection. During this delay the TRsSim software can apply any of the defined network
tones. By default, the double ring back tone is selected.

el | Wil e ko =9

PSTM Connection Delay 4000 mEec
Delay between SME dialing Sk-5C phone
nurmber to when the SM-SC connects.

Tore to apply during PSTMN connection delay
Ringback [Double] ~|

The FSK tab sets the physical layer characteristics of the FSK modulator. To change
either of the mark frequency, space frequency, or baud rate click the mouse in the field
and enter a new value. The next field controls how the FSK level is specified, which can
be either as total level, total level with twist, or independent mark and space levels. Note
that the FSK level is specified on the SMS control panel and not within the General
Settings window.
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FSE Signal Settings for Sk5:

Mark Tone Frequency: m [Hz]
Space Tone Frequency: m [Hz]
Baud Rate: ’m [bps)
Level 5pecification kMode; m

[

Moise Generator Mode: | OFF -

Mate: Theze settings are separate from the Caller 1D
F5SE. zignal zettingz and do nat effect them.

For the AI-7280 only, a broad band white noise generator may be enabled during FSK
transmissions. The noise generator level can be specified as either absolute or relative to
the FSK level.

6.1.2 Transfer Layer Messages

In the ETSI SMS protocol stack, the Data Link Layer (DLL) is used to transport Transfer
Layer (TL) messages. These TL messages are then used to convey the text messages or
report status information.

All of the TL messages sent by the SM-SC can be viewed or modified using the Transfer
Layer Messages settings window. In addition new messages can be created or existing
ones deleted.

Note, while the Transfer Layer Message settings window provides a large degree of
flexibility in composing messages, it is much easier to use the Message Generator

window to create messages. While not as flexible, it simplifies many complex tasks
especially when concatenated messages are to be sent. For more information see the

section: 6.1.4_Simplified Message Generation on page i66:

Each TL message must have a unique name by which it is identified. A number of
messages are pre-defined in the TRsSim software and used in the pre-defined setups to
transfer short test messages or submission reports. To view a specific message, select its
name from the drop-down list near the top of the settings window.

New messages are created by clicking the New button and then supplying the name of the
new message. To delete a message, select it from the Name drop-down list and then
click the Delete button.
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#p: Setti ngs

ETSI - Protocol 1: Transfer Layer Messages

WELVE D eliver-Hello = New | #Delete|

Mode: | 2b Basic £ TPDU Param| &% Script

SM-TLPDU Type  [SMS-DELIVER |

Yt M D H m 5 Tz
Time Stamp [SCTS) 02 02 05 18 09 26 0

Org. Address [04) 08001101234 Type |91h -
Praotocal [dentifier [PID] |DDh SME-to-SME

=l
Data Encoding [DCS) |FOh Defaul [class 0] |

Uszer Data [UD] Hello wiarld!
[length=12]

| [~

The previous figure shows the settings for the "Deliver-Hello" message. It is used to
send the text "Hello World!" to a SM capable TE. For details on the structure of the TL
messages consult the ETSI TS 100901 standard.

The TRsSim program supports three different methods to define a TL message. They are
represented by the three buttons labeled Basic, TPDU Param, and Script. Each
successive mode allows more flexibility in defining the TL message's contents. However
they also require a more detailed knowledge of the message structure.

The Basic mode is the simplest to use and the least flexible. As the previous figure
shows, the "Deliver-Hello" message uses this mode. All TL message must use one of six
possible PDU types. The basic mode supports five of these types. They are:

e SMS-DELIVER: contains a short message being sent from the SC to the
TE.

e SMS-DELIVER-REPORT: contains information regarding the success or
failure of a SMS-DELIVER or SMS-STATUS-REPORT message.

e SMS-SUBMIT: contains a short message being sent from the TE to the SC.

e SMS-SUBMIT-REPORT: contains information regarding the success or
failure to a SMS-SUBMIT or SMS-COMMAND message.

e SMS-STATUS-REPORT: contains status information being sent from the
SC to the TE.

Depending on which PDU type is selected, the fields underneath the drop-down list may
change. Each PDU type has a different structure using different TPDU parameters. The
fields shown underneath the PDU type does not represent all of the TPDU parameters,
but rather the ones most commonly modified.

In the case of the SMS-DELIVER message, the TPDU parameters shown are the SC time
stamp (SCTYS), originating address (OA) for the message, protocol identifier field (PID),
data encoding field (DCS), and the user data field (UD). It is the user data field that
contains the text message. The failure cause field (FCS) is disabled, since it is not
applicable to SMS-DELIVER messages.

The TPDU Param mode offers more flexibility than the basic mode. It allows
modification of all the TPDU parameters and also allows illegal data to be contained
within them. This is very useful for creating error conditions within the TL message and
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testing the TE's response. To change to this mode, click the mouse on the TPDU Param

button.
Mode: @b Basic I S TPOUParam &2 Script

SM-TLPDU Type  |SMS-DELIVER |

TPDU Parameter Y alue

M  TP-MMS ¥ Tb i‘
o) TPSRI [ 0b

o) TPUDHI [ b

m  TPRP W Ob

(m]  TPO& R 1131k <03001101234>

m  TPPID [ O0h =

The displayed window shows a list of all the TPDU parameter used with the specified
PDU type. The left side of the list indicates the short hand abbreviation for the TPDU
along with either the letter 'm' or 'o’. The letter 'm' indicates that the TPDU parameter is
mandatory for the selected PDU type, while the letter 'o' indicates that it is optional. Ifa
check mark is visible beside the TPDU name, then that parameter is included in the TL
message. If the box is blank the parameter is not included. The contents or value of each
TPDU parameter is shown on the right side of the list. There are many different methods
available to specify the value of the parameter. It may be done as individual bits, an
1nteger number hexadecimal bytes, 7-bit GSM characters or 8- blt ASCII characters. For

Note that if a change is made to a TPDU parameter setting, the mode can not be changed
back to basic mode without undoing any changes made.

The third mode is the Script mode. It allows the most flexibility in determining the
contents of a TL message. In this mode the message is created from a series of
instructions that define every bit or byte. There is no requirement to follow the structure
of the standard PDU types.

Mode: 2b Biasic = TPOU F‘araml Scripk

* SMS-DELIWER PDU A~
* First octet: MTI, MMS, SRI. UDHI, RP
BYTE 04h

= Add originating addrezs: D&

BYTE 0BS18000111032F4h

* Add procotal identitier; PID

BYTE 00h

* Add data coding zcheme; DCS

BYTE Flh

* Add zervice center ime stamp: SCTS
BYTE 20205081906200k

* Add uzer data lengthe DL

The three modes work in a hierarchical fashion. Changlng the mode from basic to TPDU
updates all the TPDU parameters to match the settings used in the basic mode. Likewise,
changing the mode to script from TPDU, updates the script with the current TPDU
parameter settings.
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Note that if a change is made to a message script, the mode can not be changed back to
basic or TPDU parameter without undoing any edits performed.

6.1.3 Flow Setup

The rules that govern the flow of messages is defined in the Flow Setup window. This
window allows for examining the details of an existing setup or creating new setups. A
SMS setup is simply a list of events detected by the SM-SC and its corresponding action
in response to the event. Each setup must have a unique name by which it is identified.
Many different setups are pre-defined in the TRsSim software. They follow many of the
sequence flow charts contained in Annex A of the ETSI ES 201912 document. To view a
specific setup, select its name from the drop-down list near the top of the window.

New setups are created by clicking the New button and then supplying the name of the
new setup. To delete a setup, select it from the Name drop-down list and then click the
Delete button.

The following figure shows the setup "A.2.2 Normal Case - TE pickup". It represents the
nominal situation of sending a SMS message from the SC to TE.

£ p Settings

ETSI - Protocol 1: Message Flow Setup
NEEA S 2 2 Mommal Case - TE pick ﬁ% e | é Delete|
Data Layer Mode: ¢ Rules Based Flow @ Fiked Message Flow
Ewvent [TE Action] | SM-5C Responze | Delay Offse
Connection[SC] Do Mathing 0 mzec
Tw DLL_EST Tw: DLL_DATA[D eliver-Hello] 0 mzec
Tu DLL_ACK, Tw: DLL_REL[[ruthirg]] 0 mzec
< >
E Delete Add Befare Add After Edit

There are only three event/action pairs listed for this setup. Each one is represented by a
separate line in the window. They function as follows:

e Event: Connection(SC): This event indicates that the TE has received the
Caller ID message and has gone off-hook in order to establish a voice path
connection to the SC. The SC does not take any action to this event.

e Event: TE Sent DLL-EST: This event is triggered when the TE sends a
DLL-EST message. This message does not contain a TL message, but
rather is used to inform the SC that the TE has answered the call and is
ready to receive messages. In response to this event the SC sends a DLL-
DATA message. This DLL message contains the contents of the "Deliver-
Hello" TL message. It is the TL message that conveys the text information.

e Event: TE Sent DLL-ACK: If the TE correctly receives the DLL-DATA
message it should respond with a DLL-ACK message. This tells the SC the
message was received correctly. If an error had occurred the TE would
send a DLL-NACK message instead. In response to the DLL-ACK
message, the SC sends the DLL-REL message. This informs the TE that it
should release the connection.
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These three actions and the associated events represent the A.2.2 message sequence chart
in ETSI ES 201 912 Annex A document.

All of the event/action pairs can operate in one of two different modes. They are either
Rules Based Flow or Fixed Message Flow. When using the rules based flow, the order
of events listed does not matter. Once an event is detected, its corresponding action is
taken regardless of where the event is positioned in the list. For fixed message flow, the
events must be detected in the order they are listed. This is much more restrictive, but
allows for verification that the TE under test follows an exact message flow. If any event
detected is not in the list, or the events occur in a different order then a fixed flow
violation is issued which stops the SMS session. In the example above, the fixed
message flow is used. The two buttons above the list of event/action pairs are used to
change the mode setting.

The Delete, Add Before, Add After, and Edit buttons at the bottom of the window are
used to modify the event/action pairs. For example, selecting the second event with the
mouse and clicking the Edit button displays the following window. This window is used
to change any of the event action settings.

#1 SMS Event Setup

SM-SC Action | Send DLL_DATA [91h] Message ~|
Mezzage -
Eonierie | Deliver-Hello j
Farced Ermor |Send without errors j
Mumber of a0 Dizconnect after
ark Bits zending message
Delay Offset (mzec] |0 Cancel | 0K |

The top selection in the window selects the type of event to detect. This can be any one
of the following event types:

e Connection TE Initiate: This event is triggered when the TE has dialed
the SC and the SC answers the call, creating a voice path connection.

e Connection SC Initiate: This event is triggered when the TE answers a
call from the SC by going off-hook, thus creating a voice path connection.

e TE Sent Complete Message: Indicates that the TE has completed sending
a DLL message to the SC that matches one of the following message types
(DLL-DATA, DLL-ERROR, DLL-EST, DLL-REL, DLL-ACK, DLL-
NACK).

e TE Sent Segmented Message: Indicates that the TE has completed
sending a segmented DLL message to the SC that matches one of the
following message types (DLL-DATA, DLL-ERROR, DLL-EST, DLL-
REL, DLL-ACK, DLL-NACK).

e TE Sent Message with DLL Error: A message was sent by the TE, but it
contains a DLL error in which the received checksum does not match the
calculated checksum.

o Timeout in Waiting for Message: This event is triggered if a timeout
occurs in waiting for the TE to send a message.
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e DLL Error Counter Exceeded: Each time a message is received from the
TE with a DLL error, an error counter is incremented. If this counter
exceeds a specified value, this event is triggered.

A special condition exists for the "TE Sent Message - DLL-ACK" events (both
segmented and non-segmented). These events can be further qualified by a counter that
increments every time a DLL-ACK message is received. This allows for different actions
to occur for every reception of the DLL-ACK message.

Just below the event type selection is a drop-down list box containing all of the possible
SC actions in response to the event. The SC actions to an event are summarized as
follows:

e Do Nothing: The SC does nothing in response to the event.

e Disconnect: This action causes the SC to disconnect from the TE and end
the SMS session.

e Send Last Message Again: The last message sent by the SC is re-
transmitted.

e Send Complete Message: The SC will transmit one of the following
message types: DLL-DATA, DLL-ERROR, DLL-EST, DLL-REL, DLL-
ACK, DLL-NACK.

e Send Segmented Message: The SC will transmit one of the following
segmented message types: DLL-DATA, DLL-ERROR, DLL-EST, DLL-
REL, DLL-ACK, DLL-NACK.

e Send Custom Message: The SC will transmit a message to the TE using a
custom FSK message script. This allows for any type of message to be

sent. See Appendix B: FSK Message Scription page :IE)ZlE for details on the

message script syntax.

If the action selected is to send a complete or segmented DLL message, four additional
controls are used to determine the payload of the DLL message along with other options.

Meszage -

[ |Del|ver-HeIIO j
Forced Emar |Send without erors j
Mumber af & Dizconnect after
tark Bits zending message

The first is used to select the contents of the DLL message. The drop-down list includes
all of the TL messages that have been previously defined as well as predefined messages
that contain a single byte of either 01h, 02h, 03h, 04h, or FFH. The single byte values are
normally used to return an error code to the TE using the DLL-ERROR message type.

The second control is used to force an error upon the message being sent. The options
are either to send without error or add 1 to the message length, subtract one from the
message length, add 1 to the checksum value, or subtract one from the checksum value.

Normally preceding the message data bytes are 80 mark bits. The field in the lower left
corner can be used to modify this value on a message by message basis.

Finally, the last option is to end the voice path connection with the TE after sending the
message. This is normally enabled if the SC sends the DLL-REL message indicating that
the TE should release the line.

In addition, the Delay Offset field is used to apply a positive or negative time offset to
when the message is sent by the SC. The offset value is added to the default frame delay
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value specified in the General Settings window. The resulting value is used as the frame
delay, which allows for adjustment on a message by message basis.

6.1.4 Simplified Message Generation

The structure of TL messages for ETSI ES 201912 - Protocol 1 can become complex in
certain situations. This includes the case of sending long messages, as the contents must
be broken up into multiple TL messages. Each TL message must then include
information that allows the receiving SME to correctly combine the contents of each TL
message together.

In order to assist in the process of creating the TL messages, the TRsSim software can
display a "Message Generator" window. If the Sms Type selection is set to the ETSI
Protocol 1 setting, the following button is shown at the far right of the control panel
window.

Y

Clicking this button displays the "Message Generator" window. The window, as shown
below, has four tabs from which various controls are accessed.

Contents Tab:

The "Contents" tab holds a large text box used to enter the contents of the TL message(s).
To send a message to a SMS capable TE, click the mouse anywhere inside the text box
and enter the message contents. If the number of characters entered exceeds the
maximum for a TL message, it is automatically broken up into multiple TL messages.
The maximum number of TL messages is determine by the connected hardware device.
If using the AI-80, it can support up to four TL messages each containing up to 153
characters. The AI-7280 can send up to 10 TL messages for a maximum of 1530
characters.

Once the text box contains the characters to send, click the Build Message(s) button.
This starts the process of generating the TL message(s) and optionally, the SMS Setup as
well. When complete, the total number of characters contained in the User Data (UD)
field of the TL messages is displayed in the upper right corner. In the example below, the
text "Hello World." requires 12 characters to send.

i3 Az SMS Protocol 1 Message Generaton E|

l Settings ] Advanced] TL Mezsagels) ]

olA D) 5 e

tezzage Contents: # Characters: 12
Hello World.

Field Code Delimiters: Chrl+< , Chrl+», ar 4 } Build Mezzagels]
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Depending on the PC's keyboard and regional settings, not all of the GSM character set
may be accessible via the keyboard. To enter characters not available from the keyboard,
click the mouse on the GSM Character Map button as shown below.

28]

This displays a window showing the GSM characters. As the mouse is moved over any
of the characters, its decimal and hexadecimal code is shown in the bottom left corner of
the window. Clicking on the button marked Extension, toggles the character map from
its default table setting to the extension table setting.

GSM Character Map [¥]

iy 0i|Plé|p
| H1lAQlalg
@ "|2|/B|E|[b|r
TI#3|(C|S|c|=
AEL|DT|d|t
O|%|5|E|T|[e|u
il & |6 |F|V[f|w
PG W g w
Tli|8|H X h@=
w9 I|¥|1|v
wlx||J|Z|]1|=
5] +|; |E|A|k|5
m | E <|L[G[1]&
#|—|=|M|H|n|f
AR| |y |[H[T|n|i
AEEEEREEE
22 [16h]  Ewtention...

To enter any of the displayed characters into the Message Generator contents text box,
simply click the mouse on the character. For example, clicking on the highlighted
character in the above window adds the text:

«22»

The number 22 is the decimal value for the selected character. The « and » characters are
used as delimiters for field codes. These delimiter characters can be manually entered by
pressing the CTRL < and CTRL > keys on the keyboard. Any character code from 0 to
127 can be entered into the text message by either clicking on the character in the GSM
character map, or manually entering the field code. To enter multiple characters in a field
code, separate each one with a comma. For example, the € character is represented by
the following field code:

«27,101»

The first value of 27 is used to specify that the next character is using the GSM extension
table. The second value of 101 is the code for the € character within the extension table.
Character values must range from 0 to 127 and can be specified either as a decimal
number or as a hex value (Oh to 7Fh). Append the letter 'h' to hex values.

The message contents may be encoded in one of three different formats. They are either
using the standard GSM packed 7 bit character map, 8 bit character encoding, or USC2
(16 bit) encoding. The following three buttons are used to select the encoding mode.

|75, |5
" —Encode as USC2 (16 bit)
Encode az 8 bit data bytes
Encode az GSM 7-bit packed
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The text box used to enter the message contents can also be used to specify the contents
of the UDH (user data header) field. The following two buttons are used to alternate

between the modes.
& ]

— Edit header data bytes

Edit text message contents

When editing the UDH contents, the byte values can be specified in either decimal or
hexadecimal format. For example, the following text string:

23 FFh 2A6C9Eh 123
Sets the UDH field to the following six bytes:
17h, FFh, 2Ah, 6Ch, 9Eh, 7Bh

The UDL (user data length) field is automatically calculated as the number of octets
needed to hold both the UDH and UD fields.

As not all character fonts support all of the various international characters in use today,
the font used to enter the message text can be changed. Double clicking the mouse
anywhere inside the message contents text box displays the font selection window.

Font Selection

[ Right-to-Left text entmy Cloze

By default the Courier font is used to display the text characters. However this may be
changed to any font installed on the PC. Alternate fonts may support certain characters
that can not be displayed with the Courier font. The font selection is remembered by the
TRsSim software the next time it is executed.

Settings Tab:

The "Settings" tab contains a number of controls which are used in specifying details for
the TL messages created. At the top of the window is the PDU type selection. The
Message Generator window creates one of two different types of PDU's. The default
setting is the DELIVER PDU. This is used for sending messages from the SC to the TE.
This may be changed to SUBMIT for sending messages from the TE to the SC. As the
AI-80 or the AI-7280 emulates the SC, the SUBMIT PDU is not normally used.

Contents ngSl .-’-‘-.clvancedl TL Message[s]l

SMS PDU Tppe: |DELIVER (SC To TE) |
Address & Type (D4) 123456789 gih v
Pratacol Identifier (PID}: |00k SME-to-SME =l
Coding Scheme [DCS) |Foh Default [class 0) Rd|

SC Time Starmp [SCTS): % M D Hr m 5 Tz
v Usge Sustemn Time 0

Concatenation by: |L|se 2-bit conicat headers [9.2.3.24.1] j

Concatenated Short Meszage Reference Mumber, 0
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As part of the DELIVER PDU, the user can specify four additional fields. These are the
Originating Address (OA), Protocol Identifier (PID), Coding Scheme (DCS), and SC
Time Stamp (SCTS). By default, when a message is created the SC time stamp is taken
from the PC's current system time. To specify a different time, click the mouse on the
Use System Time check box. For more information on the usage of each of these fields,
consult the ETSI document TS 100 901.

The bottom two controls determine how the Message Generator window splits up long
messages. Three methods are available.

The default selection is to use the 8 bit concatenation headers described in section
9.2.3.24.1 of TS 100 901. This method adds header data bytes to the User Data (UD)
field specifying that the TL messages should be concatenated to form the complete
message. When using this method, the user may specify a 8 bit reference number from 0
to 255. This reference number forms part of the header and remains constant for all of
the TL messages generated.

Similar to the above concatenation method, the second method uses 16 bit concatenation
headers as defined in section 9.2.3.24.8 of TS 100 901.

The third method is to use the "+" character within the User Data (UD) field. If multiple
TL messages are required, the subsequent message(s) start with the "+" character. All of
the TL messages (except the last one) end with the "+" character in the UD field.

Advanced Tab:

When the Message Generator window builds the TL message(s) and SMS setup, it uses
the names defined in the "Advanced" tab. The default name used is "Message
Generator". To change this setting, click the button to the right of the displayed name.
This displays a dialog window from which a new name is entered.

Contents ] Settings A l TL Meszage(s) ]

TL Meszage Namels]: [Message Generator

Setup Mame: [Meszage Generator

|z Default SMS Setup: v

=
=

[v Include UD header in all concatenated TL messages

If the Is Default SMS Setup setting is checked, then the AI-80 or AI-7280 device is
automatically updated with the new message contents or settings. Otherwise, the created
SMS setup must be selected by clicking the Setup button on the main control panel.

TL Message(s) Tab:

The forth tab within the Message Generator window displays each byte of the TL
messages created. If more than one message is created, they are shown in order starting
from the first message. The following figure shows an example of the first few bytes of a
TL message.
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a1h
24h
44h

6.2 ETSI SMS Protocol 2

Operational details on protocol 2 can be found in the ETSI ES 201912 standard. It
describes how the DLL (Data Link Layer) is used to transfer the TL (Transfer Layer)
messages back and forth between the SM-TE and SM-SC. In addition it references ETSI
ES 300659-2 and ETSI ES 300778-2 for details on the physical layer requirements for
FSK transmission and reception.

Within the TRsSim software, three different settings windows are used to define how the
SM-SC operates under protocol 2. They are:

e General Settings: A collection of various SM-SC parameters defining the
physical layer characteristics such as timing, FSK limits, telephone number,
sub-address values along with some PSTN settings.

o Transfer Layer Messages: Used to view, modify, or create all of the TL
messages sent by the SM-SC.

e  Message Flow Setup: Used to view, modify, or create SMS setups. A
setup is defined as a set of rules governing the transfer of DLL messages to
and from the TE.

Note that protocol 2 operates in a master and slave relationship between the two SME's.
The initiating party is always considered the master. As such if the SC calls the TE, the
SC is the protocol master. Likewise if the TE calls the SC, the TE is the protocol master.

6.2.1 General Settings

The ETSI Protocol 2 General Settings window stores a number of parameters controlling
the operation of the SM-SC. As shown below, it is divided into five different tabs.

The Basic tab sets the telephone numbers used when calling the TE or receiving a call
from the TE. If the SM-SC calls the TE, the TE will receive Caller ID information
containing the calling number of the SM-SC. By default, the calling number is composed
of two parts. These are the basic number and sub-address. Both values are sent together
in the calling number parameter of the Caller ID transmission.
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In the case where the TE calls the SM-SC (to submit a message), the TRsSim software
compares the number dialed by the TE to the combined SM-SC Number and Originating
Sub-Address fields. If a match, the TRsSim software begins the process of connecting
the TE to the SM-SC. The Sub-Address field is optional and may contain "don't care"
digits. By using the character 'x', the TRsSim software requires a dialed digit, but does
not care what the digit is.

#p: Settings

ETSI - Protocol 2: General Settings
 Basic || Timing & Limits| Timers] PSTN] Fsk |
Sk Delivery from 5C to TE

Basic SM-5C Number  J0071650
Called SME Sub-&ddress 1

SM Submission from TE ta SC
Bazic SM-5C Murber 300716800

Originating Sub-Address [r=ary]

Caller ID Meszage [when caling SME]

M ezsage: |[defau|t meszage] ﬂ

Default Caller ID meszage sends the
curment spztem date & bme and Sh-5C
bazic phone number [with sub-address).

Near the bottom of the Basic tab is the drop-down list used to select the Caller ID
message sent to the TE when the SM-SC is calling. The default message contains the
current date & time and basic SM-SC number with sub-address. If required it is possible
to choose other Caller ID messages from the drop-down list.

The Timing & Limits tab sets the timing of the SM-SC FSK frames as well as timing
and FSK level limits for the TE. Three different delay values (T1 to T3) are used to
control the SM-SC frame delays. T1 is only applicable if the SM-SC is the slave. It sets
the delay used when sending DLL-ACK messages. The second time delay (T2) applies
only to the master and determines the delay used sending messages following a DLL-
EST or DLL-ACK message. Finally the third delay (T3) applies only to the slave and
represents the delay from when establishing a voice connection to when the first DLL-
EST message is sent. Note that these delays may be increased or decreased on an
individual frame basis by the settings in the Message Flow Setup window.

Basic | Timing & Limits| Timers] PsTN| Fok |

Responze Time [in unitz of millizecondz]

T1: Delay in zending ACK. [zlawe) 200
T2 Delay in sending message [master] 200
T3 Delay in sending DLL-EST [slave] 200

SME Limits

Finirum acceptable response time 100 MmEec
b aximum acceptable responze time a00
Mirirnur FSE Level 200 gmy

t aximumn F5E Lewvel 6.0 dB

miec
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The four SME Limits settings define the valid range for the TE's DLL message response
time and FSK level. If any of these limits are violated, the offending DLL message is
flagged in the Data Recorder window with a warning message.

The Timer tab sets the time-out values used by the protocol. Some of the timers are only
applicable to the protocol master (Tm1, Tm3, Tm5, Tm?7), while the rest apply only to the
protocol slave (Tm2, Tm4, Tm6). As such the SC only uses the timers appropriate,
depending on whether or not it is the protocol master. All of the time-out values are
specified in units of milliseconds.

Basic | Timing & Limits | | PsTh] Fek ]

[v Tl Maw. delay for receiving a0n
ALK from the zlave

v Tm2 Maw delay for receiving FEO0
mezzage from the mazter

[w Tm3 Max delay for recering 7500
DLL-EST from the slave

v Trnd: ‘Wwaiting time after
e D A L 3500
[w Tmf ‘waiting time for sending a0
DLL-EMG

[v TmE: Waiting time for sending 200
ALK without TL payload

[v Tm? ‘Waiting time for forcing 9600
dizzonnect procedure

The forth tab, PSTN Settings, controls the PSTN's reaction to the TE dialing the SM-SC
telephone number. The connection delay represents the time required for the PSTN to
"ring" the SM-SC and then the SM-SC to answer the call and establish a voice path
connection. During this delay the TRsSim software can apply any of the defined network
tones. By default, the double ring back tone is selected.

Basic | Timing & Limits| Timers | PSTN| Fak |

PSTM Connection Delay 4000 meec
Delay between SME dialing SM-5C phone
number to when the SM-SC connects.

Tane to apply during PSTH connection delay
Ringback (Double) |

The FSK tab sets the physical layer characteristics of the FSK modulator. To change
either of the mark frequency, space frequency, or baud rate click the mouse in the field
and enter a new value. The next field controls how the FSK level is specified. It can be
either as total level, total level with twist, or independent mark and space levels. Note
that the FSK level is specified on the SMS control panel and not within the General
Settings window.
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Basic | Timing & Limits| Timers| PSTN ©F5K ]
FSE Signal Settings for Sk5:
Mark Tone Frequency: [1300.0  +| [Hz]
Space Tone Frequency: |2100.0  +| [Hz]
Baud Rate: ’m [bpz]
Level 5pecification kMode; m

[

Moise Generator Mode: | OFF -

Mate: Theze settings are separate from the Caller 1D
F5SE. zignal zettingz and do nat effect them.

For the AI-7280, a broad band white noise generator may be enabled during FSK
transmissions. The noise generator level can be specified as either absolute or relative to
the FSK level.

6.2.2 Transfer Layer Messages

In the ETSI SMS protocol stack, the Data Link Layer (DLL) is used to transport Transfer
Layer (TL) messages. These TL messages are then used to convey the text messages or
report status information.

All of the TL messages sent by the SM-SC can be viewed or modified using the Transfer
Layer Messages settings window. In addition new messages can be created or existing
ones deleted.

Note, while the Transfer Layer Message settings window provides a large degree of
flexibility in composing messages, it is much easier to use the Message Generator
window to create messages. While not as flexible, it simplifies many complex tasks

Each TL message must have a unique name by which it is identified. A number of
messages are pre-defined in the TRsSim software and used in the pre-defined setups to
transfer short test messages or submission reports. To view a specific message, select its
name from the drop-down list near the top of the settings window.

New messages are created by clicking the New button and then supplying the name of the
new message. To delete a message, select it from the Name drop-down list and then
click the Delete button.
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#+4: Setti ngs

ETSI - Protocol 2: Transfer Layer Messages

REUVEAD eliverH ello Eﬁe Mew | #Delete|

M ode: gh Basic = Parametets |@ Scripk |

Type of TL Message | SMS-DELIVERY [SMS] e
taonth - Day Hour  Minute
Date & Time 4 3 3 M
Dizplay Information Hello \World!
[Length=12]
Calling Line Identity 900150201 |
Public: K.ey

The previous figure shows the settings for the "DeliverHello" message. It is used to send
the text "Hello World!" to a SM capable TE. For details on the structure of the TL
messages consult the ETSI ES 201912 standard.

The TRsSim program supports three different methods to define a TL message. They are
represented by the three buttons labeled Basic, Parameters, and Script. Each successive
mode allows more flexibility in defining the TL message's contents. However they also
require a more detailed knowledge of the message structure.

The Basic mode is the simplest to use and the least flexible. As the previous figure
shows, the "DeliverHello" message uses this mode. For protocol 2 there are seven basic
TL message types. These TL message types define which parameters are mandatory and
which are optional. The seven message types are:

e SMS-SUBMIT: contains a short message being sent from the TE to the SC.
Based on the Media Identifier parameter, this TL message type has six sub-

types.
e SMS-DELIVERY: contains a short message being sent from the SC to the

TE. Based on the Media Identifier parameter, this TL message type as three
sub-types

e SMS-STATUS-REP: contains information sent form the SC to the TE.

e SMS-SUBMIT-REP: contains information regarding the success or failure
to a SMS-SUBMIT message.

e SMS-DELIVERY-REP: contains information regarding the success or
failure to a SMS-DELIVERY message.

e SM-TE-STATUS: provides status information about the TE.
e SM-TE-CAPABILITY: provides information on the capabilities of the TE.

Depending on which TL message type is selected, the fields underneath the drop-down
list may change. This is due to the different message types requiring different
parameters. The fields underneath the TL message type may not represent all of the
parameters contained in the message, but rather the ones most commonly modified.

In the case of the SMS-DELIVERY[SMS] message shown above, the parameters
displayed are the date & time, information to display, calling line identity, and public key
field.
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The Parameter mode offers more flexibility that the basic mode. This mode allows
modification of all the parameters and also allows their contents to take on illegal values.
This is very useful for creating error conditions within the TL message and testing the
TE's response. To change to this mode, click the mouse on the Parameters button.

Mode: 2b Basic IE Paramsters &% Seript

TL Parameter Tope Parameter Contents

%]  Medialdentiier 00k i‘
| Firnware Version 00k 00k 00k 00k 00k 00k

| Provider Identifier 00k 00k 00k
| Display Information “Hello World!™
¥|  Date and Time "04030934"
x| Calling Line "900150201"

¥ [mone] j

b I = T 3 B T R

Up to twenty parameters can be included in a single TL message. Each parameter and its
contents is shown on a single line. To change a parameter type, click the mouse on the
down arrow beside the parameter number. This displays a list of all the possible
parameter types (including none) from which one can be selected. Parameters marked as
"(none)" are not included in the TL message. The contents or value of each parameter is
shown on the right side of the list. There are many different methods available to specify
the value of the parameter. It may be done as individual bits, integer numbers,
hexadecimal bytes, 7-bit GSM characters, or 8-bit ASCII characters. _F_(Zf_i_n_fggrlnation on

the data formats allowed see the section: Appendix C: Specifying Binary Data on page
4073

Note if a change is made to a parameter setting the mode can not be changed to basic
mode without undoing any changes made.

The third method to define a TL message is the Script mode. It allows the most
flexibility in determining the message contents. In this mode the message is created from
a series of commands that define every bit or byte. There is no requirement to follow the
structure of the standard TL message types.

Mods: b Basic = Parameters |%§ Script

* SMS Tranzfer Laper Meszage: DeliverHello ~

* TL Megzage Length [2 bytes, LSB first]
INT16 MESSAGELEMGTH

* Parameter: Media [dentifier
PARAMETER TYPE 10k
INT16 PARAMETERLEMGTH
BYTE 00h

PARAMETER END

* Parameter: Firmware Version

For information on the structure and commands of the FSK message script, see:

[y 30 yytmpigdninpgut gy gyl = N g gt

The three modes work in a hierarchical fashion. Changing the mode from basic to
parameters updates all the parameters to match the settings used in the basic mode.
Likewise, if changing the mode to script from parameters, the script displayed is created
from the parameter settings.
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Note if a change is made to a message script the mode can not be changed back to either
basic or parameters without undoing any changes made.

6.2.3 Flow Setup

The rules that govern the flow of messages is defined in the Flow Setup window. This
window allows for examining the details of an existing setup or creating new setups. A
SMS setup is simply a list of events detected by the SM-SC and its corresponding action
in response to the event. Each setup must have a unique name by which it is identified.
Many different setups are pre-defined in the TRsSim software. They follow many of the
sequence flow charts contained in Annex B of the ETSI ES 201912 document. To view a
specific setup, select its name from the drop-down list near the top of the window.

New setups are created by clicking the New button and then supplying the name of the
new setup. To delete a setup, select it from the Name drop-down list and then click the
Delete button.

The following figure shows the setup "B.1.3.1a Normal (TE Initiate)". It represents the
nominal situation of receiving a SMS message from the TE.

£ p Settings

ETSI - Protocol 2: Message Flow Setup

M ame: |B.1.3.1a Marmal [TE Initiate] j ﬁ% Mew | é Delete|

Data Layer Mode: ¢ Rules Based Flow @ Fiked Message Flow

Ewent [TE Action] | SM-5C Responze Delay Offzet
Connection[TE] T DLL-ES T[[naothing|] [ rizec
Tw DLLAMFO-MO  Tw: DLL-ACK T [Confirmid2g) 0 migzec
T« DLL-REL Tw DLL-ACKO[nothing]] 0 mzec
Timer 4 Expiry Digconnect 0 mzec

< >
E Delete Add Befare | Add After Edit

There are four event/action pairs listed for this setup. Each one is represented by a
separate line in the window. They function as follows:

e Event: Connection(TE): This event indicates that the TE has called the
SC and a voice path connection is established between the TE and the SC.
As the TE initiated the session, the SC assumes the role of protocol slave.
The corresponding action for the SC is to send the DLL-EST message.

e Event: TE Sent DLL-INFO-MO: Following the TE reception of the
DLL-EST message, it would normally send a DLL-INFO-MO message.
This DLL message contains a TL message with the contents of the short
message. In response to this event the SC sends a DLL-ACK]1 message.
The DLL message contains the "ConfirmMsg" TL message, which confirms
the reception of the SM.

e Event: TE Sent DLL-REL: Once the TE receives the SC's
acknowledgment message, it starts the process of ending the connection by
sending a DLL-REL message. The SC, in response to receiving this
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message sends an acknowledgement in the form of a DLL_ACKO message.
In this case, no TL message is contained within the DLL message.

e Event: Timer 4 Expiry: This timer starts when the SC finishes
transmitting a DLL-ACK message in response to the TE sending the DLL-
REL. Its expiry is used to signal the end of the SMS connection and
disconnect.

These four actions and the associated events represent the B.1.2 Connection
establishment, B.1.3 SM transfer, and B.1.4 Connection release sequence chart in the
ETSI ES 201 912 Annex B document.

All of the event/action pairs can operate in one of two different modes. They are either
Rules Based Flow or Fixed Message Flow. When using the rules based flow, the order
of events listed does not matter. Once an event is detected, its corresponding action is
taken regardless of where the event is in the list. For fixed message flow, the events must
be detected in the order they are listed. This is much more restrictive, but allows for
verification that the TE under test follows an exact message flow. If any event detected
is not in the list, or the events occur in a different order then a fixed flow violation is
issued which stops the SMS session. In the example above, the fixed message flow is
used. The two buttons above the list of event/action pairs are used to change the mode
setting.

The Delete, Add Before, Add After, and Edit buttons at the bottom of the window are
used to modify the event/action list. For example, selecting the second event with the
mouse and clicking the Edit button displays the following window. This window is used
to change any of the event/action settings.

A SMS Event Setup

Ewvent Tupe
SM-5C Action | Send DLL-ACKT [15h] Message |
teszage -
Contents |E0nf|rmMsg j
Faorced Ermor |Send without emors j

CS  Mark Mark Out

Dizconnect after
Bitz |300 |20 10 r sending message
[~ Send Phantorn Message Dielay Offset [meec) |0

[ Igrore Received Meszage Cancel | ak. |

The top selection in the window sets the type of event to detect. It can be any one of the
following event types:

e Connection TE Initiate: This event is triggered when the TE has dialed
the SC and the SC answers the call, creating a voice path connection.

e Connection SC Initiate: This event is triggered when the TE answers a
call from the SC by going off-hook, thus creating a voice path connection.

e TE Sent Complete Message: Indicates that the TE has completed sending
a DLL message to the SC that matches one of the following message types
(DLL-EST, DLL-INFO-MO, DLL-INFO-MT, DLL-INFO-STA, DLL-
NACK, DLL-ACKO, DLL-ACK1, DLL-ENQ, DLL-REL).

e TE Sent Segmented Message: Indicates that the TE has completed
sending a segmented DLL message to the SC that matches one of the
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following message types (DLL-INFO-MO, DLL-INFO-MT, DLL-INFO-
STA, DLL-ACKO, DLL-ACK1).

TE Sent Message with DLL Error: A message was sent by the TE, but it
contains a DLL error in which the checksum received does not match the
calculated checksum.

Timer 1 to 7 Expiry: This event is triggered if one of the seven timers is
triggered. Note that some of the timers are only applicable to the protocol
slave, while the rest are only applicable to the protocol master.

Nretry Counter Limit Exceeded: The retry counter is incremented under
two conditions. The first occurs when a DLL-INFO type message is
followed by a DLL-NACK message. The second occurs when a DLL-ENQ
message is sent without receiving a DLL-ACK. Once the counter exceeds a
specified limit it triggers this event.

Nwait Counter Limit Exceeded: The wait counter increments every time
an DLL-ENQ message is sent in order to maintain an active link. Once the
counter exceeds a specified limit this event is triggered.

DLL Error Counter Exceeded: Each time a message is received from the
TE with a DLL error, an error counter is incremented. If the counter
exceeds a specified value this event is triggered.

Just below the event type selection is a drop-down list box containing all of the possible
SC actions in response to the event. The SC actions to an event are summarized as

follows:

Do Nothing: The SC does nothing in response to the event.

Disconnect: This action causes the SC to disconnect from the TE and end
the SMS session.

Send Last Message Again: The last message sent by the SC is re-
transmitted.

Send Complete Message: The SC will transmit one of the following
message types: DLL-EST, DLL-INFO-MO, DLL-INFO-MT, DLL-INFO-
STA, DLL-NACK, DLL-ACKO0, DLL-ACK1, DLL_ ACKx, DLL-ENQ,
DLL-REL.

Send Segemented Message: The SC will transmit one of the following
segmented message types: DLL-INFO-MO, DLL-INFO-MT, DLL-INFO-
STA, DLL-ACKO, DLL-ACKI1, DLL_ACKXx.

Send Custom Message: The SC will transmit a message to the TE using a
custom FSK message script. This allows for any type of message to be

message Sscript syntax.

Note that the protocol 2 slave normally sends DLL-ACKO messages for even frame
counts and DLL-ACK1 messages for odd frame counts. In some circumstances it is not

possible to know at setup time which ACK message to use. In this case specify the DLL-
ACKx message type. Sending this message type uses the proper ACKO or ACK1

message based on the frame count.

If the action selected is to send a complete or segmented DLL message, additional
settings determine the payload of the DLL message along with other options.
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Mezzage "
Camiers | Confirmbdzg j
Forced Eror |Send without errors j

CS  Mark Mark Out :
Dizconnect after
Bitz |300 (80 10 r sending message

The first setting is used to select the contents of the DLL message. The drop-down list
includes the names of all the TL messages currently defined along with the entry
"(nothing)". The "(nothing)" selection is used in cases not requiring a TL message.

The second setting is used to force an error with the message being sent. The options are
either to send without error, or add 1 to the message length, subtract one from the
message length, add 1 to the checksum value, or subtract one from the checksum value.

Normally preceding the message data bytes are 300 channel seizure bits and 80 mark bits.
Also, following the message are 10 mark out bits. The three fields in the lower left
corner can be used to modify these values on a message by message basis.

The last option ends the connection with the TE after sending the message. Clicking the
mouse on the check box toggles this feature on and off.

Anytime a message is sent, the Delay Offset field is used to apply a positive or negative
time offset to the start of message transmission. The offset value is added to the default
frame delay value specified in the General Settings window. The resulting value is used
as the frame delay, which allows for adjustment on a message by message basis.

Finally, the Send Phantom Message and Ignore Received Message check boxes are
used in testing exception conditions.

If the specified action is to send a message, but the Send Phantom Message check box is
marked, then no message is sent. However all applicable timers will be reset as if the
message was sent. This option is used to simulate the situation where the TE does not
receive the SC's message.

In order to simulate the loss of a TE's message, click the Ignore Received Message check
box. If the event represents the reception of a message then the SC will act as if the
message was never received. None of the timers associated with message reception will
be reset.

6.2.4 Simplified Message Generation

In order to assist in the process of creating the TL messages, the TRsSim software can
display a "Message Generator" window. If the Sms Type selection is set to the ETSI
Protocol 2 setting, the following button is shown at the far right of the control panel
window.

(%]

Clicking this button displays the "Message Generator" window. The window, as shown
below, has four tabs from which various controls are accessed.

Contents Tab:

The "Contents" tab holds a large text box used to enter the contents of the TL message(s).
To send a message to an SMS capable TE, click the mouse anywhere inside the text box
and enter the message contents.
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Once the text box contains the characters to send, click the Build Message(s) button.
This starts the process of generating the TL message and optionally, the SMS Setup as
well. When complete, the total number of characters contained in the message is
displayed in the upper right corner. In the example below, the text "Hello World."
requires 12 characters to send.

A: SMS Protocol 2 Message Generator
l Settingz ] Advanced] TL Meszage(s) ]
ob| Media Type: | 00h (SMS) -l

Dizplay Information Parameter: # Characters/Butes: 12
Hello World.

Field Code Delimiters: Chrl+< , Chrl+», or 4 } Build Mezzagels]

Depending on the PC's keyboard and regional settings, not all of the GSM character set
may be accessible via the keyboard. To enter characters not available from the keyboard,
click the mouse on the GSM Character Map button as shown below.

af

This displays a window showing the GSM characters. As the mouse is moved over any
of the characters, its decimal and hexadecimal code is shown in the bottom left corner of
the window. Clicking on the button marked Extension, toggles the character map from
its default table setting to the extension table setting.

G5M Character Map [¥)
iy 0i|Plé|p
_JV1lAIQalg
@ "|2|/B|E|(b|r
TI#|3|C|S|c|=
AE|4|DT|d|t
O|% |5 E|T|le|u
& |6 |F|(V[f|=
PG W g w
({8 H X h =
IR R AN
Hix||J|Z|]|=
5] +|; |KE|A|k|&E
@ | E <|L|G|1|5
e|—|=|H|H|n &
AlR| |+ |H[T|n|id
S EEE
22 [16h]  Extention...

To enter any of the displayed characters into the Message Generator contents text box,
simply click the mouse on the character. For example, clicking on the highlighted
character in the above window adds the text:

«22»
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The number 22 is the decimal value for the selected character. The « and » characters are
used as delimiters for field codes. These delimiter characters can be manually entered by
pressing the CTRL < and CTRL > keys on the keyboard. Any character code from 0 to
127 can be entered into the text message by either clicking on the character in the GSM
character map, or manually entering the field code. To enter multiple characters in a field
code, separate each one with a comma. For example, the € character is represented by
the following field code:

«27,101»

The first value of 27 is used to specify that the next character is using the GSM extension
table. The second value of 101 is the code for the € character within the extension table.
Character values must range from 0 to 127 and can be specified either as a decimal
number or as a hex value (Oh to 7Fh). Append the letter 'h' to hex values.

The Media Type drop down list determines the contents of the Media Identifier
parameter. By default it is set to '00h (SMS)'; however, it may be changed to either '02h
(E-mail)' or '06h (Data)'.

As not all character fonts support all of the various international characters in use today,
the font used to enter the message text can be changed. Double clicking the mouse
anywhere inside the message contents text box displays the font selection window.

Font Selection

[ Right-to-Left text entry Cloze

By default the Courier font is used to display the text characters. However this may be
changed to any font installed on the PC. Alternate fonts may support certain characters
that can not be displayed with the Courier font. The font selection is remembered by the
TRsSim software the next time it is executed.

Settings Tab:

The "Settings" tab contains a number of controls used in specifying various details of the
TL message created. At the top of the window is the TL Message Type selection. The
Message Generator window creates one of two different message types. The default
setting is the DELIVER. This is used for sending messages from the SC to the TE. This
may be changed to SUBMIT for sending messages from the TE to the SC. As the AI-80
or the AI-7280 emulates the SC, the SUBMIT PDU is not normally used.

Contents ngSl Advancedl TL Message[&]l
TL Message Type: | DELIVER (SC To TE) |
Mon Day Hr min s G
. ze System
Date & Time: v Time
Calling Line Identity: |12345678 |
[ Calling Terminal: | J I
[~ Replace SM: | J
[~ Public Key:

Finvaare Wersion: 00000000k 0000k
SkS Provider: 00k Q0h 00k
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The remainder of the settings determine if additional parameters are contained within the
TL message and what their contents are.

The Date/Time parameter is always included in the TL message. By default its value is
the same as the PC's system time. The Calling Line Identity parameter can be set to any
text string, or by selecting 'Not Available' or 'Private' from the drop-down list, the
Absence of CLI parameter is sent.

Optionally, the Calling Terminal, Replace SM, and Public Key parameters are included
in the TL message if the corresponding check box is marked.

The last two fields are used to specify the contents of the Firmware Version and SMS
Provider parameters. Both of these parameters are always included in the TL message.

Advanced Tab:

When the Message Generator window builds the TL message and SMS setup, it uses the
names defined in the "Advanced" tab. The default name used is "Message Generator".
To change this setting, click the button to the right of the displayed name. This displays a
dialog window from which a new name is entered.

Contents ] Settings l TL Mezzage(z) l

TL Message Name(s): |Message Generator J

Setup Mame: [Message Generator

|z Default SMS Setup: v

If the Is Default SMS Setup setting is checked, then the AI-80 or AI-7280 is
automatically updated with the new message contents or settings. Otherwise, the created
SMS setup must be selected by clicking the Setup button on the main control panel.

TL Message(s) Tab:

The forth tab within the Message Generator window displays each byte of the TL
messages created. The following figure shows an example of the first few bytes of a TL
message.
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Contents | Seftings | Advanced TLMESSEQE[SJ'

Lenath: BE

Aedia Identifier
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7. Signal Analysis & Generation

The TRsSim software operates in one of two mutually exclusive modes. The first is the
PSTN Emulation mode which provides the dialing, ringing, Caller ID, and SMS
functionality. The second is the Signal Analysis & Generation mode. This mode
presents a flexible method of generating various signals and performing different types of
measurements.

Changing modes is accomplished by clicking the Mode button on the main control panel.
The two modes are displayed on the list below the button, from which a selection is

made.
']'I'; Mode, .,

PSTH Ermulation

Signal Analysis and Generation

Selecting the Signal Analysis and Generation mode causes two new buttons to appear to
the right of the Mode button. Called Measure Signals and Generate Tones, they change
the displayed controls according to the selected function.

The following sections provide more information on how the signal analysis and signal
generation functions operate.

7.1 Signal Measurements

Clicking the mouse on the Measure Signals button displays the measurement panel. The
AI-7280 supports five different measurement types. The AI-80 supports two. They are
either the wide band signal level measurement or DTMF frequency and level
measurement. To change the current measurement type, click the Measurement button
followed by the measurement selection.

THDA+M

DTMF Frequency and Lewvel
DTMF THDH-M

Pararmeker Sweep

For all of the measurement types other than "DTMF Frequency and Level", various filters
may be applied to the readings. One of nine different filter shapes can be selected by
clicking the mouse on the Filters button. They are:

e Low Pass Filter: Butterworth 4th Order (*)
e High Pass Filter: Butterworth 4th Order (*)
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e Low and High Pass Filter: Each Butterworth 4th Order (*)
e Band pass Filter (*)

e Notch Filter (*)

e Dual Notch Filter (*)

e DTMF Low Pass Filter

e DTMF High Pass Filter

e (C-Message Weighted Filter

e ITU O.41 Psophometric Filter

Filter types marked with (*) have adjustable corner or center frequencies. If these filters
are selected, a text box appears to the right of the filter selection with the corner or center
frequency. To change the frequency, simple enter a new value and press Enter.

| Fikes T B
LPF{Eukt-4th)
HPF{BUtE-4th)
LPF+HPF{Butt-4th)
Bandpass
Maokch
Dual Motch
DTMF LPF
DTMF HPF
C-ressage
Il O 41

Note that the measurement filters are only available with the AI-7280 Central Office Line
Simulator. The AI-80 is unable to support any pre-measurement filters.

7.1.1 Signal Level Measurement

The wide band signal level measurement simply displays the current RMS signal level
present on the tip and ring interface. Five different units can be chosen by clicking the
units button. These are either dBm, dBV, mVrms, dBr, and %. The last two units
display readings are relative to a reference level. The reference level can be set to the
current level by clicking the Ref button.

6.7 dBm Sl Fei- 1000 Vims

1000.0 | Hz

In addition to signal level, the AI-7280 displays the signal frequency if sufficient level is
present. In the above example, a 1000 Hz tone of -6.7 dBm is being detected by the Al-
7280. If the AI-80 is used, no frequency measurement is displayed, as the AI-80 is
unable to support this reading.
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7.1.2 Signal Distortion Measurement

This measurement mode displays the Total Harmonic Distortion plus Noise (THD+N)
reading. The value displayed can be expressed in one of three different units. They are
percentage, dB, or mVrms. If percentage or dB units are chosen, the reading is a ratio of
the harmonic distortion level plus noise level to the total signal level measured. Selecting
the mVrms units, returns the level of the harmonic distortion products plus noise level.

In addition to the THD+N reading, the frequency of the signal is displayed.

10000 | Hz ZnﬁutDNntchT:r;e

By default, the Auto Notch Tune check box is enabled. This causes the meter's notch
filter to automatically adjust itself to the measured frequency. If the signal frequency
changes, the notch filter position also changes to match. In situations with large amounts
of noise or distortions the frequency reading may become erratic or unstable. This may
cause the notch filter to continually change settings and effect the stability of the THD+N
measurement. For these cases, it is best to turn off the Auto Notch Tune setting and
manually enter the notch filter frequency.

Note, the AI-80 does not support this measurement mode.

7.1.3 DTMF Level & Frequency Measurement

The DTMF measurement type displays the row and column frequency and level of any
DTMF tones present at the tip/ring interface. The level readings are always continuously
updated; however the frequency measurement is only displayed if sufficient level is
present. A minimum of -26 dBV is required (per tone) for the frequency reading. If the
row and column frequencies correspond to a valid DTMF digit, the digit code is shown in
addition to the frequency error (as a percentage).

dBm

R -- -0.00 Tatal -2.0 I

Colurm

As with the wide band signal level measurement, five different units can be chosen by
clicking the units button. For use with the relative dBr and % units, the reference level is
set to the current level by clicking the Ref button.

7.1.4 DTMF Distortion Measurement

This measurement mode displays the Total Harmonic Distortion plus Noise (THD+N)
reading for a DTMF digit. Unlike the Signal Distortion Measurement, this reading uses
two notch filters instead of one. They remove the fundamental frequency component of
both the row and column tones for the DTMF digit. The value displayed can be
expressed in one of three different units. They are percentage, dB, or mVrms. If
percentage or dB units are chosen, the reading is a ratio of the harmonic distortion level
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plus noise level to the total signal level measured. Selecting the mVrms units, returns the
level of the harmonic distortion products plus noise level.

¥ Auto Hotch Tune
52 /1209 Hz

Digit

B

If the Auto Notch Tune check box is enabled, the two notch filters are automatically
adjusted to match the proper DTMF row and column frequency. In the above example,
the DTMF digit 7 is detected. This causes the notch filter to adjust to 852 Hz and 1209
Hz for the row and column frequencies respectively. If the check box is disabled, then
the notch filters can be manually adjusted by selecting the DTMF digit from the drop
down list box at the right. The first selection in the drop down list is a blank entry. If it
is chosen then the row and column frequencies can be directly modified by clicking the
mouse on the text box and typing the new notch filter values followed by pressing Enter.

Note, the AI-80 does not support this measurement mode.

7.1.5 Parameter Sweep Measurement

This measurement mode provides a simple means of sweeping a source parameter and
measuring its effect. The measurement panel consists of a number of controls used to
define the parameter sweep. In the example below, the AC signal level is measured
while a tone starts at 50 Hz and proceeds to 10 kHz using logarithmic steps. Fifty
measurement readings are taken with a dwell time of at least 100 ms for each point. The
small graph to the right shows the results of the parameter sweep.

Meazure: |Ac Level j
Source: | Frequency vI

Start / Stop: 50.000 1000000
[Hz] W Log Sweep
# ptz / dwell: 50 4100 mg

Since the C-message filter was selected for the above example figure, the measurement
graph displays the filter shape.

The controls used to configure the parameter sweep are as follows:

e Measure: This drop down list selects what measurement is made for each
data point. They are as follows:

o AC Level: Measures the AC signal level in units of dBV. Any of the
nine available filters may be enabled for this measurement.

o AC Level with Tracking Filter: Measures the AC signal level in units
of dBV. In addition, the band pass filter is enabled and tracks the
frequency of the source tone.

o DC Voltage & Current: Measures both the telephone interface line
voltage and loop current.

e Source: This drop down list selects what parameter is swept over the
specified start to stop range. They are as follows:
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o Frequency: Adjusts the frequency of a tone. The start and stop values
are specified in units of Hz within the range of 20 to 18000 Hz. The
level of the tone is specified by the level setting for Tone A in the
Generator panel.

o AC Level: Adjusts the AC signal level of a tone. The start and stop
values are specified in units of Vrms within the range of 0 to 4 Vrms.
The frequency of the tone is specified by the frequency setting for Tone
A in the Generator panel.

o Line Voltage: Adjusts the telephone interface line voltage. The start
and stop values are specified in units of volts within the range of 15 to
55 Volts.

o Loop Current: Adjusts the telephone interface loop current. The start
and stop values are specified in units of mA within the range of 15 to
55 mA.

Log Sweep: If this control is checked then the source parameter is adjusted
in equal logarithmic steps. Otherwise the source parameter is adjusted in
equal linear steps.

Start Value: Sets the initial source parameter value. The units for this
value depend on the Source setting.

Stop Value: Sets the final source parameter value. The units for this value
depend on the Source setting.

Number of Points: Sets the number of measurements to perform. This
value must range from a minimum of 1 to a maximum of 1000.

Dwell Time: This parameter sets the minimum amount of time to wait
between changing the source parameter to performing the selected
measurement. If the Measure setting is AC Level the TRsSim software
will automatically check to ensure the reading has settled before changing
the source parameter to the next value.

To start a parameter sweep, click the Go button. As the sweep if progressing, clicking
the displayed cancel button terminates the sweep.

The data collected after a parameter sweep can be viewed by the Data Recorder window.
To display the window, select the View menu followed by the Data Recorder command.
Sweep data is displayed in either a graphical or tabular form by clicking the More button
followed by the desired output format. This can be either as a graph or a listing of
measurement values.
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E! Data Recorder 1: [A] AI-7280 €O Line Simulator

§82 Dialing I'Caller i} |i}' SMS | ¥= Maore... I T Options |

AL Level vs. Tone Frequency

0.0 48

-20.0 dBy

-30.0 8%

-40.0 dBY

50.0 dBY

-60.0 dBY

SF0.0 dBY

1000 Hz

Following every parameter sweep, all of the measurement values are written to a text file.
This file is stored in \trssim\log directory under the name of ParamSweep.txt.

Note, the AI-80 does not support parameter sweeping.

7.2 Signal Generation

To generate tones, DTMF, FSK, or other signals, click the Signal Generation button.
This changes the bottom half of the control panel, showing various controls used to
generate signals. The control panel has six tabs which are used to select the signal type
or action to perform.

To immediately terminate any of the signals generated (tones, DTMF, FSK, noise,
ringing) press the Stop button.

It is important to note that for all signals generated, except ringing, the TRsSim software
applies a correction factor as determined by the Line Impedance setting and the
Termination Impedance setting. Both of these parameters can be changed in the General
Settings window. In addition, the unit system used for signal levels is also controlled by
the General Settings window. The default units are 'dBm'; however, they can be changed
to either 'dBV' or 'mVrms'.

7.2.1 Generating Tones

The Tones tab provides a means to generate various signals using up to four single
frequency tones for the AI-7280 and two tones for the AI-80. The frequency and level
for tones A, B, C, and D are independently specified in the appropriate fields shown
below. Clicking the Active check box enables or disables the tones. Optionally, a
pattern can be applied to the tones. If the Apply On/Off Pattern check box is selected,
then clicking the Start button enables the tone generator(s) using the specified pattern.
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‘Tones | DTMF | Fak | Moise| Ringing | More |

Active Freq[Hz) Level [dBm]  Apply On/Off Patten [
Tone A [ 10000 7.8

TonsB | 4400 -17.8
ToneC [ 3500 7.8

ToneD [ B200 7.8 4 J

For information on how to specify patterns, see: {Appendix A: Pattern Definitions on

page 101}

7.2.2 Generating DTMF

The DTMF tab provides a simple way to generate standard DTMF tones. Clicking the
mouse on the DTMF keypad starts or stops the selected digit. The total signal level and
twist of the generated tone is set by the Level and Twist text fields. In addition, a
frequency error can be applied to both the row and column tones. Its setting must range
from between -10% to +10%. An alternate method to generating DTMF digits is to use
the DTMF String field. Up to 60 DTMF digits can be generated at once by clicking the
Go button. The duration and pause time of each digit is determined by the value
contained in the On/Off Time field.

Level -17.8  dBm
ﬂﬂﬁ ﬁ Twigt 0.0 dB
Freq. Emor 0.0 &
ﬂ On/0ff Time 100 100 TMEes

cl
#| D|  DTMF Sting 5551234 6o |

7.2.3 Generating FSK

The FSK tab allows access to the AI-7280 or AI-80 FSK generator. All of the key signal
parameters such as baud rate, mark/space frequency and level can be specified. Selecting
the Use Twist check box provides an alternative means to specifying the FSK level by
using total and twist instead of mark/space level.

The generator operates in one of three different modes as set by the Mode selection.
They are either single shot, continuous, and hold last bit. In single shot mode, all of the
data specified is sent once and then the FSK generator turns off. In continuous mode, the
FSK generator repeats sending the data until the Stop button is pressed. If the hold last
bit mode is selected, the FSK data is sent once but the last data bit is stretched
indefinitely. So if the last bit is a mark bit, a continuous mark tone is generated after the
last bit. Likewise if the last data bit is a space bit a continuous space tone is generated.
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l Nuise] Hinging] Mnrel

Baud Rate 12000  bps Mode | Single Shot -

Mark Freq 12000 Hz

Space Freq 22000  Hz Data |Alernate Bits -

Mark Level -17.8 dEm Mumber of bits to gend:
Space Level -17.8 dEm an

Use Twist [ Go

Tones | DTHF ||

The data sent by the FSK generator is determined by the Data drop-down list selection.
This can be either all mark bits, all space bits, an alternating pattern of space and mark
bits, a user definable pattern, and FSK message script, or any of the currently defined
Caller ID or SMS messages.

Mode |Single Shot -
Data |Alernate Bits -

N e

. [hale bits L
er Defined
Message Script

CID: Telecordia

CID: ETSI
s

S5 ETSI[PT)

SMS: ETSI[PZ) v

If User Defined is selected, the FSK data stream can be made up of ASCII text, decimal
numbers, hexadecimal numbers, or binary bits. An example of a data stream is:

6Ch "abcd" 255 101b

This generates a FSK bit stream starting with a byte value of 6Ch (or 108 decimal), the
next four bytes representing the ASCII characters "a" to "d", then another byte of value
255 (or FFh), and finally the bit 1 followed by 0 followed by 1. All of the bytes sent are
preceded with a single start bit and end with a single stop bit. Byte values are also sent
with the least significant bit first.

format.

The CID and SMS selections allows the generation of any Caller ID message or SMS
message currently defined.

7.2.4 Generating Noise

The forth tab Noise, provides a simple means to control a wide band white noise
generator. By clicking the Enable check box the noise generator is toggled on and off
using the specified level.

Tores | DTMF | Fsk i | Ringing | More |

Enable [

Moize Level -17.8 dBm
[Wide band level]
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7.2.5 Generating Ringing

The fifth tab Ringing is used to control the ringing generator. To create a ringing pattern,
simply enter the desired level, frequency, and pattern followed by clicking the Go button.

Tones | DTMF | F5K | Weise | Ringing | More |

Level B0O.0 Wiz
Frequency 22.0 Hz
DC Waltage 43.0 W

Pattern 2000-4000-F On - Off time
msec

Wwaveshape | Sine - Go

Note that the AI-80 does not support an adjustable DC voltage or wave shape for ringing.
As such these controls are disabled when using an AI-80.

7.2.6 Additional Operations

The last tab More can be used to perform a few additional operations. These are:
e  Generate an OSI (open switching interval) for a specified duration.
e  Generate back-to-back line reversals with a specified time interval.

e Execute a custom script.

Tores | DTMF | FSK | Moise| Ringing  More

Action |Generate sl J

[Back-to-Back LA
Cuztom Script

Duration 300 ms Go

Generate Open Switching Inter
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8. Additional Information

8.1 Hardware Setup

The Device Setup & Configuration window displays the current state of the AI-7280's or
other Advent products connection to the PC. Selecting the Configuration menu
followed by Device Setup command opens this window..

As shown below, the window is divided vertically into a listing of available devices (left
side) and selected devices (right side).

2 Device Setup & Configuration

Available Devices: Selected Devices:

AFTZE) 2 o ag

SM120000 (na devices have been selected)

]
ALSB20 2 o

SN143501

Search Serial COM Port
1~ 34 Seach

Cloge

Available devices connected via USB are automatically displayed. However for devices

connected via a RS-232 serial port, they must be discovered manually by clicking the
Search button.

The TRsSim software supports up to four simultaneously selected devices. To add
available devices, simply click the Add button for the desired device. As devices are
added, each is assigned a device letter from A to D. This letter is used to identify each
device for scripting purposes.
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4% Device Setup & Configuration

Available Devices Selected Devices:
Al-5620 & = add 'A' PSTN Emulation
SH145301 "
Options: o Advanced Caller 1D Generation

(— ——— "[ o SMS Service Center Emulation

= ]

Al-7280 Central Office Line Simulator
r SH120000  [hiw: 100 sfwe 401
Search Serial COM Port T &=l

& Connected [via LSE]

1 % 33Search

E Remove 48k Change +

Initialization Complete Cloge

To remove a selected device, simply click the device's Remove button.

Clicking the Change button displays a menu of options for enabling optional components
or changing the letter assigned to the device.

iﬁ Change |+
w2 Enable Optional Companents...

Set az device ‘B’

Set az device T’

Lo

Set a3 device D'

For each selected device, the window displays the device model & name, serial number,
firmware and hardware versions, connection status, and what options (if any) are enabled.

When exiting the TRsSim software, it remembers which devices it was connected to.
Thus when re-starting the program it attempts to connect with the same devices. If a
device is missing or can not be found the Device Setup & Configuration window
indicates that no connection was established with the device. Clicking on the Connect
button attempts to find the unit again, while clicking on the button with the information
icon displays why the attempt to find and connect to the unit failed.

'A' PSTN Emulation

Dptions:  o#" Advanced Caller D Generation
o SMS Service Center Emulation

Al-7280 Central Office Line Simulator

® Mo Connection

3 Remave b Connect
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8.2 Enabling Optional Features

Depending on the connected device, various optional components may be available. The
TRsSim software uses license keys for enabling these functions. Each key is linked to a
specific device (ie. AI-5620, AI-7280) and may not be available if a different device is

connected to TRsSim.

To enable optional components for a device, open the Device Setup & Configuration
window by clicking on the Configuration menu followed by Device Setup command.
Then click the Change button which displays the following menu.

i§ Change |+
w2 Enable Optional Companents...

Set az device ‘B’

qH

Set az device T’

& Setasdevice D'

Selecting the Enable Optional Components menu item then shows the following
window. Enter the license key provided in this window to enable the optional
components.

== Add license Key E
Al-7280 Central Office Line Simulator
S ———, Serial Mumber: 5120000
| ——-— -- 1 FRequie license key to connect
L] with this device.
e

|LPP |.|555|J4 |.|J|:N|Ju |.|225 |.|HEAEN|

Rl

Once the new key has been entered the window closes and the Device Setup &
Configuration window displays any changes to the optional components.

'A'" PS5TN Emulation

Options: o 4 dyanced Caller 1D Generation
& SMS Service Center Emulation

Al-7280 Central Office Line Simulator
SN120000  [héw: 1.00 sfw: 4.01)

n &% Connected [via LISB)

4 Remove ¥ Change -

Options that are enabled are listed with a green check mark, while options not enabled are
shown with a red 'X".
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8.3 Signal I/O Options: Al-7280

The Signal I/O window controls the AI-7280's signal flow settings. Selecting the
Configuration menu followed by the Signal I/0 Options command shows a window
similar to the following figure.

The various controls are grouped into three tabs. They are "Signal Routing", "Telephone
Interface", or "Digital Out".

The Signal Routing tab is used to selected what if any signals are routed to the rear panel
BNC output connector, and the source of all signal measurements.

% Signal 170 Options @

Al-7280
Signalﬂoutihg] Telephnnelnt.] DigitaIDut]

BHC Dutput
Signal Source |fo j
0.o Gain [dB)
[ tdute for Tepe |l CID
Signal Meazurement [~
? Source |T'|3"'IH"'1El j

The BNC output connector can be used to monitor signals from various points. They are:
Tip/Ring, Telephone Interface Receive, BNC Input Connector, Internal
Tone/DTMEF/FSK generator, Telephone Interface Transmit, Output from signal meter
(following any enabled filters), and THD+N meter output following notch filters. A gain
(or loss) can be applied to the BNC output signal by entering a value in the Gain field.
Additionally, the signal routed to the BNC output can be muted during a Type II (off-
hook) Caller ID transmission.

The Signal Measurement Source drop-down list selects the source point for
measurements as one of the following: Tip/Ring, Telephone Interface Receive, BNC
Input Connector, Internal Tone/DTMF/FSK generator, and Telephone Interface Transmit.

The Telephone Interface tab is used to change the signal source for the telephone
interface along with specifying its balance impedance.

The source of the telephone interface transmit signals are normally the AI-7280's internal
Tone/DTMEF/FSK signal generators. Optionally the signals present at the BNC input
connector can be routed to the telephone interface as well. This provides a means of
adding impairment signals or specialized tones. As with the BNC output, the BNC input
may be muted during a Type II (off-hook) Caller ID transmission.

Signal Routing tl Digital Dutl

Signal Source for Telephone Interface:
Signal Generatar v

BMC Input [ Gain oo dB
kute BMC Input for Type || CID [

Tel Int. Balance
Impedance EO0 akmz -

The Balance Impedance setting is used by the AI-7280 only when routing the telephone
interface receive signals to the BNC output connector or to the measurement meter. In
order for the AI-7280 to separate the receive signals (sent from the TE), from the signals
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transmitted by the AI-7280 the balance impedance setting must match the load
impedance of the connected TE.

The last tab, Digital Out specifies the function of the three digital outputs present at the
rear panel terminal block. All of the outputs A, B, and C can be set either to a logic low
or high state. Additionally, output A can be set to mirror the hook state of the TE. In this
mode, when the TE goes off-hook, output A changes to a high state. Accordingly when
the TE goes back on-hook, output A changes to a low state. Output B can be set to
mirror the output of the FSK decoder. When detecting mark signal (or no signal at all),
output B is high. If a space signal is detected, output B changes to a low state.

t]

Signal Fioutingl Telephone [nt.

Fiear Panel Digital Output Function

Out A OutB Out C

|Low j |Low j |Low j

8.4 Signal I/O Options: AIl-80

The Signal I/O window controls the AI-80's signal flow settings. Selecting the
Configuration followed by Signal I/O Options menu command shows a window similar
to the following figure.

¥ Signal 170 Options @

Al-80
Telephone Interface Port + & B

Enable Line Monitoring Speaker [

Speaker Volume

10 Module:  [not ingtalled)

The two top buttons allow either the telephone interface port A or B to be used while the
check box just below enables the built-in speaker for monitoring the telephone line. If
the AI-80 is equipped with an I/O module, the BNC input connector can be used to inject
signals onto the telephone line. In addition the BNC output connector can be used to
monitor various signals by the selection of the drop-down list box.

8.5 Stand Alone Al-80 SMS Programs

The TRsSim software can create a stand alone program for the AI-80 using the current
SMS settings. This is useful if the AI-80 needs to operate without a PC for SMS testing.
Before a program can be created, a SMS type and setup must be selected. Then by
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choosing the Configuration and Create AI-80 SMS Program the following window is

displayed.
=+ Create Al-80 Stand Alone SMS Program @

{.General;

Optiors l Advanced l

The current SMS zettings are used to create a stand alone program
for the &/-80. The program can be configured for either the TE to
call the SM-5C or the SM-5C to call the TE uzing the current Caller
1D zettings.

" wiait for TE to call SM-5C
* 5M-5C to call the TE

Program Title: ETSI Protocal 1: Standard Operation

Program Mumber: |B00 - I Save Program to Flash

Create Program | Cloze |

The AI-80 program created either sends a SMS message by calling the TE, or waits for
the TE to send a SMS to it. This is determined by selecting one of the two buttons shown
above. The controls near the bottom of the window are used to set the program name
along with the program number. If the Save Program to Flash checkbox is selected, the
standalone program is transferred to the AI-80's flash memory. In either case it is stored
as the file "TRs_SMS.apf" in the same directory as the TRsSim software. The file can be
loaded into the AI-80's flash memory at any time using the A.I. WorkBench software.

The Options tab displays a few controls used for modifying the program created.

i .-’-'«dvanc:edl

™ Enable R5-232 Data Recording

| Dizable Type | [aff-hook) Caller 1D Suppart [¥1)
I Do not included TR=Sim PEM program [*2)

[ Do not modify telephone interface settings

I Do naot modify signal 10 settings

*1; Sawes program memory gpace by not including Tvpe |l CID

*2. Saves program memary space. Do not enable unless the
Al-80 1z configured to operate with the TR =Sim software.

If the Data Recording option is enabled, the AI-80 outputs data from its RS-232 port
during a SMS session. A special program called SmsMonitor is freely available from the
TRsSim installation CD or our web site that decodes the data output. It shows the
contents of any SMS messages sent by the TE.

The second check box, if enabled, eliminates the Type II Caller ID program script if the
SM-SC is calling the TE. This reduces the program size and saves memory in the AI-80's
flash memory. The third option also reduces the program size by sharing a file in the Al-
80's flash memory with that used by the TRsSim software. However this option should
only be selected if the AI-80 is enabled to use the TRsSim software.

Normally the program created will configure the AI-80's telephone interface settings and
signal I/O settings to match the current TRsSim settings. However, by enabling the forth
and/or fifth check boxes, the SMS program created will not change the AI-80's telephone
interface or signal I/O settings respectively.
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Note, in order for the AI-80 stand alone program to function correctly, the AI-80 must be
equipped with the FSK decoder option. This option allows the AI-80 to decode FSK data
when not connected to the PC and running the TRsSim software. If this option is present
within the AI-80, it briefly displays "SO 1" during power up. If the option is not present
then running the SMS program causes the display to show "n/a".

8.6 Stand Alone Caller ID Programs

The TRsSim software can create stand alone programs for either the AI-7280 or AI-80
using the current Caller ID settings. These programs can be executed on either the Al-
7280 or AI-80 without the TRsSim software. For the AI-80, the Caller ID programs are
accessible from the front panel controls, while for the AI-7280, the DLL can be used to
load and execute the program. Before creating a program, ensure that the Caller ID type,
signaling, and message settings match the desired configuration.

By selecting the Configuration menu, followed by the device (AI-80 or AI-7280) and
then the Create Caller ID Program command, the following window is displayed.

#F Create Stand Alone Caller, ID Program @

Optionz l gdvancedl

Caller ID Tupe: Signaling Sequence Mame:
* Type | [on-hook] |F|F'-.-’-‘x5 Before D ata [Ring)

" Type |l [off-hoak) |DT-.-’-‘~5 Wit for ACK,

Program to Execute On: |AI-E¥D Caller ID Signal Generator ﬂ
Program Title: FSK-ETSI: Calling Mame and Mumber

Program Mumber: (500 - [

Create Program | Cloze |

From the General tab, the Caller ID type must be selected from either Type I (on-hook)
or Type II (off-hook). By then clicking the Create Program button, the current Caller
ID settings are converted into a program file. The program file "TRs_CID.apf" is located
in the same directory as the TRsSim software. It can be loaded into the AI-7280's or Al-
80's flash memory by using the A.I. WorkBench software. Alternatively, by enabling the
Save Program to Flash check box the TRsSim software automatically writes the
program into the target device's flash memory.

The Options tab displays additional settings used to modify the Caller ID program
characteristics.
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Advanced

General ,_D_

[ Do not modify telephone interface settings

[ Do not modify signal 120 settings

Upor program completion [A1-80 only]:

{+ Restart Program Launcher
" Run program number; Marrnal; 500 Failure: 500
[ 1f o ACK. detected, display 'FAIL' and wait for keypress

Normally the program created will configure the AI-80's or AI-7280's telephone interface
settings and signal I/O settings to match the current TRsSim settings. However, by
enabling the top two check boxes, the Caller ID program created does not change the
device's telephone interface or signal 1/O settings respectively.

Only for AI-80 targeted programs, the remaining settings determine what action to take at
the end of the Caller ID program. If the program does not detect the TE's ACK tone for
Type II (off-hook), it can display 'FAIL' on the front panel and wait for a key press. In
addition, different programs can be executed once the Caller ID program finishes
depending on if the ACK tone was detected or not.

8.7 SMS Message Submit via UCP/TCP/IP

The TRsSim software can be configured to accept UCP messages via a TCP/IP
connection. These UCP messages are then converted into the SMS DELIVERY
messages and sent to the connected TE via the current SMS settings.

In order to enable this operation, select the Configuration menu, followed by the
connected device, and then the SMS Message Submit via UCP/TCP/IP command. This
displays the following window:

T SMS Message Submit via UCP/TCP/IP X

|| Meszzage Log ]

Settings
| Enable UCR/TCRAIP Connections

v Confirm Prior ko Accepting Connection
Acceptable (P &ddress: 575 [Any) ﬂ
Jze TCP Port Mumber: 1001

Status

Connection @ Clozed
Connected to @ n/a

HMzgRev'd : 0 B Mzg Proceszed: 0

Cloge

By enabling the TCP/IP connections and setting the desired IP address and port number,
the TRsSim software begins listening for UCP messages. The Message Log tab records
changes in the TCP/IP connection status and the contents of any UCP messages received.
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Appendix A: Pattern Definitions

The TRsSim software uses a special notation for defining signal patterns. These patterns
are used to control the ringing and tone generators for various applications.

The TRsSim software uses a special notation for defining signal patterns. These patterns
can be used when generating tones or broadband noise.

A pattern is simply defined as a series of one or more commands. If more than one
command is used in a pattern it must be separated by a dash ("-") character. The
following list describes all of the commands supported.

<duration>: Tone On or Off Duration:

Where <duration> is an integer value between 1 and 1000000 in units of
milliseconds. The first occurrence of <duration> turns on the tone for the stated
duration, while the second occurrence turns off the tone for the stated duration.
Subsequent commands repeat this on/off sequence.

R[<label>]|[<loop>]: Repeat Block:

This command repeats a block of commands. The number of times to loop is set
by the optional integer value <loop>. If <loop> is present, it must be in the
range of 1 to 1000000. If not specified, then the command block is repeated
indefinitely. Optionally a <label>, composed of only letters, may be included in
the command. If a <label> is specified, the repeat block starts at the marker
command with a matching M[<label>]. If no <label> field is supplied, then all
the commands from the last R[<loop>] or M command are repeated.

M|<label>]: Block Marker:

This command delimits a block of commands. It is used in conjunction with the
R[<label.][<loop>] command to set the repeat range. The optional [<label>]
field is used to link this marker with a repeat command using the same label

ON: Forces the tones/noise on.

OFF: Forces the tones/noise off.

STOP: Stops the pattern execution.
F[<tone>|<operator><value>: Adjust Tone Frequency
L[<tone>]|<operator><value>: Adjust Tone or Noise Level

The above two commands are used to modify either the frequency or level of a
tone. For the noise generator, only the level may be modified.

The optional <tone> field determines which tone(s) is modified. For example, if
'AB' is specified, then tones 'A’ and 'B' will be modified. If no <tone> field is
specified, then all tones associated with the pattern will be modified. For the
noise generator, this field is not used.
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The <operator> field determines how the frequency or level is to be changed.
The valid operators are:

= Set new frequency/level to <value> (units of Hz or Vrms)
+= Increment frequency/level by <value> (units of Hz or Vrms)
-= Decrement frequency/level by <value> (units of Hz or Vrms)
*= Multiply frequency/level by <value> (units of Hz or Vrms)
/= Divide frequency/level by <value> (units of Hz or Vrms)
+dB= Increase frequency/level by <value> dB

-dB=  Decrease frequency/level by <value> dB

Examples of patterns:

500-700-500-3000

Turn signal on for 500 ms, then off for 700 ms, then
on for 500 ms, and finally off for 3 seconds.

100-100-R9-ON

Turn signal on for 100 ms and then off for 100 ms.
Repeat this 9 additional times and then turn the
signal on indefinitely. This pattern is commonly
used for stutter dial tone.

2000-4000-R

Turn signal on for 2 seconds, then turn signal off
for 4 seconds. Repeat indefinitely.

100-150-R5-2000-1000-M-50-25-R10-ON

Generate 6 cycles of 100 ms signal on followed by 150
ms signal off. The turn on signal for 2 seconds and
then off for 1 second. Then generate 11 cycles of 50
ms signal on and 25 ms signal off. Finally turn the
signals on and stop the pattern.

1000-500-L+dB=1.5-R9

Turn signal on and wait 1000 ms, turn signal off and
wait 500 ms, increase tone level by 1.5 dB, repeat 9
more times.

F=500-M-1000-F+=500-R9

Set tone frequency to 500 Hz, turn signal on and wait
1000 ms, increase frequency by 500 Hz, repeat the
delay and frequency increment 9 more times.

FA=1000-MA-LA=1-LB=1-MB-100-LB-DB=3-RB19-FA*=1.2-RA9

This complex pattern has two nested loops. The inner
loop 'MB' to 'RB19', Sweeps the level of tone
generator B down in twenty 3 dB steps, once every 100
ms. The outer loop 'MA' to 'RA9', Sweeps the
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frequency of tone 'A' by increasing it by 20% through
each of the 10 loops.

The pattern can be read as follows: Set tone A
frequency to 1000 Hz, mark start of loop 'A', set
level of tone A to 1 Vrms, set level of tone B to 1
Vrms, mark start of loop 'B', turn on tones and wait
100 ms, decrement tone B level by 3 dB, repeat from
marker 'B' 19 more times, increase tone A frequency
by 20%, repeat from marker 'A' 9 more times.
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Appendix B: FSK Message Script

A form of scripting language is used by the TRsSim software to create FSK messages.
Though its use is not required, any Caller ID or SMS TL message can be specified with
this scripting language. It gives a large degree of control regarding the exact bit pattern
generated by the FSK modulator. This is very useful for testing a TE's exception
condition handling, as the messages can contain non-standard data formats.

Each line of the message script must either contain a command, comment, or be blank.
The FSK message script commands are not case sensitive and comment lines must start
with the "*" character.

The supported commands within a message script are as follows:

STOPBITS (n)

Sets the number of stop bits added after each data byte sent. The value (n) must range
between 1 and 100.

PARITY NONE | ODD | EVEN [ALL]

Sets the parity mode for transmitted data bytes. By default the parity setting is NONE'
which transmits all eight data bits without any parity bit. A setting of 'ODD' or 'EVEN'
transmits 7 data bits, with the 8" data bit representing either odd or even parity.
Normally the parity setting only effects data bytes added to the message with the CHAR
command. However, if the optional 'ALL' keyword is specified, then all data bytes in the
message (except the checksum) is encoded with parity.

CHECKSUM CLEAR | ADD | ON | OFF | CRC16 | MOD256 | (n) | INC (n) | DEC
()

This command is used to control the message checksum. The CLEAR keyword zeros the
calculated checksum value to zero. The ADD keyword adds the checksum value to the
message. The ON keyword enables the checksum calculator so any bytes added to the
message will modify the checksum value. The OFF keyword disables the checksum
calculation. The CRC16 keyword sets the checksum calculator to use a 16 CRC method.
The MOD256 keyword sets the checksum calculator to use a modulus 256 calculation. If
an integer value (n) is specified, then the current checksum calculator value is set to (n).
The INC (n) and DEC (n) will increment or decrement the current checksum value by the
specified integer (n).

MESSAGE TYPE (n/h) | END

Used to mark the beginning and end of a message. By knowing the start and end points
of a message, the message length can be automatically calculated. The TYPE (nfh)
keyword marks the start of the message and inserts single byte specified by either the 8
bit integer (n) or the hexadecimal byte (h). The END keyword is used to mark the end of
the message.

PARAMETER TYPE (n/h) | END
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Used to mark the beginning and end of a parameter. By knowing the start and end points
of a parameter, the parameter length can be automatically calculated. The TYPE (n|h)
keyword marks the start of the parameter and inserts single byte specified by either the 8
bit integer (n) or the hexadecimal byte (h). The END keyword is used to mark the end of
the parameter.

BYTE (n) | (h) | MESSAGELENGTH [offset] | PARAMETERLENGTH [offset]

The BYTE command adds one or more byte values. This value can be either an 8 bit
integer (n), or a hexadecimal byte (h). If specified as a integer, only a single byte is
added to the message. Using the hexadecimal notation allows for sending multiple bytes.
For example, 1234h adds two bytes to the message. The first is 12h which is then
followed by 34h. Alternatively, the keywords MESSAGELENGTH and
PARAMETERLENGTH are used to add a single byte value representing the message
length or parameter length respectively. Optionally, an offset can be added to the length
values. This is specified as an integer value.

INT16 (n)|(h) | MESSAGELENGTH [offset] | PARAMETERLENGTH [offset]

The INT16 command adds a 16 bit value. This value can be specified as either a 16 bit
integer (n), or two hexadecimal bytes (h). Alternatively, the keywords
MESSAGELENGTH and PARAMETERLENGTH are used to add a 16 bit value
representing the message length or parameter length respectively. Optionally, an offset
can be added to the length values, and is specified as an integer value. The 16 bit values
added are sent as two separate bytes with the LSB sent before the MSB.

CHAR "abc"

Adds from 1 to 64 characters to the message. Each character is translated to its ASCII
character code and then processed with the current parity setting.

BITS MARK (n) | SPACE (n) | ALTERNATE (n)

Adds individual bits to the message. If the MARK keyword is used, then (n) mark bits
are added. Likewise the SPACE keyword adds (n) space bits. The ALTERNATE
keyword adds an alternating pattern of zero and one bits. The pattern starts with a zero
bit and the number of bits added is specified by (n). The value (n) must be an integer in
the range of 0 to 4096

IF ONHOOK (command)

This statement allows conditional commands execution. Any of the above commands
can be specified following the ONHOOK keyword. The command is executed if the
tip/ring line state is on-hook at the time the message script is executed.

IF OFFHOOK (command)

Same functionality as the [F ONHOOK statement, except the command is executed if the
tip/ring line state is off-hook.

DUPLICATE (n)|OFF

Duplicates the specified byte value if it has been added to the message. This is normally
used for NTT Caller ID when the DLE code is used within the message.

Note that checksum byte(s) are never duplicated and the check for duplicate values is
made prior to encoding the byte parity (if any).

The following example uses the message script to create a basic Caller ID message. The
message uses the MDMF structure and contains date/time, calling number, and calling
name information.
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* Set the number of stopbits,

* parity mode, and checksum mode
STOPBITS 1

PARITY NONE

CHECKSUM MOD256

CHECKSUM CLEAR

CHECKSUM ON

* If on-hook add 300 channel seizure
* bits followed by 180 mark bits.

IF ONHOOK BITS ALTERNATE 300

IF ONHOOK BITS MARK 180

* If off-hook only add 80 mark bits.
IF OFFHOOK BITS MARK 80

* Use the Call Setup message type (80h)
MESSAGE TYPE 80h

BYTE MESSAGELENGTH

* Add the data/time parameter: Oct. 25, 14:23
PARAMETER TYPE Ol1lh

BYTE PARAMETERLENGTH

CHAR "10251423"

PARAMETER END

* Add the calling number parameter
PARAMETER TYPE 02h

BYTE PARAMETERLENGTH

CHAR "01900150200"

PARAMETER END

* Add the calling name parameter
PARAMETER TYPE 07h

BYTE PARAMETERLENGTH

CHAR "John Smith"

PARAMETER END

* End of the message, so add the

* checksum and some mark out bits
MESSAGE END

CHECKSUM ADD

BITS MARK 10
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Appendix C: Specifying Binary Data

The Transfer Layer (TL) messages sent during a SMS session can be created using a
special notation. This notation allows for specifying the binary data included in the TL
message in a number of different formats. This becomes useful for testing various
exception conditions if the binary data contained in the message does not conform to the
applicable standards. For the ETSI protocol 1 SMS type, this notation is used when the
TL message is created in the TPDU Parameter mode. Likewise for the ETSI protocol 2
SMS type, this notation is used if the TL message is created in Parameter mode.

The structure for this notation is a series of one or more data elements. If more than one
element is used it must be separated by at least one space character. The different data
elements are defined as follows:

Bits: xb Where x is one or more one or zero bits represented by the
symbols 0 and 1. For example 0101b specifies 4 bits starting with 0 and
ending with 1.

Integer (8 bit): n Where n is an integer number between and including
the value of 0 to 255.

Hexadecimal Byte(s): xh Where x is an even number of hexadecimal
symbols (0-9,A,B,C,D,E,F). Each pair of symbols is converted to a single
byte.

Characters (8 bit): {abc} Where abc represent any number of characters.
Each character is converted to a single byte using its ASCII representation.

Characters (8 bit): "abc" Where abc represents any number of
characters. Each character is converted to one or more bytes using the GSM
default alphabet as defined in ETSI TS 100900 with the 8th bit fixed at
zero. If the character is located in the GSM extension table, it is preceded
by a byte value of 27.

Characters (7 bit): 'abe' Where abc represents any number of characters.
Each character is converted into a 7 bit code using the GSM default
alphabet, unless the character is contained in the extension table. In this
case it is represented by two 7 bits values with 27 as the first value. The
resulting 7 bit codes are packed into bytes starting from the least significant
bit.

Integer (7 bit): nc Where n is an integer in the range of 0 to 127. The 7
bit value is packed into bytes.

Semi-octet: <x> Where x is one or more of the following symbols: 0 to
9, *,#, a, b, c. Each symbol is converted to a nibble value (*=10, #=11,
a=12, b=13, c=14) and then packed into bytes starting at the low nibble. If
the number of symbols is odd, the last byte is padded with ones in its high
nibble.

TRsSim - PSTN Emulation

107



Appendix C: Specifying Binary Data Advent Instruments Inc.

When using the Integer (8-bit), Hexadecimal, Characters (8 bit), or Semi-octet types, the
data always starts on a byte boundary. Any unused bits from a previous byte will be
padded with zeros.

The Bits, Characters(7 bit), and Integer(7 bits) types start at filling data bytes bit-by-bit at
the location the last element ended. The filling is done from LSB to MSB.

For example:
11101b Cbh

Translates into two bytes. The first is 00011101 (1D)
and the second is 11000101 (C5).

Note that the character data types support embedded delimiting characters by doubling up
the delimiting character. For example to specify the string:

He Said, "Today is Friday".
as 7 bit GSM characters is done as follows

'He Said, ''Today is Friday''.'
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Appendix D: USB Driver Installation

The following figures show the step by step procedure for installing the AI-7280 USB
drivers. These drivers are required in order to use the USB connection to the AI-7280.
The figures are taken from the Windows XP operating system.

1. Connect the AI-7280 to the PC with USB cable

With the AI-7280 powered on, connect a USB cable from the PC to the AI-7280. The
windows operating system will detect the presence of the AI-7280 and display a message
as follows:

i) Found New Hardware
AI-7280 TE Simulatar

As the USB drivers are not installed, Windows starts the new hardware wizard to guide
you through the installation process.

Found Mew Hardware Wizard

Welcome to the Found New
Hardware Wizard

Windows will search for curent and updated software by
lookitg on waur computer, an the hardware installation CD, or on
the Windows Update Web site [with vour permission).

Bead our privacy palicy

Can Windows connect o Windows Update to search for
zoftware?

() Yes. this time only
() Yes, now and gvery time | cannect a device

OF

Click Mext ta cantinue.

Mest » ][ Cancel

2. Select "No, not at this time", and click "Next"

The Windows operating system needs to be told how it should locate the driver files for
the AI-7280. The correct selection is to specify the location for the driver files.
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Thiz wizard helps vou install software for:

Al-7280 CO Line Simulator

Z'\"\J If your hardware came with an installation CD
“ZE or Hloppy disk, insert it now.

YWw'hat dao vou want the wizard to do?

() Imztall the software automatically (Fecommended)
(%) Install framn a list ar specific location [Advanced)

Click Mext to continue,

< Back ‘L MHext > J[ Cancel

3. Select "Install from a list or specific location' and click "Next"

The path to the driver files is supplied in the following window. Click the Browse
button, which opens a window for selecting directories. The directory to select is the
\drivers\ subdirectory within the TRsSim software program files. By default the drivers
will be copied to the following folder when TRsSim is installed:

C:\Program Files\Advent\TRsSim\Drivers

As an alternative, the drivers are also located on the supplied CD under the following
folder:

<CD Drive>:\UsbDriver

Found Mews Hardware Wizard

Please choose your search and installation options.

(®) Search for the best driver in these locations.

Use the check boxes below to limit or expand the default zearch, which includes local
paths and removable media. The best driver found will be installed.

[[] Search removable media [floppy, CO-ROM...)

Include this location in the search:

C:'Program Files'Advent\TRzSim"Dirivers w

(") Don't search. | will choose the driver to install.

Chiooge this option to select the device driver fram a list. ‘Windows does not guarantee that
the driver you choose will be the best match for pour hardware.

< Back ][ Mext > ]’ Cancel

4. Specify the folder containing the drivers and click "Next"
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The installation process may take a few moments. During this time, a window similar to
the following will be shown.

Found New Hardware Wizand
Pleaze wait while the wizard installs the software__. .

% FTDI FTUZA Device

= -

Setting a system restore point and backing up old filzz in
casze your spstem needs to be restored in the future,

Once the installation is complete, the AI-7280 will be ready for use. The name for the
USB driver is "FTDI FT8U2XX Device" so that when viewing the Control Panel's
'Device Manager' window, the AI-7280 is indicated by the "FTDI FT8U2XX Device"
driver name.

Found Mews Hardware Wizard

Completing the Found New
Hardware Wizard

The wizard has finished instaling the software for:

; FTDI FTEUZ4R Device

Click Finizh to close the wizard.

5. Click "Finish"

A brief popup bubble, as shown below, indicates that the USB driver has been correctly
installed and the AI-7280 is ready for use.

i) Found New Hardware

Your new hardware is installed and ready to use,
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ACK Tone

Acknowledgement signal sent by the TE in response to detecting a DT-AS or CAS tone.
The signal is usually a DTMF digit 'D' or 'A'.

Bell 202

An FSK modulation standard that uses 1200 Hz for the mark tone frequency and 2200 Hz
for the space tone frequency. The baud rate used is 1200 bits per second.

CAS Tone
CPE Alerting Signal. See DT-AS.

Channel Seizure

A FSK modulated alternating zero/one bit pattern that may be sent prior to any data
bytes.

Checksum

For the purposes of Caller ID or SMS DLL, the checksum is a byte value sent after the
message data. It represents the two's complement sum of all the message byte values.
The checksum is used for error detection.

dBm

Unit of signal power level. Calculated as 10 times the base 10 logarithm of the ratio of
the signals power relative to 0.001 Watt. For example, ] mW =0 dBm, 100 mW = 20
dBm. For most telephone applications, signal levels expressed in dBm are expressed
with a 600 ohm terminating impedance. This fixes the relationship between dBm and
dBV as 0 dBm =-2.218 dBV, or 0 dBV =2.218 dBm.

dBV

Unit of signal voltage level. Calculated as 20 times the base 10 logarithm of the signal's
voltage. For example, 1 Vrms =0 dBV, 0.1 Vrms =-20 dBV.

DLL
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Data Link Layer: A layer in the SMS protocol stack above the physical layer, but below
the TL layer. Used to transport TL messages between SME's.

DT-AS

Dual Tone Alerting Signal: A signal composed of two tones (2130 Hz & 2750 Hz) used
to alert the TE of an incoming Caller ID data transmission. Also refered to a CAS tone.

DTMF

Dual Tone Multi-Frequency: A signal comprised of two tones used for dialing or other
signaling purposes. Eight different frequencies represented by a 4x4 matix are used for
the two tones.

Flash

Telephone Line Flash: An action by a TE in which it momentarily goes on-hook, then
returns to the off-hook state. The on-hook duration is usually in the range of 100 ms to
1000 ms.

FSK

Frequency Shift Keying: A method of signal modulation for data transmission. For
Caller ID and SMS applications, a tone's frequency is shifted between two values
representing either a mark or space bit.

MDMF

Multiple Data Message Format: A structure used to convey FSK modulated data of up to
255 bytes in length. Most commonly used for Caller ID applications or for sending SMS
DLL messages.

MF

Multi-Frequency: A method used to convey signaling information over telephone
networks. Uses signals comprised of two, or possible more, tones from a standardized
list of frequencies.

Off-Hook

A state in which a TE draws loop current from the tip/ring interface. Denotes that the
device is in use or active.

On-Hook

A state in which a TE does not draw any loop current from the tip/ring interface. Denotes
that the device is idle or in-active.

OSI

Open Switching Interval: An interval of time in which the central office disconnects the
DC feed voltage from the TE. Can be used as a method of informing a TE of an
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incoming Caller ID message, or simply generated as an artifact by the central office when
various resources are being connected/disconnected from the telephone line.

PDU

Protocol Data Unit: For the purposes the ETSI Protocol 1 SMS, the PDU is a data
structure used to convey information. These PDU's are the Transfer Layer (TL)
messages and take the form of one of six different types. They are: SMS-DELIVER,
SMS-DELIVER-REPORT, SMS-SUBMIT, SMS-SUBMIT-REPORT, SMS-STATUS-
REPORT, and SMS-COMMAND.

pps

Pulses per Second: A measurement of pulse dialing which expresses the rate of dialing
pulses. A dialing pulse is a short interval of time in which the TE goes on-hook and then
returns to the off-hook state. The most common pulse rate in use is 10 pps; however
various PSTN's may require faster or slower rates for dialing.

PSTN

Public Switched Telephone Network: A network of devices allowing a TE to establish a
connection to another device for the purposes of passing voice band signals.

RP-AS

Ring Pulse Alerting Signal: A short ringing burst that is used to alert the TE of an
incoming Caller ID data transmission.

SAS

Subscriber Alerting Signal: A signal used as part of the call waiting service alerting the
subscriber of an incoming call. Also may be used during a Type II Caller ID
transmission by preceding the CAS signal.

SDMF

Single Data Message Format: A data structure that may be used to send Type I Caller ID
data consisting of date/time and calling number information. See also MDMF.

SM

Short Message: Information sent between SME's using the Short Message Service
(SMS)

SME

Short Message Entity: A device having the capability to send or receive short messages
(SM). Can be either a SM-TE or SM-SC.

SMS

Short Message Service: A service used to send short messages (SM) to and from SME's.
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SM-SC

Short Message Service Center: A functional unit that receives or sends short messages to
a SM-TE.

SM-TE

Short Message Terminal Equipment: A terminal equipment device that is capabile of
sending or receiving short messages to or from a SM-SC.

Start Bit

For Caller ID and SMS applications, every 8 bit data byte transmitted via a FSK
modulated signal is preceeded with a single start bit. The start bit is always represented
with the space tone.

Stop Bit

For Caller ID and SMS applications, every 8 bit data byte transmitted via a FSK
modulated signal is followed with at least one stop bit. The stop bit is always represented
with the mark tone.

TE

Terminal Equipment: A device connected to the telephone network. Also commonly
referred to as a CPE (Customer Premise Equipment).

THD+N

Total Harmonic Distortion plus Noise: A measurement normally expressed as a ratio of
the signal's harmonic distortion level plus noise to the total signal level.

TL

Transfer Layer: A layer in the SMS protocol stack providing a service to the SMS
application layer. The transfer layer messages convey short message data or status
information between SME's.

TPDU

Transfer Protocol Data Unit. See ETSI TS 100 901 section 9 for PDU structure as it
relates to SMS applications.

Twist

Commonly refers to the ratio in signal level between the row and column tones of DTMF,
or the mark and space tones of FSK. The ratio is normally expressed in decibels (dB). In
the case of DTMF, positive twist indicates that the column signal level is greater than the
row signal level. For FSK the most common convention is that positive twist indicates
that the mark signal level is higher than the space level.

Type I
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Caller ID data transmission occuring while the TE is in the on-hook state.

Type 11

Caller ID data transmission occuring while the TE is in the off-hook state.

V.23

An FSK modulation standard that uses 1300 Hz for the mark tone frequency and 2100 Hz
for the space tone frequency. The baud rate used is 1200 bits per second.
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