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TEMA TELECOMUNICAZIONI  Web: www.tematlc.it                        
Telecommunications – Electronics   E-mail: tematlc@tematlc.it  
 

Headquarters : Via C.Girardengo, 1/4  Tel. +39 0261544.1        
20161 Milano  MI  (Italy)     Fax +39 026152605 
 

Branch Office : Via S.Boccapaduli, 31     Tel. +39 0658237920    
00151 Roma  RM (Italy)     Fax +39 0658200328 

GSM - UMTS GATEWAYS 
Analog FXS - FXO - ISDN BRI  

SPECIAL 
DEVICES 

VOICE MAIL & 
AUTOMATED ATTENDANT 

DIGITAL CALL 
RECORDERS 

    
 

UNI EN ISO 9001:2000 
 

“Since 1988 Special Systems & Services for Telecomm unications”  
 

20th Anniversary  1988 - 2008 

 "Twenty Years on Customer’s side" 
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Founded in 1988 by technicians with several years' experience in the Telecommunications field, Tema 
Telecomunicazioni  specializes in Systems and Services for peripheral telephony, telecommunications, and 
voice processing fields. Its own Professional Audio Recording Studio allows to record and convert digital audio 
messages in several formats with multilingual speakers for telecom and security message applications. 
 
The company is ISO 9001:2000 certified and all products have CE approval. 
 
Tema Telecomunicazioni owes its success and position at the forefront of the Telecommunications Market to its 
own Research & Development area and to on-going investments in innovative solutions. 
The Company invests nearly 15% of its sales proceeds in the Research & Development Laboratory in Milan, 
where the forefront of the Telecommunication latest technology is put at technical staff's disposal, in order to 
exploit Company know-how in microprocessor hardware-software-firmware technologies, programming 
languages and digital audio synthesis. All products are Computer Aided Designed. 
 
So far Tema Telecomunicazioni installed over 50.000 answering systems, 100.000 Voice on Hold digital devices, 
2.500+ Solid-state and PC-based Voice Processing Systems with software and application in constant 
development always compatible with most common PBXs, 1000+ Multi channel Recorders for 
Telecommunications, thousands  GSM/UMTS gateways. 
 
Tema Telecomunicazioni products are sold to the end users by the best telephony installers and quality resellers 
and distributors, while technical help and sales assistance is carried out from the Headquarters in Milan and 
the Branch Office in Rome . Tema Telecomunicazioni schedules and arranges sales and technical training 
events regarding the latest products and their features and applications. 
 
Here follows a brief products and services description, please feel free to visit our site and ask for further 
documentation. Price list on request. 
 
 
 
 
 

 
 

 
  

Come and find us at the new Headquarters in Milan, near the Torino- Venezia A4 motorway 
access Cormano. TEMA TELECOMUNICAZIONI new site is a 6.500 square meters  area, 1.500 
of which covered by the Administration Unit, Resear ch & Development and Production Areas. 

 

The Company 
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DIAL-103A (FXS) 
Connection to PBX through analog trunk interface  
 
The unit is equipped with a FXS port for connection to PBX, through an 
analog trunk interface, or to a normal DTMF telephone. 
For incoming calls, directed to the SIM Card inserted in the internal GSM 
engine module, DIAL-103A re-routes the call to the PBX with modem 
transmission of the caller identity (CLI). 
Completely Plug&Play, very simple to be installed, DIAL-103A allows to 
monitor the GSM signal strength via DTMF commands. 

DIAL-103T 
Remote-control GSM Interface, SMS 
 
For remote relays activation and alarm inputs. 
DIAL-103T gets benefits in automation and safety applications such as 
gate and door opener service simply making a NO COST call to the SIM 
Card number inserted in the unit: the system recognizes the caller ID be-
fore activating the relays. DIAL-103T has 2 contacts of external input for 
alarm / remote notification service via SMS. 
 

DIAL-103T 

 
  
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

2 remote control relays 
outputs 

 

2 alarm signal inputs 
 

GSM GATEWAYS  
Analog FXS - Alarm and Remote Control 
 

DDIIAALL--110033AA  iiss  aa  nneeww  ssmmaall ll --ssiizzeedd  GGSSMM  
GGaatteewwaayy  tthhaatt   rreedduucceess  mmoobbii llee  pphhoonnee  
ccoossttss  ff rroomm  PPBBXX  eexxtteennssiioonn  oorr  ssttaanndd--
aalloonnee  aappppll iiccaatt iioonnss  wwii tthh  aa  ffaasstt   RROOII  
((RReettuurrnn  OOnn  IInnvveessttmmeenntt))..    
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DIAL-101A (FXS) 
Connection to PBX through analog trunk interface  
 
The unit is equipped with a FXS port for connection to the PBX through 
an analog trunk interface, or to a normal DTMF telephone. 
For incoming calls, that is calls towards GSM engine SIM Card, DIAL-
101A re-routes the call to the PBX with modem transmission of the caller 
identity (CLI). 
Completely Plug&Play, which is simple to be installed, DIAL-101A allows 
to constantly monitor the signal strength by means of a led bar indicator 
on the front panel. 
DIAL-101A is equipped with an alarm contact input with telephone dialer 
functionality and an internal relay with function of remote control of ex-
ternal devices. 
 

DIAL-101B (FXO) 
Connection to PBX as analog extension  
 
The unit is equipped with a FXO port for connection to PBX as analog 
extension. 
Additionally, with respect to Dial-101A, Dial-101B  allows the Call Back 
function, which enables privileged users outside the office to dispose of 
PBX lines everywhere they like. If the unit recognizes the caller ID, it 
calls back the caller number and once connected the caller can make 
calls through the company telephone lines as if he was calling from an 
internal extension. 
 

DIAL-101T 
Simple remote-control GSM Interface, SMS 
 
For remotely relay activation and alarm input. 
DIAL-101T gets benefits in automation and safety applications such as 
gate and door opener service simply making a NO COST call to the SIM 
Card number inserted in the unit: the system recognizes the caller be-
fore activating the relay. 
 

DIAL-101A (FXS) DIAL-101B (FXO) 

 
 

                      
 
 
Redirection devices for fixed-line-to-mobile phone calls providing a drastic reduction of costs. 
Compatibility with the main interfaces: analog trun k interface (FXS) / analog extension (FXO), 
Remote Control (Alarm input Activation/Remote Relay  control), Alarm Dialers and Security 
Applications. 

DDIIAALL--110011  sseerriieess  aarree  bbrraanndd  nneeww  ssmmaall ll --
ssiizzeedd  GGSSMM  GGaatteewwaayyss  rreedduucciinngg  uusseerr’’ss  
mmoobbii llee  pphhoonnee  ccoossttss  ff rroomm  PPBBXX  eexxtteennssiioonn  
oorr  ssttaanndd--aalloonnee  aappppll iiccaatt iioonnss  wwii tthh  aa  ffaasstt   
RROOII  ((RReettuurrnn  OOnn  IInnvveessttmmeenntt))..  
UUssiinngg  DDIIAALL--110011  ssyysstteemmss  uusseerrss  ccaann  
eell iimmiinnaattee  mmoobbii llee  ccrroossss--nneettwwoorrkk  ffeeeess  aass  
ii tt   sseeccuurreellyy  tt rraassffoommss  ff iixxeedd--ttoo--mmoobbii llee  iinn  
mmoobbii llee--ttoo--mmoobbii llee  ccaall llss  eexxppllooii tt iinngg  ii ttss  
DDuuaall--BBaanndd  GGSSMM  EEnnggiinnee..  

  

GSM GATEWAYS  
Analog FXS - FXO - Alarm and Remote Controls 
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DIAL-101U (FXS) 
Connection to PBX through analog trunk interface  
 
DIAL-101U is a brand new UMTS Gateway. The unit is equipped with a 
FXS port for connection to PBX through an analog trunk interface, or to a 
normal DTMF telephone. 
 
For incoming calls, that is calls towards UMTS engine USIM Card, DIAL-
101U re-routes the call to PBX with modem transmission of the caller 
identity (CLI). 
 
Completely Plug&Play, simple to be installed, DIAL-101U allows to con-
stantly monitor the signal strength by means of a led bar indicator on the 
front panel. 
 
DIAL-101U is equipped with an alarm contact input with telephone dialer 
functionality and an internal relay with function of remote control of ex-
ternal devices. 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

UMTS GATEWAYS 
Analog Lines Interface FXS 

 

 
  

UUMMTTSS  
GGaatteewwaayy!!   

Analog 
Phones  

 
 
 

ISDN BRI Lines 
 

ISDN PRI Lines 

    Analog Lines 

Analog  
Trunk 

 

 

Digital  
Extensions 

ISDN BRI 
Interface  

 

 

PSTN 
(Public Switched 

Telephone 
 Network) 

Analog  
Trunk 

 

ISDN PRI 
Interface 

����
�

  

Analog 
Extensions 

Digital  
Phones 

 
 
 
 

UMTS 

DIAL-101U 
Connection to exchange 
through analog trunk 

1 alarm signal input 

1 remote control relay output 



Tema Brochure 1002 EN  Page 6 of  20  

 
 
 
 
 
 
 
 
  
 
 
 
 
 
 
 
 
 
 

 
 
 
 

 
 

  
 

 
 
 
 
 
 
 
 
  
 
 
 
 
 
  
 
 
 
 
 
 
 
 

DIAL-112 
GSM ISDN BRI Interface 1-2 SIM 
 
DIAL-112 is a brand new GSM Gateway that can be connected to a 
PBX ISDN BRI trunk interface in order to eliminate mobile cross-
network fees: now the users can call mobile phones at low cost as 
DIAL-112 securely transforms fixed-to-mobile in mobile-to-mobile 
calls, exploiting its two Quad-Band GSM engines. DIAL-112 
gateway is available with 1 or 2 GSM modules (1-2 SIM). 
 
DIAL-112 has a NT port  to connect TE port to the NT-BRI side 
ISDN of the PBX. If the PBX has the LCR (Least Cost Routing) 
function, it is possible to configure the route selection table (ARS-
Automatic Route Selection Table) so DIAL-112 will be used  as 
default output gateway for mobile calls. Alternatively the call must 
be pre-selected by a configurable code prior to the called number. 
 
DIAL-112 has a internal LCR feature that allows module’s selection 
to route the GSM calls. It is also possible to choose the SIM Card 
(operator) to use depending on the prefix of the called number. 
DIAL-112 must be connected to an ISDN BRI T0 interface and has 
2 contacts of external input for alarm / remote notification service via 
SMS and 2 output relays. 
 

GSM & UMTS GATEWAYS 
ISDN BRI Interface 

�
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UMTS ISDN BRI Interface 1-2 USIM 
 
DIAL-112U is the UMTS version of DIAL-112. 
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DIAL-101C 
Multi I/O Industrial Remote Control GSM Interface 
 
Advanced System for Alarm Dialer / Remote Control Applications via 
GSM network. 
DIAL-101C manages up to 33 input events (Contact or Alarm Voltages) 
and up to 33 output relay events, in a fully modular and scalable way: 
simply add to the basic system (DIAL-101C -  1 input / 1 output relay 
onboard) up to 8 expansion modules DIAL-101E08, each of them 
adding 4 more input and 4 more output power relay contacts via I2C 
Standard Bus. 
As option is available an analogic telephone line coupled with GSM 
network for connecting a standard telephone set in emergency 
situations.  
Fully programmable via GSM, local telephone or optionally by PC 
through RS-232 port and Dial local programming software. 
 
Process Automation – Manufacturing Plants – Machine ry 
Faults – Alarms – Security – Fire – Remote Sites Mo nitoring 
Environmental  – Wireless In/Out Relays Operations 
 

DIAL-101C + FXS 

DIAL-1SMS 
SMS Server 
 
DIAL-1SMS is an advanced software solution which enables all 
LAN users to send and receive SMS messages directly from the 
PC using your favourite email client (i.e. Outlook Express™ or 
other). You can type your SMS quickly, send messages to multiple 
users and define user groups for SMS sending (salesman, techni-
cians, key clients and others). The  combination  of software 
DIAL-1SMS with the DIAL-101C Gateway allows you to have both 
a voice GSM Gateway (FXS) and a SMS Server, all in one. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

GSM GATEWAYS  
Alarm and Remote Industrial Controls 
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ers via SMS  
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ÖÖÖÖ SMS alerts to service staff available via 
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Personal USB Call Recorder of calls over any Teleph one Handset or Analog Line plus internal 
Microphone for handsfree calls recording. Easy to u se, powerful functions for business or 
personal callers connecting this device to an USB p ort of your PC and using TDR-P software. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

PERSONAL 
USB CALL RECORDER 
 

TDR-P 
Personal USB Call Recorder 
 
TDR-P can be connected to the telephone receiver of the telephone 
set in use, regardless of its type (analog, digital, VoIP). Alternatively, 
TDR-P can be directly connected to an analog telephone line or to a 
PBX extension. TDR-P uses an USB port of the PC where the re-
cording software will be installed. 
 

A built-in microphone enables you to record loudspeaker calls, con-
ference calls or simply to dictate quick voice notes. 
 

The recording software is easy to use and very powerful in his per-
formances. The access to the recordings database is protected with 
a general password; moreover, each recording can be protected 
with a single password for subsequently playback.  
For each recording, a related text field enables you to write useful 
comments in order to quickly identify the recording you are search-
ing for, very useful for old or archived recordings. 
 

TDR-P have the possibility to send a warn tone or a message to in-
dicate to the users that the recording is in progress. In order to aid 
operators, up to 4 messages can be played by operator’s command 
(i.e. Telemarketing, Companies welcome messages, etc.) 
 

Each single recording can be duplicated, exported to any device 
and sent immediately as an e-mail attachment. 

 

ÖÖÖÖ Manual or automatic calls recording 
ÖÖÖÖ No additional power supply needed 
ÖÖÖÖ Directly powered from the USB port  
ÖÖÖÖ USB Interface 
ÖÖÖÖ Phone handset or Line 
ÖÖÖÖ Built-in MICROPHONE for phone speaker recordings 
ÖÖÖÖ 2 audio channels 
ÖÖÖÖ Small sized 
ÖÖÖÖ Possibility to send by e-mail any recorded call 
ÖÖÖÖ No limit in recording space, HDD free-space related  

 

ÖÖÖÖ Possibility to write a text to any recording  
ÖÖÖÖ Advanced search with date/time/notes filters 
ÖÖÖÖ Archives exporting on removable media 
ÖÖÖÖ Password to protect the entire database or a 

single recording 
ÖÖÖÖ Warn tone or messages indicating recordin g in 

progress 
ÖÖÖÖ Records from telephone set or directly from 

analog line  
ÖÖÖÖ Compression of audio files, in order to save 

HDD space  
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Compact Digital Multichannel Recorders of calls on Analogic Lines / Digital ISDN BRI Lines  
Hard Disk and/or Solid State Compact Flash Disk mem ory support, DSP technology based  
RS232 – Ethernet LAN connection for Multiuser Acces s - Business and Security Applications.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

PBX 
Extensions 

 

ANALOG / ISDN  

RS-232 

SERVER 

LAN 

CLIENT PCs 

SWITCH 

PBX 

TDR 40 
Multichannel Digital Recorder  
 
TDR40 is a digital integrated system for recording and indexing ra-
dio-telephonic calls, especially designed for application where small 
dimensions, low power consumption, user-friendly, immediate play 
of the recorded communications and reliability are strategic re-
quirements. 
 
TDR40 manages up to 10 channels (analog / digital ISDN or mixed 
ones), radio channels and allows a minimum of over 1.380 hours of 
uncompressed recordings on local Hard Disk: all data may be 
automatically saved on PC dedicated server (via LAN) and after on 
CD-Rom, DVD-Rom, DVD-Ram for historical archive.  
The LAN support allows remote control and access protected by 
multilevel password. 
As option, a memory support is available on Compact Flash, capac-
ity is depending on user needs. 
 
TDR40 is user friendly with the frontal access to all command but-
tons and the backlight display to have immediate knowledge of all 
system activities; its DSP technology  makes the recorder perform-
ing and flexible for any application: 
 
ÖÖÖÖ Finance / Commercial Transactions 
ÖÖÖÖ Conference Call 
ÖÖÖÖ Emergency Communications 
ÖÖÖÖ Call Center / Order Entry / Telemarketing 
ÖÖÖÖ Police / Public Security / Utilities 
ÖÖÖÖ Security Applications 
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Universal multifunction systems for automated atten dant and opening greeting service all in a 
single device and for all types of PBXs. Voice Mail  Systems with Solid State Compact Flash 
Disk memory support, DSP technology based, Fax Swit ch and Multilevel IVR Menu. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

VOICE MAIL & 
AUTOMATED ATTENDANT 
 

T40 
Solid state  
Voice Mail & Automated Attendant 
 
T40 is the result of several years’ experience of Tema Telecomuni-
cazioni in Voice Mail and Automatic Attendants fields merging in a 
next generation product. 
T40 is a brand new Solid State Automated Attendant with Voice Mail 
functionality, as it comes with a Standard Flash Disk  memory sup-
port which allows managing up to 256 mailboxes, connected to 2/4 
analog lines, and up to 140 recording hours. 
All the messages may be notified in a fully customizable way, that is 
on the PBX extensions, on external line or via SMS. 
Other special features are Fax Switch  service, Multilevel IVR 
Menu and an advanced management of incoming calls. 
 
Based on DSP technology, T40 is integrated with all most popular 
PBXs in commerce, and let the user simply exploit its performing 
features with an internal voice guide or through user-friendly soft-
ware. 

FULLY 
PROGRAMMABLE 

VIA PC - RS232 

Integration Software for most popular PBX : 
 
SIEMENS, ALCATEL, ERICSSON, AASTRA, AVAYA, NORTEL N ETWORKS,  NEC-PHILIPS, 
PANASONIC, SAMSUNG, LG, GOLDSTAR, NITSUKO, SELTA, M ITEL, NEXTEL, and others.. 
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AUTOMATED 
ATTENDANT 
 

T12 
Multifunction Automated Attendant 
Opening Greeting Service 
 
T12 is a small, low-cost system using new solid-state technology 
with 2 telephone exchange extension lines, that handle the Auto-
mated Attendant and Opening Greeting Service  with voice 
messages  for the most common small to medium PBXs.  
 
T12 is connected behind the PBX on 1 or 2 dedicated internal ana-
log lines and full programmable by the user either locally or re-
motely by making a phone call from a DTMF phone. 
T12 is equipped with solid-state memory  with a capacity of 4 min-
utes of which 2 minutes are available to the user and can be subdi-
vided into 4 messages for various needs during times of company 
activity. 
Moreover the System has an Answering Machine  service that al-
lows up to 16 message recorded (disabling this feature the mes-
sages’ capacity available to the user raise up to 6 minutes), the 
Remote Relay Control and the Alarm Dialing  on both connected 
lines towards previously entered telephone numbers. 
 
The memory contains an additional 100 pre-recorded messages  in 
English, stored in additional NON-VOLATILE  memory and used as 
a vocal guide  when programming the devices and for additional 
services offered. 
 
 
 
 

T1X-PROKIT1  AND  T1X-PROKIT2  
Hardware and Software for PC local and remote progra mming 
 
 

T12 
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AUTOMATIC DAY/NIGHT) 

 

PSTN 
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T7015 
Small sized SMD Sound Device with pre-recorded Eproms 
 

 Eprom 32sec-128sec 
 Power 9 / 28VDC – 15mA 
 Balanced Output 0dBm – 600 Ohm 

 
 
 
 
 
 
 
Innovative devices for internal Voice on Hold appli cations that can be connected to any tele-
phone switchboard (PBX) installed. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

T15 “Jingle”  
Digital Sound Device 
 
T15 is entirely customizable, in both messages and background mu-
sic, directly by the user in local or remote mode by making a phone 
call from a normal DTMF phone. The user can also record the mes-
sages and music to be played online to the calls on hold. Access to 
the system programming is password protected. 
 
 
T15 systems features: 
 

 5 standard on-hold messages recorded in 5 languages   
 4-8 copyright-free musical selection 
 2 separate automatically mixed memory areas 
 30 to 360 sec. user-recordable messages 
 120 to 480 sec. user-recordable musical selection 
 80 pre-recorded menu messages in English language 
 Programmable message repetition interval 
 Local/remote programming from telephone or PC 
 Programming software for Windows 9x/Me/2000/XP 
 Loading from Cassette, CD, .Wav, .MP3 files, etc… 

 
 
 
 
 
 
 
 
 

T1X-PROKIT1  AND  T1X-PROKIT2  
Hardware and Software for PC local and remote program ming 
 
 
 

 
 
 

DIGITAL AUDIO FOR TELEPHONE  
MESSAGES & SOUNDS ON HOLD 
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Automatic transfer for incoming telephone calls on Analog Lines - Locally / Remotely 
Programmable - Call Diverter. 
 
 
 
 
 
 
 
 
  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

DIAL-200 
Call Transferer - Call  Diverter 
Remotely Programmable  
 
DIAL-200 is an innovative electronic device that connects to one or 
two analog telephone lines, either direct or through PBX, to perform 
several automatic transfer services for incoming and outgoing tele-
phone calls. 
 
In its basic operating mode DIAL-200 receives incoming calls on 
one line and, using the second line, transfers the call to another 
number you have stored in memory; this way you can answer calls 
reaching your office from wherever you are in the world, with com-
plete "transparency" and keeping your privacy.   
If you are the caller, after entering  a security code, DIAL-200 will 
allow to make telephone calls towards anywhere in the world with 
minimum expense because all costs are charged to your of fice 
line . 
In “Call-back” mode, the costs for your out-of-the-office telephone 
are reduced to zero  since it is DIAL-200 that will call you when you 
want it to, offering access to a telephone line in order to call any-
where and with the costs completely charged to your office.  
Moreover DIAL-200 may be a receiver of remote commands  that 
allow you to manage any relay-connected devices, an auto matic 
telephone dialer  for alarms input and Router Autodialer.  
 
 

T1X-PROKIT1  AND  T1X-PROKIT2  
Hardware and Software for PC local and remote program ming 
 

CALL 
DIVERTER 

FAX 

DIAL-200 
connected to 2 
PBX extensions 

DIAL-200 
connected to FAX 

PBX  

 

PSTN  
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Thanks to AA-1X interfaces it’s possible to connect  existing Door Phones to analog PBX. 
The AA-1X device, not only, transfers excellent aud io quality to your analog phone systems, 
but also, with on board relays, can drive external devices as door lock and light.  
 
 
 
 
 
 
 
  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

DOOR PHONE 
SYSTEM INTERFACE 
 

AA-10  
System for existing Door Phone 
for PBX analog trunk interface  
 

AA-11  
System for existing Door Phone 
for PBX analog extension  
 
Tema Door Phone Systems allow to connect an Entry 
Phone to a PBX analog extension or to the analog trunk 
interface. 
 
Both systems are equipped with 1 open-door relay and 2 
auxiliary relays in order to drive external devices; this way 
is possible to execute several different commands as you 
normally would through the entry phone device: open 
connection, open the door lock, switch on/off the lights 
and so on. 
 

AA-22 
Door Phone with 2 buttons 
 

AA-24 
Door Phone with 4 buttons 
 
The AA-2X  series  door-phone  PBX  interface  is de-
signed to  manage  the   external  gate  through  an ana-
log extension of the PBX or an analog PSTN line. 
 
Many commands can be sent through DTMF such as: 
start voice communication with the external doorbell, 
electric door or gate opening. A secret combination of 
buttons can also be programmed to open the door. 
 
The device parameters can be programmed through the 
phone line via DTMF and by a PC through USB port 
 

Existing Door  
Entry System 

 
 
 
 

Operator 
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Analog 
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TEMA AA-25 Door Phone is an advanced 2 buttons Door  Phone system based on the 
international VoIP / SIP standard for video telepho ny and can be connected within a network 
to interact with a variety of other equipment. AA-2 5 has the option of Power Over Ethernet. 
The device has a built-in color IP camera with 4 LE D lights. 
  
 
 
 
 
 
 
  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

AA-25 
IP PoE Door Phone with 2 buttons, 2 relays and  
integrated IP color camera 
 
When a visitor pushes one of two buttons on the 
doorphone, AA-25 generates a call to pre-
programmed phone numbers, local to the PBX or 
remote, connecting the visitor with the called: this 
one, by appropriate DTMF codes sent from his 
phone, can operate the 2 integrated relays and 
open the electric lock of the gate and / or acti-
vate other devices in pulsed mode, etc . It is also 
possible to control the relays via one or more se-
quences of buttons pressed directly from the door-
phone. 
 
Thanks to the built- in color IP camera with 4 LED 
lights , you can see the visitor reached in the web-
page directly available by the device, thanks to the 
video server integrated in AA-25. The video stream 
can also be viewed on an IP phone equipped with 
this feature. In this way, control who is at the door 
and manage the people entrance, even remotely, 
becomes a reality: simply you must be reached by a 
phone from the AA-25 device. 
 
AA-25 has a modern design, elegant and func-
tional , weather resistant and equipped with an in-
ternal anti-humidity heating system and backlight, 
with IP44 protection grade . 
 
Programming is accessible from a common web 
browser and is password protected. AA-25 is an ad-
vanced and flexible solution, easy to use and install, 
designed for different needs of automation profes-
sionals. Installation is simple because AA-25 can be 
connected directly to the existing corporate LAN. 

OUTDOOR IP DOOR PHONE 
VoIP / PoE 

Lighting 
Leds  

Color 
IP Camera 

Speaker 

Call 
Buttons  

Microphone 

Talk with the visitor 
framed by the 

camera and open the 
door with the 

maximum safety!  
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OTHER TELECOMMUNICATION 
PRODUCTS 
 

Voice Mail & Voice/Fax Processing 

OpaWin  
OpaWIN is a multilines PC-based system for vocal processing of advanced telephone applications, compatible with all 
most common PBXs producers as SIEMENS, ALCATEL, ERICSSON, AASTRA, AVAYA, NORTEL NETWORKS, 
PANASONIC, SAMSUNG, LG, GOLDSTAR, NEC-PHILIPS, NITSUKO, SELTA, MITEL, NEXTEL. 
The full system is made up by a base PC, a phone lines interface board and a sophisticated managing software, but 
there are available several configurations in order to meet the most different requirements in system’s dimension: 
 
OpaWin 32  (Software +  Boards) 
·     Voice Mail –Automated Attendant – IVR  
·     2 / 32 lines – 99’999 Mailboxes –  9 levels IVR 
·     1000+ recording hours, further extension possible 
·    Unified Messaging (Sms / E-Mail Notification)  
 
OpaWin 80  (Full business system) 
·     Voice Mail – Automated Attendant – IVR  
·     2 / 8 lines – 99’999 Mailboxes –  9 levels IVR 
·     1000+ recording hours, further extension possible 
·    Unified Messaging (Sms / E-Mail Notification)  
 
OpaWin 320  (Full enterprise system) 
·     Voice Mail – Automated Attendant – IVR  
·     4 / 32 lines – 99’999 Mailboxes –  9 levels IVR 
·     1000+ recording hours, further extension possible 
·    Unified Messaging (Sms / E-Mail Notification) 

Multichannel Recorders for Telecom – Analog – ISDN BRI – PRI – VoIP 

The Recorders for Telecommunication is the one where Tema Telecomunicazioni boasts deep knowledge built in several 
years experience. Users may found this know-how in this full-range impressive Recorders Series, where there is a 
solution to every need or requirement in system’s dimensions, never letting behind reliability and performance. 
This let Tema to have the right systems for:  
 
Finance / Commercial Transactions   Conference Call          Emergency Communications 
Call Center / Order Entry / Telemarketing  Police / Public Security         Security Applications 

TDR 4000 
·  2-4-8 channels max 
·  1-2-3-4 ISDN BRI 
·  1 ISDN PRI 
·  Single Drive CD-RW 650Mb Writer 
· 1 Hard Disk / 10.500+ hours recording 
·  DTMF, LAN Network 

TDR 4400 - Industrial Rack 
·  4 channels upgradable to 60 
·  Up to 16 ISDN BRI / 1-2 ISDN PRI 
·  1 CD-RW 650 MB Writer  / 1-2 DVD-RAM 9,4 GB 
· 1-2 Hard Disk / 20.000 up to 100.000 hours recording 
· HD RAID Mirroring  
·  DTMF, LAN Network / Watch Dog Hardware 
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OTHER TELECOMMUNICATION 
PRODUCTS 
 

Phone Center Systems 

Winstore 
 
Winstore is the solution for the automation of Phone Centers: the system is made of the software Dial-Winstore  (for 
Win2000/XP, PC with at least 1 RS-232 port and 1 LPT port), one or more DialNet4S  routers that connect 4 
analog lines each, and a number of Dial-Dsp1  displays depending on how many phone boxes have to be 
served. Some specific features are: 

·  1 to 32 lines and phone boxes 
·  Up to 16 Internet connections 
·  1 PC central supervisor 
·  Real time pre-payed traffic manager on monitor PC 
·  Display in each phone box for each user to monitor phone traffic 
·  Not modifiable users archive with vital statistic 
·  VoIP ready 

 
 

RS232 

PRINTER 

MANAGER PC 
(Windows 2000/XP) 

DIALNET 3/4S 

Lines 1 - 4  

DIAL-DSP1 

PHONE BOX 

DIALNET 3/4S 

DIAL-DSP1 

PHONE BOX 32 

Lines 28 - 32  
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Skip2PBX  allows to integrate Skype™ and SIP-based communication services with the company’s telephone 
PBX so allowing to have all the advantages offered by Skype™ services while still using a traditional desk 
phone. Skip2PBX  plus Skype™ solution finally allows companies to dramatically cut their telephone bill thanks 
to three calls between Skype™ users and the advantageous SkypeOut service rates, so improving both pro-
ductivity and efficiency and increasing collaboration with customers and suppliers. Skip2PBX  allows for com-
plete integration of existing PBX systems with Skype™ network. Skip2PBX  combines parallel Skype™ calling 
into a highly scalable package which makes it available for both small businesses and bigger enterprises. The 
gateway acts as a bridge between your current phone infrastructure and Skype™ VoIP network allowing for 
concurrent 2-way communication between Skype™ and existing office phones. Now you can communicate 
with over 250 million registered Skype™ users worldwide using a single centralized solution that is seamlessly 
integrated with your existing telephony infrastructure. 
 

• Up to 60 concurrent calls and 240 simultaneously running Skype TM accounts 
• Echo removal 
• SIP registrar and proxy functionalities 
• 100% Asterisk TM compliant 
• Linux based 
• Skype TM File transfer to e-mail or FTP 
• Skype TM Chat, Skype TM SMS 
• Call filtering 
• Customizable CallerID support 
• Customizable call routes 
• Shared and private addressbooks 
• Full-featured XML scripting system 

OTHER TELECOMMUNICATION 
PRODUCTS 
 

Skip2PBX 
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YOUR NOTES : 
 
 
 
 
 
 

��� � � �� � ��� � Professional Audio Recording Studio ��� �
 

 
   ��� �  Autodialers and Least Cost Routing Systems 
 

 
 

    ��� �  Remote Control and Security Systems 
 

 
 
     ��� �  Special Interfaces for ISDN Lines 
 
 

 
      ��� �  Telephone Traffic Analysis 
 

 
 
       ��� �  Systems on Customer Requirements  

 

OTHER TELECOMMUNICATION 
PRODUCTS 
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TEMA TELECOMUNICAZIONI S.r.l.          Web: www.tematlc.it       e-mail: tematlc@tematlc.it  
Telecommunications – Electronics 
Headquarters  : Via C.Girardengo, 1/4   20161 Milano  MI  (Italy)   Tel. +39 02 61544.1     Fax +39 02 6152605 
Branch Office : Via S.Boccapaduli, 31   00151 Roma  RM (Italy)   Tel. +39 06 58237920  Fax +39 06 58200328 


