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1. Zipato’s Network:

Scheme of our office SIP Server configuration:

Zipato DEMOPULT

ZipaTile: Building

192.168.88.100

Entrance

2N Doorphone
192.168.88.105

Reception desk

GrandStream
192.168.88.104

/ Apartment 2 \
[+]

ZipaTile: Apartment 2
192.168.88.102

Ava Design
192.168.88.106

Apartment #1 =$110
Apartment #2 =§111

2N Doorphone=#123

@artment 1 Cluste}

ZipaTile Bedroom (White)
192.168.88.101

0

ZipaTile Livingroom (Black)
192.168.88.103

Building ethernet:
192.168.88.1
(no internet)
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WiFi:
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2. How to create a SIP Server:

2.1 Creating SIP Server

First of all you have to have PRO License in order to use SIP Server and InterCom.

On ZipaTile go to Device Manager and follow the pictures guide.

upport Cluster

C 1

Device manager
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- Go to Device Manager and Select IP
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Intercom

GENERAL

- Press on SIP SERVER



Support Cluster
up to date 1.3.1

Support Cluster

p to date 1.3.1
O 12,07 2047 10:34:42

Intercom

SIP SERVER

- Now you have created SIP Server
If you are in cluster then you must activate one controller to be the main SIP controller




2.2 Button functionality:

Intercom

SIP SERVER

General: this is general information about Intercom

Icon: option for changing the default icon

SIP SERVER: shows 3 new options

Contacts: it's option for all the devices that are added to this SIP Server
Servers: this section is for creating new SIP Server ...



2.3 Connecting to InterCom app

Next thing is to connect to your account on ZipaTile and check the status of SIP SERVER.

To check status of SIP SERVER on ZipaTile, go to Main menu - Settings = Sip Server

Sip Server Log

17:26:47 SIP Server 1.5.0 starting

17:26:47 Ethernet: added ip=172.16.1.34 mac=00-E0-3C-39-00-52

17:26:47 Waiting networks restart

17:26:52 Default network: Ethernet
17:26:52 Waiting for config..

After you checked the status and Sip Server is ready to use, start InterCom app. InterCom app will
automatically create new user.

v

Contact

l 3e06f79c8deb0568

CONTACT



To update the Intercom field on Web Ul press REFRESH and the user will be visible.

Since we are in cluster first you have to ACTIVATE SIP Server (outside of the cluster you don’t have
to do this step)

upport Cluster

= up to dats 1.3.1

MO A2.07 2017 10:34:42

- Press ACTIVATE to activate cluster SIP Server



To edit user name press settings option on Web Ul, and change the name:

ort Cluster

Edit SIP device

Also, you can do it via InterCom app:

ev ¥ 01042 ® Qa7

Contact Edit

Delete

CONTACT

l 3e06f79c8deb0568 o

3e06f79c8deb0568




¢ Edit contact a

Display Name

3e06f79c8deb0568

Contact Sip UR!
sip:
26NAf790RACKNSARM7 T7ARRFRCIR5210F2Q sin 7inata com

1 4 5 6 7 8 9 0

qwzeartyuiop
a s d f gh j k I

4 zZz x ¢cvbnm@a

123 . &

- \v4 o a <+

- To edit name, tap on the name you want to change, then press the option on the right top
corner and then press Edit, new window will be opened and there you can change the name.
- When you are done with name editing, press SAVE button on the right top corner.

Connecting the 2™ controller on the same account (house installation):

- To connect two ZipaTiles with Intercom you have to have them on the same account and also
have PRO License for the other one

- The procedure is the same as it was for the first ZipaTile

After you are done with configuring you should see all your devices REGistered in Sipserver.

ev

Sip Server Log

18:23:00 SIP Server 1.5.0 starting

18:23:00 Ethernet: added ip=172.16.1.34 mac=00-E0-3C-39-00-52

18:23:00 Waiting networks restart

18:23:05 Default network: Ethernet

18:23:11 Ready

18:23:11 REG sip:56dbb451cf81d56e@CLO000015e94f9a008(Test ZipaTile)




2.4 Making a call/ Connecting 2 ZipaTiles on same account:

2.4.1 Connect 2 ZipaTiles that are on the same box, follow this procedure:

First switch ZipaTiles to be on the same account (e.g. you have 2 controllers named ZT1 and
ZT2, switch the other one to match the first one, so when you do that both controllers would
be on the same e.g. ZT1 controller

Create SIP Server on that account

After you are done creating SIP Server, open Intercom on first ZipaTile

New user will be created

Intercom

v

SIP SERVER
Contact

! 177db45ad00b427 L

CONTACT

Change the name of that user, to see the changes on InterCom refresh it

Intercom

ELV

Contact

User1
! CONTACT .




Now do the same with the other ZipaTile, switch box to the same controller as your first
ZipaTile

Intercom S@vCcE

Contact

2f4f9d01839bc24a {.
CONTACT

User1
l CONTACT {"

L@V CW@

Contact

User1

l CONTACT {‘
User2 L
CONTACT

User1

Incomming call

X DECLINE / ANSWER
User1

l CONTACT {‘
User2

l CONTACT "




2.4.2 Test call

- If you set everything up as described, you are now ready to make a first call. The important
thing is to have a stabile internet connection.
- To make a call press on the client contact in your InterCom app:

av

Contact

L]
=
Apartment2
CONTACT

Test ZipaTile
l CONTACT .

- Tocall, just press on the phone icon

- 4 O O &+

After you placed the call, you will see this:




2.5 SIP CALL STATUS

- Trying - Extended search being performed may take a significant time so a forking proxy must
send a 100 Trying response.
- Ringing - Destination user agent received INVITE, and is alerting user of call

- Decline - The destination does not wish to participate in the call, or cannot do so, and
additionally the destination knows there are no alternative destinations (such as a voicemalil
server) willing to accept the call.

- Terminated Dialog - Can be used by User Agent Server to indicate to upstream SIP entities
(including the User Agent Client (UAC)) that an early dialog has been terminated

- Those are the most common responses, the whole list of sip responses can be found here:
https://en.wikipedia.org/wiki/List of SIP response codes

Next screen is if the other side has answered looks like this:

- This is normal state of the call, the green screen is protection of unwanted use of your camera
- You are in control of who can see you


https://en.wikipedia.org/wiki/List_of_SIP_response_codes

To enable the camera, press somewhere on the screen to see the other options in call:

- ° button is for the canceling the call
- o button is for enable/disable of ZipaTile camera

- button is for opening the door

- button works when you press and talk (press to talk option)



3. Building configuration

- All controllers needs PRO License in order to work properly with SIP Server
- Building SIP Server:

- All apartment SIP servers are connected to Building SIP Server and they contain configuration of the
building with apartments that are separated

- Ethernet connection with router without internet is used to process calls from doorphone on all
apartments (note* controller has to have internet access during configuration)

- It is recommended to set Building SIP server with static IP address (on the main router)

- 1% Apartment:

- 2 ZipaTiles in a Cluster
- 2 SIP Servers are in cluster and only one is active in cluster

- ZipaTiles are connected with Master SIP Server (Building) in order to receive calls from building
doorphone

2" Apartment:
- Single SIP Server communication configuration for Apartment 2

- ZipaTile connected with Master SIP Server (Building) in order to receive calls from building
doorphone

- Create one Building SIP Server and connect all other apartments (accounts) to it



3.1 Procedure for Building ZipaTile, adding controllers to Main Sip Server:

Intercom

2. Add name for your ZipaTile contact and press SAVE

4. When you are done with creating new Server Device (ZipaTile) go to a different ZipaTile
account, and create SERVER.



3.2 Procedure for the other accounts:

1. Connect to different account and you will see something like this (note* if you haven't installed
SIP Server before, you have to do it.)
- After you made SIP Server, open InterCom on that ZT to get the client contact

SERVERS

3. Building server is created

Intercom




Intercom

CONTACTS

- Copy SIP uri: and paste it in Building configuration under Contact uri

5. Goto SERVERS and paste SIP uri under Contact URI

TILE2

SIP SERVER

Contact info

i

Bind SIP server

up to date 1.2.20m

18.07.2017

Intercom

14:20:45

i%

SIP SERVER

SERVERS

6. After that fill the rest from the Server Device that you created before named Apartmentl

Support Cluster
Fi are up to date 1.3.1
C 18.07.2017 10:26:66

Intercom

CONTACTS

DEVICES

Test ZipaTile

Apartment? Test

SERVER DEVI

APl PACKAGE W

SIP SERVER

Apartment1




7. This is how it should look when Bind SIP Server form is filled

Support Cluster
up to dat
18.07.

Intercom

Tost ZipaTile

Apartment?2 Test

Bind SIP server

- Make sure that you enter the right credentials, and to enter your Host IP, the best is to enter
the SIP Server on ZT and check the IP Address ( Main Menu - Zipato Settings - SIP Server
- check the IP address)

- *note: Netmask is not necessary, and LDAP ID will be added automatically after SAVE

- Now every configuration is the same for the other apartments that you want to add on Building
SIP Server, the Host IP stays the same, and other information needs to be changed



4. Adding 2N Doorphone into SIP Server:

1. First you have to add it on Building SIP Server:
Support Cluster

2.

3.

SERVER DI
Apartmenti

Go to Add new, and select Doorphone

Enter the name and SAVE it:

Create new doorphone device

N:

You'll get this:
Support Cluster

DOORPH

n_doorphons

E] Apartment1



4. After you named the 2n Doorphone, now it’s time to enter it's own Ul and configure the rest
there

4.1 2N DOORPHONE configuration:

1. Enter the 2N IP address in web browser, to find the IP Address of 2N, plug it to power and
press the specific quick dial button five times within 30 seconds after the first sound signal (if
the address is 0.0.0.0, it means that the intercom has not obtained the IP address from the
DHCP server)

2. Enter the credentials:

54-1157-0140

2N HEHOS |P VerSO 2N Helios IP Verso

Username | | |

Password

3. The front page:

2N® Helios IP Verso

Device Status Device Configuration

lll Status J‘t Directory

14 USER(S)
SERIAL NUMBER 54-1157-0140
2.20.0.295

FIRMWARE 2.2
UP TIME 14d 3h 32s

SIP1 REGISTERED H
NowBER ansoomnone || SE_ Sl Services

SIP 2 NOT REGISTERED , PHONE | E-MAIL
NUMBER 363135345 RTSP | ONVIF

o Hardware
IN

mmm System
1]
HEE  pHcp| TLS | MD5




4. Go to services and enter the credentials to register 2N Doorphone

r Intercom Identity ~ q
Display Name | 2N Helios IP Verso
Phone Number (ID) ' 2n_doorphone

Domain

Test Call

Authentication ~

Use Authentication ID |«
Authentication ID | 2n_doorphone

Password | seereees

5. Credentials could be found in Web Ul on Building SIP account where we created
2n_doorphone device

CONTACTS

E[I Apartment2 Test

El] Apartment1

6. Enter the Display name, after that enter the Phone Number which is basically the name you
gave to doorphone when you created it.

Contact info




7. Next is Authentication:
Authentication ~
Use Authentication ID |«
Authentication ID | 2n_doorphone

Password

- In authentication window enter the username and password for 2N doorphone, you can find it
here:

Contact info

8. SIP Proxy:

SIP Proxy ~

Proxy Address | 10.20.30.110
Proxy Port | 5060
Backup Proxy Address

Backup Proxy Port 5060

- In SIP Proxy we have to enter IP address of Master SIP Server in this case it's Support
Cluster, so its IP address is 10.20.30.110, so we enter that under Proxy Address, Proxy port
and Backup Proxy Port by default are 5060

9. Lastis SIP Registrar:
SIP Registrar ~ q
Registration Enabled |«
Registrar Address | 10.20.30.110
Registrar Port | 5060
Backup Registrar Address
Backup Registrar Port | 5060
Registration Expires | 120 [s]
Registration State REGISTERED

Failure Reason -

We enable it, and enter the following data

In registrar address we have to enter the IP address of Master SIP Server (in this case
Support Cluster)

Registrar Port and Backup Registrar Port are by default 5060

In Registration Expires enter 120s or 3 minutes which is enough for registration
Registration State will be not registered, after SAVE



Registration Expires 120 [s]
Registration State REGISTERED

Failure Reason -

Advanced Settings »

Save

Press SAVE, and if you enter the correct data, your Registration status should be
REGISTERED

4.2 Adding user on 2n Doorphone:

1. Go to Directory:

n

Adding user
Under users at top you’ll have numbers, and those numbers presents potential users, you
have an option to add user

Directory ‘11 < 1 2 3 4 5 6|7 |8 9 10 > » Search Q
Add User [_Add |

Time Profiles

Holidays

Add user, and after that you’ll have to fill the form in order to register that user

3. Filling the form:
- First enter the name of this user
User Basic Information ~
————=— Name |F_pato

E-Mail

Virtual Number

Visible on Display |«



After that, add a phone number, the phone number is your SIP uri address
Support Cluster

up to date 1.5.1
18.07.2017 10:25:55

Intercom

Contact info

- User Phone Numbers ~
MNumiber 1
Phone Number
Time Profile | [not used] v
Helios IP Eye Address

Parallel call to following number

After you are done, press SAVE ( 5+ )



4.3 Binding user with button:

1. Go to Hardware

(© IRECNEICIR

Switches

Switches
Audio
Camera
Keypad

Buttons

- In buttons option you have to choose which Dial button will be for which user, since we
already created user Zipato we will add it

Hardware o Basic Seftings ~
Button Function During Call | Hang Up

Switches Restore Network Settings By Buttons [+

Audio Bulk Edit Commands v

Camera Reset buttons to default
Keypad Clear buttons assignment

Buttons

Quick Dial Buttons ~

Backlight Meain Unit Buttons i l:“z‘@
Digital Inputs Buttons 2 - 6 2 E@
Extenders 3 E“El
: [x[a]
: ]
° el

- In Quick Dial Buttons you have to choose which user will be applied on doorphone button, to
do so press on search icon



r  Quick Dial Buttons ~ 1
Main Unit Buttons 1 X E
Buttons 2 - & 2 X Q
3 X Q
4 x Q
5 X Q
6 X ||Q

New window will be opened and you can choose between 2 types of search, first one is
straight forward with all names showed, and the second one is search by words

Searching directory

Search string H

POSITION  USER NAME E-MAIL PHONE NUMBERS

1 Master SIP sip:d8f637b3f54e@ZTASA1878FD8671DAD sip zipato.com
2 Apartment 1 Cluster sip:63b957c81a1@Z TASA1878FDE671DAD sip.zipato.com
3 Apartment 2 sip:cadb773fe261@ZTASA1878FD8671DAD sip.Zipato.com
4

5

6 Appartment_2 sip:9dc429db1340@CL000001594f24dc0 sip zipato.com
7 Zipato

8

If you search by words enter the few letters and you will get the search results only with that
letters

x
Searching directory
Search string | Zipato|

POSITION ~ USER NAME E-MAIL PHONE NUMBERS

1 Master SIP sip:dBf637b3f54e @ZTASA1878FD8671DAD SIp.Zipato.com

2 Apartment 1 Cluster sip63b957c81al1@ZTASA1878FDEETIDAD sip zipato .com

3 Apartment 2 sipcadb773fe261@ZTASA1878FD8671DAD sip zipato com

6 Appartment_2 sip9dc4a9db1340@CL000001594ff24dc0 sip zipate com

7 Zipato

n CES_Cluster sip:9ad209165012@ZTASA1878F D867 1DAD sip.Zipato.com

12 CES2 Sip:677644ba33536cb9@ZT3B82CAS88FA037D3 sip.zipato.com

4 EuZT sip33db3cfaleff@ZT3B82CA588FA037D3 sip zipata.com =

Close

When you are done with adding buttons to 2N Doorphone, press SAVE ( *== ) and you can
now use 2N Doorphone for calling ZipaTile



5. How to add AVA Design DP104

5.1 Installation

After connecting DoorPhone to Ethernet network and powering device, please run ONVIF Device
Manager (https://sourceforge.net/projects/onvifdm/)

Run ONVIF Device manager and log in with credentials:

- Username: admin
- Password: admin

Scan network to get doorphone IP (your PC should be connected to the same network as DoorPhone)

You logged in as admin [JE:f 0TS

Device list « DP104 Identification

MName, location or address || Cancel
) Time settings MName | DoorPhone

hd Maintenance Location | Taiwan

Fi re 3279129 f Network settings Manufacturer | Avadesign
Address 172.16.1.5 ' ) vades

N . User management

| Location country/china Nnvir Cortificates || Model |op104
DoorPhone Relays Hardware | N32926
Firmware 1.2 Web page

Address 1 Events

Location T Device D | 0000

IP address

Live video ONVIF version | 2.0

Video streaming

Fi :
Firmwar [12 |

Imaging settings URI: | http://10.20.30.101:88/onvif/device_service

Profiles

Live video
Video streaming
Imaging settings
Profiles

- After you found the IP address, please open that address in your web browser to get to the
DoorPhone web interface


https://sourceforge.net/projects/onvifdm/

5.2 Creating Ava Doorphone in Zipato Web Ul

First, enter the Zipato Web Ul (https://my.zipato.com/zipato-web/app2login) and check SIP Server
configuration
- Go to Device manager, enter your ZipaTile select IP, find Intercom and enter its settings
Support Cluster

w
i
o
w
w
i
o

Apartment2 Te

DOO

0|

SERVER

B] Apartment1



https://my.zipato.com/zipato-web/app2login

We created a new doorphone:

SIP SERVER

The important thing is to check the contact info on your DoorPhone, and copy that info into
DP-104 configuration

DOORPHONES

E] 2n_doorphone
E] ?\{a o8 Contact info

SERVER DEVICES

E] Apartment1




5.3 Ava DP-104 configuration
Enter the DoorPhone configuration in web browser as described in installation.

- First go to Service > SIP, and after that enter the credentials and other information as
described

SIP

Service

Calls

Video

RTSP Server

Web Server

- Cloud Service and Registration, this section have to be checked under Registration Enabled
- Enter the credentials in SIP Information as described:
= Copy name (in this example) ava to Display name, Username and Auth
Username, all should be the same
=  Copy password from ava doorphone in Web Ul to SIP Information (Password)

Cloud Service and|Registration

Cloud Service For APP Cloud Service

«# Registration Enabled

SIP Information

Display Name |ava

Username | ava

Auth Username | ava

Password | swesssssssssanes I

Please input only 0-9, a-z. A-Z and avoid special words




- SIP Registrar:

= Open up the master sip server, there you also created ava doorphone

= Registrar Address: copy Ava’s SIP uri: after the @

= Registrar Port: default port 5060

= Registration Expires: default is 60s

= Dial Button: this is what will Ava call when the call button is pressed, we
added the main user (cluster user) as a contact, so if you have 2 ZT in cluster
then both will ring, copy SIP uri after the sip: to dial button

Intercom {é}

SIP SERVER

CONTACTS

3aca21ae74b7@CL0000016c83173a32 sip.zipato.com

D

B] Test ZipaTile

E] Apartment1

SIP Registrar

Registrar Address | CL0000015c83173a32 sip.zipat)

Registrar Port | 5060

Registration Expires |60 s

Dial Button I 3aca21ae74b7@CL0000015¢8: =

For example: 2001@192.168.0.254:5060

Add



- Advanced settings:
= |n advanced settings we have to enter the Outbound Proxy
= Tofind it, just go to the ZipaTile on which you are trying to add Ava
= Go to Zipato app = open Main Menu ->Zipato Settings - Sip Server and
there you will find this information, copy the Ethernet IP address

v

Sip Server Log

Advanced Settings v

Outbound Proxy I10 20.30.111 I

SIP Transport |UDP ¥

SIP Local Port | 5060

IP Address Filter Enabled 5421511 15

Starting RTP Port | 10100

- After you are done, please press SAVE on the bottom right and check if the doorphone is
connected



5.4 Checking registration state:

Device Info

Service Status

Device

- Under Phone status you will see the Online state, if it's offline, then the configuration is not
right, and has to be configured properly

Phone Status

SIP Number ava
Registration State Online
Registration Address CL0O000015]
Port 5060



6. How to add Akuvox R27A Doorphone

6.1 Adding Doorphone to Building SIP server

- Go to Device manager, enter your ZipaTile select IP, find Intercom and enter its settings

b=+ B = SR = U+ B = S = O « B = L + A= T + |

{C G T R A

Select SIP Server, and add new Doorphone, press on Add new, and enter the name of DoorPhone:

Support Cluster

up to date 1.3.1
14.08.2017 14:08:49

Intercom {é}

SIP SERVER

Sz

DEVICES

Eﬂ Test ZipaTile




- We created a new doorphone:

- The important thing is to check the contact info of your DoorPhone, and copy that info into
Akuvox R27A configuration

DOORPHONES

6.2 Configuration of Akuvox R27A

- Tofind the IP address of Doorphone, press *2396# on dial pad and click (1) System
information

Enter that IP address into your web browser, in our example is 10.20.30.102, and log in

User Name ﬂ

Password

Remember Username/Password

o Enter User Name and Password, which is admin for both



- You get the new window:

LogOut

Basic C
Product Information
Note :
Model R27-A Max length of characters for input
MAC Address 0C:11:05:05:63:97 box:
Firmware Version 27.0.2.170 255: Broadsoft Phonebook server
Hardware Version 27.0.0.0.0.0.0.0 address

127: Remote Phonebook URL &
AUTOP Manual Update Server URL

Network Information 63: The rest of input boxes
LAN Port Type DHCP Auto Warning :
LAN Link Status Connected
LAN IP Address 10.20.30.102 Field Description :
LAN Subnet Mask 255.255.255.0
LAN Gateway 10.20.30.1
LAN DNS1 10.20.30.1
LAN DNS2

Account Information
Accountl dp_akuvox@ZTA5A1878FD86..

Registered

Account2 Akuvox R27A@10.20.30.110

Registration Failed

o Enter Account- Basic

SIP Account

Status Registered

Account Account 1 ¥
Account Active Enabled v
Display Label

Display Name

Register Name

User Name
Password
SIP Server 1
Server IP Port 5060
Registration Period (30~65535s)
SIP Server 2
Server IP Port 5060
Registration Period 1800 (30~65535s)
Outbound Proxy Server
Enable Outbound Enabled v
Server IP Port 5060
Backup Server IP Port 5060

Now we have to configure everything, and to do that we will need contact information of created
Doorphone on SIP Server:

D P

B] alauvoxip




This is how you should configure it:

And after you enter everything that you need, you’ll have this:

Status
Account
Account Active
Display Label
Display Name

Register Name

User Name

Password

Server IP

Registration Period

Server IP

Registration Period

Enable Outbound
Server IP

Backup Server IP

SIP Account
Registered
Account 1 v
Enabled v
SIP Server 1
Port 5060
(30~65535s)
SIP Server 2
Port 5060
1800 (30~65535s)
Outbound Proxy Server
Enabled X
Port 5060
Port 5060

Status
Account
Account Active
Display Label
Display Name
Reqgister Name
User Name

Password

Server IP

Registration Period

Server IP

Registration Period

SIP Account

Registered
Account 1

Enabled

akuvoxip
akuvoxip

akuvoxip

SIP Server 1

CL0000015de092060a, Port 5060

90

SIP Server 2

1800

{30~655355)

Port 5060
(30~655355)

- Under SIP Server 1, the Server IP could start with ZT or CL, but in most cases you'll have SIP

Server that is not in cluster



o Outbound Proxy Server- this is important, enter the Server IP which means you
have to enter SIP Server IP address

Outbound Proxy Server
Enable Outbound Enabled v
Server IP [10.20.30.110 | Port s060|
Backup Server IP [ | port so6o]

- After you are done, press Submit button, shortly after that your account should be
REGISTERED

6.3 Associating apartments with doorphone

- To associate apartments to a dial number from doorphone, go to Phone- Dial Plan

* Network

¥ Phone

Time/Lang

Call Feature

Voice

And you will get this window:

Rules Management

Choose File | Mo file chosen | Import | | Export |
Accountl 200 cadb773fe261 O
Accountl 201 dBf637b3f54e O

L= T« R I = | B o N R S R

=
=

E Bl Tl Bl S |




- To associate apartment number and dial pad number you will need username from other
apartment that you created on Building SIP Server

Foor1_Apartment 2

Foorl_Apartment 4

Foor1_Apartment 6

o Press Add, choose Account- Accountl (which is registered and associated with your

Building SIP Server)
o Prefix- is the number on dial pad
o Replace- in this box you have to enter the username of apartment that you created on

Building SIP Server

Index Account Prefix Replace
1 Accountl 200 cadb773fe261
2 Accountl 201 d8f637b3f54e
3
4
5
6
7
8
9
10
Page: 1| v | Add [N Edit [ Delete [ Prev | | Next
Rules Modify ==
Account Accountl b
Prefix 205
Replace cadb773fe261
Submit Cancel

- After you are done, press Submit and now the apartment is configured



7. GrandStream

7.1 Adding GrandStream to Building SIP server

- Go to Device manager, enter your ZipaTile select IP, find Intercom and enter its settings

port Cluster

up to data 1

b= 2« B = L = T = SR = S + B = N+ A = B = I = =

AR R X

Select SIP Server, and add new Device, press on Add new, and enter the name of device:

Intercom

SRR ERES Create new device

E] GrandStream




- The important thing is to check the contact info of your GrandStream (device), and copy that
info into GrandStream configuration

7.2 Configuration of GrandStream

- Tofind the IP address of Grandstream, press middle button as shown In the picture below,
and navigate in menu to status, enter the Status

option, and there you will have IP address
T

Device Configuration

All Rights Reserved 2010 Grandstream Networks, Inc.

- Enter Password



You get the new window:

GXP1450 Executive IP Phone

Device Configuration

andstrean

Innovative IP Voice & Video

STATUS Software Version: 1.0.1.26

Status Settings Accounts

STATUS

MAC Address: 00:08:82-28-AC-6E

IP Address: 192 168.88 104

Product Model: GXP1450
Part Number:  9620002110A
Software Version:

boot: 1.0.1.18
core:  1.0.1.20
base: 1.0.1.21
prog: 1.0.1.26
aux: unknown

dsp:  0.49

o Enter Accounts

ACCOUNT 1 | ACCOUNT 2

ACCOUNT 1

Account Active: No ®Yes

I Account Name: Recepbor I

e.0 MyCompany)

SIP Server: ZTASA1878FDS

.0 . Sip. Mycompany com, of IP address
Secondary SIP Server:

.0, sip mycompany com, of IP address

I Qutbound Proxy:

& g, Proxy myprovicer com, of IP address)
SIP User ID: jee 1cbeSd2ed

the user part of an SIP address|

Authenticate 1D: dce 1ebedb2ed

Ot DF SAITSE U GIerenT nom oie UserlD

{ Authenticate Password:

not displayed 10r sacunty protection)

l Name: Dootrna l

opSional, .9, John Doe)

- Green squares are for names, so the first is Account Name that’s what will be displayed on
GrandStream, the 2™ can be like in this example.

- Enter sip server address in SIP Server field

- Username will go into SIP User ID and Authenticate Password

- Password will go into Authenticate Password

- Blue square is Outbound Proxy and you will have to enter Building SIP Server address, in this
case it's 10.20.30.110

When you are done with the configuration update and reboot GrandStream

oo



8. FAQ:

1. My Intercom is not working, it says disconnect.

- In order to have a working InterCom you have to reconnect it, if that doesn’t help, procedure is
next: Go to Main menu - Zipato Settings - SIP Server - click on upper right corner and
press restart, after that wait for a few seconds until all connections are established

- Goto InterCom and it should work

- Check if you are on the right account, sometimes if you have more than one controller, you
may be connected to the wrong one

2. What is ICE protocol?

This protocol is called Interactive Connectivity Establishment (ICE). ICE makes use of the Session
Traversal Utilities for NAT (STUN) protocol and its extension, Traversal Using Relay NAT

(TURN). ICE can be used by any protocol utilizing the offer/answer model, such as the Session
Initiation Protocol (SIP).

NAT- (Network Address Translation or Network Address Translator) is the virtualization of
Internet Protocol (IP) addresses. NAT helps improve security and decrease the number of IP
addresses an organization needs.

3. What is Intercom?

An intercom (intercommunication device), talkback or doorphone is a stand-alone voice
communications system for use within a building or small collection of buildings, functioning
independently of the public telephone network (Azori 2016). Intercoms are generally mounted
permanently in buildings and vehicles. Intercoms can incorporate connections to public address
loudspeaker systems, walkie talkies, telephones, and to other intercom systems. Some intercom
systems incorporate control of devices such as signal lights and door latches.

4. Whatis SIP in Intercom?

Session Initiation Protocol (SIP) is an application-layer control protocol that can establish, modify, and
terminate multimedia sessions (conferences). A session is considered as an exchange of data
between an association of participants, such as Internet telephony calls and video telephony.

5. How does a SIP server work?

SIP (Session Initiation Protocol) is a signaling protocol, widely used for setting up, connecting and
disconnecting communication sessions, typically voice or video calls over the Internet. SIP is a
standardized protocol with its basis coming from the IP community and in most cases uses UDP or
TCP.

There are two types of Internet Protocol (IP) traffic. They are TCP or Transmission Control
Protocol and UDP or User Datagram Protocol. TCP is connection oriented — once a connection is
established, data can be sent bidirectional. UDP is a simpler, connectionless Internet protocol.



6. Whatis SIP Call?

A SIP connection is a marketing term for voice over Internet Protocol (VolP) services offered by many
Internet telephony service providers (ITSPs). The service provides routing of telephone calls from a
client's private branch exchange (PBX) telephone system to the public switched telephone network
(PSTN).

7. What is the SIP Server?

A SIP server is the main component of an IP PBX, and mainly deals with the management of
all SIP calls in the network. A SIP server is also referred to as a SIPProxy or a Registrar.

8. Whatis SIP URI?

In other words, a SIP URI is a user's SIP phone number. The SIP URI resembles an e-mail address
and is written in the following format: SIP-URI = sip:x@y:Port where x=Username and y=host (domain
or IP)

9. Why would you use a SIP?

SIP allows people around the world to communicate using their computers and mobile devices over
the Internet. It is an important part of Internet Telephony and allows you to harness the benefits of
VolIP (voice over IP) and have a rich communication experience.

10. IP PBX

An IP PBX is a private branch exchange (telephone switching system within an enterprise) that
switches calls between VolP (voice over Internet Protocol or IP) users on local lines while allowing all
users to share a certain number of external phone lines. The typical IP PBX can also switch calls
between a VolP user and a traditional telephone user, or between two traditional telephone users in
the same way that a conventional PBX does.



http://searchunifiedcommunications.techtarget.com/definition/private-branch-exchange
http://searchunifiedcommunications.techtarget.com/definition/VoIP
http://searchunifiedcommunications.techtarget.com/definition/Internet-Protocol

