Helios IP - Peer to Peer calling settings

This guide describes basic steps to configure Peer to Peer communication between HeliosIP
and IP telephone Grandstream. All names and IP addresses are only for this example, please change
these information according to your names and IP plan.

Wiring
Connect IP Helios into IP network. Into the same network connect IP telephone Grandstream.

HelioslIP settings
You need to specify IP address and subnet mask for your HeliosIP.

HelioS)!

Network

TELECOMMUNICATIONS
DHCP se Static settings

DHCP client enabled: No || Static IP address:

Network mask:

Advanced Settings
Default gateway:

= Network
i Diata snd Fim Primary DNS: _

Secondary DNS:



Select a contact which is mapped for one touch call (for example for button #1 on your
HelioslIP). You need to modify Phone number for this contact according to your peer telephone. In
the following picture is 192.168.3.166 IP address of IP telephone.

HelioS)

Phone book

TELECOMMUNICATIONS

4l

Basic Settings

={REonehook General settings User activation & deactivation
Position enabled: Yes || Activation code:

Position name: Nr. Smith Deactivation code: _

User current state: Active @hange

Phone numbers

Number 1: sip:x@192.168.3.166
Time profile:
Lock 1 code:
Number 2: I

-loc

Lock 2 code:
Time profile:
Time profile: [not used] |»

Substitute
if inaccessible: [none]



Set up SIP settings according to next picture. IP addresses should match your network plan.

HelioS

SIP Settings

TELECOMMUNICATIONS
Information User settings SIP proxy settings
Display name: HeliosIP Proxy address: 192.168.3.167

User ID: Proxy port: 5060
Domain: 192.168.3.167

Advanced Settings

1
e i Use auth 10: I} S ration
=5IE Seltngs Auth ID: Register Helios IP:
Eac et m Registration expires: 5
Registrar address: 192.168.3.167

Registrar port: 5060

Local SIP port: 5060




In the setting of Video codecs you need to specify RTP payload type. Number “0” means
there is no payload type (2).

HelioS

o=~ Video Codecs

TELECOMMUNICATIONS
H.264 Video codec settings Advanced RTP settings
Video resolution: RTP payload type (1): m
Frame rate: RTP payload type (2): _
Video bitrate:
Video packet size: B

Advanced Settings

Quality settings

QoS DSCP for video: _

= Video Codecs



IP telephone settings (Groundstream)
In these settings do not forget leave the Use Random Port checkbox empty.

Rebaot| Exi

% , GXV3140 Multimedia Phone Ag:lmi-n_i_stration Interface

=

Tooltips appear as you
Call Features ; 3 lsops ] drag your maouse over
. Local RTP Port : |s004 | configuration
= parameters to provide a

Video Settings Use Random Port : O yes more detailed
Application Seftings description ofthem.

Keep-alive Interval {s): 20

STUN Server: stun.ipvideotalk.com

Use nATIP: I

SSL Certificate :

SSL Private Key :

St Private ey Password:

sare




In the next picture you can find SIP settings for Grandstream. Set Local SIP Port to 5060.

[Engisn | v ECHSETES
J GXV3140 Multimedia Phone Admifiistrationsinterface
it —
This parameter

el ahon= : represents the
SE ation: o Yes minimum session

) expiration (in seconds).
Unregister On Reboot ; [ ves The default value is 90

‘Call Settings seconds.

Register Expiration (m): |50 |
Wait Time Retry Registration {s): |20
Local SIP Port: 5060 |
SUBSCRIBE for MWI: [ ves
Session Expiration (s) : 1180 |
Min-SE (s): 90 |
UAC Specify Refresher : | omit
UAS Specify Refresher : [uac
Force INVITE : il Yes
Caller Request Timer : [ ves
Callee Request Timer jial] Yes
Force Timer : [ ves
SIP Transport : |upP
Symmetric RTP : O Yes
Support SIP Instance 1D : Yes




In General Settings you need to specify IP address of SIP server. This is IP address of the peer

partner.

Reboot-Ext
, GXV3140 Multimedia Phone Administrationsinterface

Tooltips appear as you

Account Active : drag your mouse over

- Yeﬂ- configuration

parameters to provide a

‘Account Name : gs more detailed
description of them.

SIP Server 192.168.3.165

SIPUseriD: 100

Authenticate ID 100 |

Authenticate Password vee

Voice Mail UserlD :

m 3 100

User 1D is phone number : Yes
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