How to use 2N SIP Mic with Axis network speakers
Use cases and step-by-step guides
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3.1

Introduction

The first 2N product to be distributed by Axis is 2N SIP Mic, a two-way network microphone console
with a built-in audio management server. It can be easily integrated with Axis network speakers to form
a complete public-address system, possible to purchase from a single distributor. Based on open
standards, 2N SIP Mic can also be connected to other IT systems.

This document describes suggested use cases for 2N SIP Mic with Axis network speaker system, and
provides step-by-step guides for how to configure the hardware. Note that only use cases that support
Axis equipment are described, and for details about other possibilities using 2N SIP Mic, an extended
user manual can be found on 2N website:
https://wiki.2n.cz/sipmic/latest/en/3-funkce-a-uziti/3-2-priklady-nastaveni/3-2-4-http-pozadavek

Hardware

The default login credentials for 2N SIP Mic are "Admin”
(user name) and “2n" (password).

2N SIP Mic comes with DHCP enabled as default setting. To use
the default IP address, 192.168.1.100, press the call button 15
times after restart. For discovery, use the 2N® Helios IP network
scanner found at www.2n.cz/products/2n-network-scanner

This document is intended for setups where 2N SIP Mic is
connected to Axis audio products such as network speakers
AXIS C1004-E, AXIS C2005, and AXIS C3003-E, or network
audio bridge AXIS C8033. The audio system is assumed to be
already in place.
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Trigger audio from 2N SIP Mic

Use transmit.cgi and send HTTP request

2N SIP Mic has support for HTTP trigger with password authentication and can send general VAPIX
commands to all Axis products. However, it cannot receive any VAPIX commands.

When using 2N SIP Mic in combination with Axis network audio systems, it is possible to address zones
for public announcements by using transmit.cgi. A maximum of 12 IP addresses can be assigned per
zonefbutton at the same time. Zones can easily be changed, removed, or added in an instant, over the
network.



Multiple announcement zones

2N Microphone Network speakers
console

3.2 Use SIP calls and DTMF triggers

2N SIP Mic has support for SIP and DTMF (dual-tone multiple-frequency) signals. SIP calls can be
initiated by 2N SIP Mic either via a VoIP PBX, or, if the addressed device is in the same network, as a SIP
peer-to-peer connection. To address many speaker zones, the buttons of 2N SIP Mic may be insufficient.
It is then possible to instead use paging groups defined in the SIP PBX, in order to address the zones.
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Suggested use cases

A brief description of the suggested use cases is provided in the following subsections, and detailed
step-by-step guides are provided in section 5.

In use cases A, B, and C, audio is triggered by using transmit.cgi or sending a http request. In use cases
D, E, and F, audio is triggered using SIP calls and DTMF.

A - Use transmit.cgi for public announcements to one speaker group

A basic installation for this use case could contain 2N SIP Mic in combination with an Axis network
speaker group consisting of products such as AXIS C3003-E, AXIS C1004-E, AXIS C2005 or AXIS C8033.

An operator would address this whole group for a general announcement.

B - Use transmit.cgi for public announcements to several speaker groups

An installation for this use case could contain 2N SIP Mic in combination with an Axis network speaker
group consisting of C1004-E and/or AXIS C2005-E for background music. Two other speaker groups,
consisting of multiple AXIS C3003-E speakers, could be installed in a parking area and in a playground.

An operator could address the first speaker group (playing background music) for a general announcement,
but later on, also the other speaker groups for another announcement to all three zones.

C - Use HTTP request to trigger audio clip stored on leader speaker of a group

A basic installation for this use case could contain 2N SIP Mic in combination with an Axis network
speaker group consisting of products such as AXIS C3003-E, AXIS C1004-E, AXIS C2005, or AXIS C8033.

An operator would trigger an audio clip stored on a speaker, by pressing a button on 2N SIP Mic.
Clip example:
http://ip address of the speaker/axis-cgi/playclip.cgi?location=ding_dong.mp3é&trepeat=-1&volume=100

D - Use SIP for public announcements to one speaker

A basic installation for this use case could contain 2N SIP Mic in combination with an Axis network
speaker group consisting of products such as AXIS C3003-E, AXIS C1004-E, AXIS C2005, or AXIS C8033.

An operator would address an Axis SIP-capable device, in this case AXIS C1004-E, for a general
announcement, by initiating a peer-to-peer call from 2N SIP Mic.

E - Use SIP for public announcements to a speaker group

A basic installation for this use case could contain 2N SIP Mic in combination with an Axis network
speaker group consisting of products such as AXIS C3003-E, AXIS C1004-E, AXIS C2005, or AXIS C8033.

An operator would address the whole speaker group for a general announcement, by initiating a SIP call
from 2N SIP Mic.

F — Use DTMF for public announcement to a speaker group

A basic installation for this use case could contain 2N SIP Mic in combination with an Axis network
speaker group consisting of products such as AXIS C3003-E, AXIS C1004-E, AXIS C2005, or AXIS C8033.

An operator would address a speaker group for playing a pre-recorded message triggered by a DTMF
tone.



5. Step-by-step guides for the use cases

5.1 A - Use transmit.cgi for public announcements to one speaker group

Step 1: Configure a zone with a VAPIX destination.

@« ammm 1. Activate the zone

e <«mmm 2. Name it

3 g——

e srees e 3. Choose VAPIX for “transmit.cgi” .

. «ammm 4. Set credentials

o emmm 5. Set "leader” destination address

6. Save the settings

Step 2: Assign the zone to a 2N SIP Mic button.

s euew ammm 1. Activate the button

ey ammm 2. Name the button

. «mmm 3. Select action

4. Bind the preconfigured zone
to the button

5. Save the settings




5.2 B - Use transmit.cgi for public announcements to several speaker groups

Step 1: Configure a zone with multiple VAPIX destinations, to address several IP addresses in parallel.

@ -~ ammm 1. Activate the zone

..« amm 2. Name it

PRy U Fasr e Ta

s ecar wmmm 3. Choose VAPIX for “transmit.cgi” -

e e 4. Set credentials

wuneammm 5. Set the first destination IP addresg

wmien ammm 6. Set the second destination IP addrgss

«mmm 7. Press “ADD ANOTHER ADDRESS"
to add additional targets

S 8. Save the settings

Step 2: Assign the zone to a 2N SIP Mic button.

& e e 1. Activate the button

«mm 2. Name the button

.- «mmm 3. Select action

4. Bind the preconfigured zone

tothe button

socce e E

5. Save the settings




5.3 C - Use HTTP request to trigger audio clip stored on leader speaker of a group

Step 1: Prepare an audio clip on the leader speaker of the speaker group.

AXISa AXIS C1004-E Network Cabinet Speaker Setup | Help
» Basle Satup Audio Clip List (7]
- Audin Audio Clip List
Ohparsew Hars Lecabean
Systam Sattings FEATE T S B B R ]
Dievice Saltings Sk feciwdodion'siermmgd
ﬁF_[I': Wiy Sy AR AR R g )
I T ek ity _iroul sl
¥ Yalp Sarenn ik Ry T e AT .
«mm 1. Choose a clip to play
¥ Dbectors Imremal marge TRl T e e
L RS ]

Ming: piesg 2 i dahpiivagtens, 1 msl

v Applications

Riny v 3 [ i et 3 v e
» Fuenis | adde | By | Smp | Downked. | Modfy,. | Remow

Languages
» Bystem Oplions

Aboul

Configure Audio Clip Link

bl clip ding_doogmpd - 2. Adjust the Cllp
plm. o o T "

Hwp mamberad iman @ |3

Infirns rbsaats

contigured link, @mmm 3. Use this http string in the 2N SIP Mic config
P82 LG L. 24 g Pl Sp o Tl mtiean Bing_dang mpdhrapaste Dhvaiomes [

Step 2: Configure a 2N SIP Mic button to trigger the audio clip on the speaker.

«mm 1. Choose a button and activate it

o S

ey «mmm 2. Name it

«amm 3. Choose the action "HTTP request’.

4. Type the HTTP request
(Username and password
need to be included into
the string)

5. Save the settings




5.4 D - Use SIP for public announcements to one speaker

Step 1: Enable SIP on the speaker so that it can receive SIP calls.

AXISa AXIS C1004-E Network Cabinet Speaker Setup | Help
v Basic Satup SIP Settings [0}
v Audio P S

* VolP S0 T s w58 seiguann s

Divlraiaw

SIP Sattings

S1P Saltings
# gabies:s «mmm 1. Enable SIP

Tl Limgin | Babaadi &5
P e Incaming SIF Calls
v Applications * atw mpming 15 s emmmm 2. Allow incoming calls
Port Settimgs
* Events eI T
Languages A2 TLE g a1
TR §a5E S8 2550
» Systam Optiens
AT Traversal
kot Enabiu IPef hoex
Ensbls IOR
Enabils ETUN
Erally TUAN
Selactad seduct
A5 18000 (14008 ) = i, | BOO5 WE .
i BS50[0 vl s g [ B ] =
2.726-02 [RESE L3810 [LESSE Ha) -
Advanced SIF Scttings
Digably Aviomatis UGH ts TER Switch
R call durwtian (Hesns) M
Fagatiasan nvacesl (siconds)s |B58
Ay deniigni Band and redwien 7

Step 2: Configure and enable the right VolP settings for peer-to-peer calls on 2N SIP Mic.

@ e ammm 1. Activate SIP for peer2peer

.F 2. Save changes




Step 3: Configure 2N SIP Mic to initiate a peer-to-peer call.

.« ... amm 1. Activate the zone

S— 7 2. Name the zone

Ay b s aaes

-« ammm 3. Destination type must be SIP
e «mmm 4. Direct call for peer2peer -

. «mmm 5. Destination address*
must be a valid SIP URL

6. Save changes
Note that the SIP destination address must be a valid SIP URL that includes a host part before the
@ and the network IP address after the @. In this example the host part can be anything between
0and9.

Step 4: Assign the zone to a 2N SIP Mic button.

@ o wea - e 1. Activate the button

.- ammm 2. Name the button

usan «mmmm 3. Choose action type
announce to zone

5. Save changes

When you press the configured button, 2N SIP Mic will initiate a peer-to-peer SIP call to the defined SIP
destination (the speaker).
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5.5 E - Use SIP for public announcements to a speaker group

Step 1: Enable SIP on the leader speaker so that it can receive SIP calls.

AXIS s AXIS C1004-E Network Cabinet Speaker Setup | Help
SIP Settings (7]

F Bagic Selup
¢ Audio P Setup Assistant
£1371 /= BRCIE BRERIRR Sur ga BIR snslunnioe | S

SIP Settings
¥ Erpbigsre o 1. Enable SIP

Caling prmagat (pagsadn ) L]
b Incoming S1¢ Calls
# Allaw isseming 527 s «mmmm 2. Allow incoming calls

Port Settings
» Evenis 8§30 som e

& applications

Laruddgis E:P TLE parm Lo £
RTF stact patls #3280
HAT Traversal
About EFradie (Ped frory

Ensbla ICE

¥ Bystem Options

Enabile BTun

Enalla TURN
Audio Codec Settings
Availabils codere Ealaried caders

win VERGS [LENE A - PEMA (S He
s BR00 [BOOD ) e B [AB000 Wy
0. T36=33 AROT Mr] LERIRD0G | 10T Y

Advanced SIP Settings

Drabls Autemmalia UOF ba TOF Brildh

B rall guratise (yaepade)i pL o]
Rsgiatration [mbarvul (ssceade]l (100

augg dewmizn Sangd and racave ¥
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Step 2: Configure and enable the right VolP settings to register 2N SIP Mic to a VolP PBX.

iz «mmmm 1. SIP user ID

«mm 2. SIP proxy IP

< u-u: «mmm 3. IP address of registration.server/PBX

i emmm 4, S|P wie ammm 5. SIP password
authentication user

o 6. Save changes

Note: Before you start your configuration, make sure that you have the needed information and resources
to see the configuration through. You can use the device provisioning form to collect the configuration
parameters. Axis provides no support for PBX configuration, but some configuration examples are

available if needed.
1"



Device provisioning form

Brand/type of SIP registrar [ PBX

SIP user ID

SIP authentication user

SIP password

SIP port number (if not 5060)

SIP register address (FQDN)

SIP proxy server address (FQDN)

SIP via UDP or TCP

DTMF RFC2833

DTMF SIP info

Video H.264 support enabled in PBX

Sufficient PBX licenses available

Supported voice codec

RTP port range

Contact details for SIP service provider customer support

Contact details for PBX support

Step 3: Configure 2N SIP Mic to initiat

e a VoIP call to a zone, via a PBX.

7

., ammm 4

T T r—

. «mmm 5. Destination's extension number

1. Activate the zone

2. Name the zone

3. Choose SIP destination
. Choose SIP Proxy .

(called number)

6. Save changes

12



5.6

Step 4: Assign the preconfigured zone to a 2N SIP Mic button.

o coneea o ammm 1. Activate the button

wur «mmm 2. Name the button

e wmmmm 3. Choose action type
announce to zone

. «mmm 4. Select preconfigured zone

5. Save changes

When you press the button, 2N SIP Mic will initiate a call to the destination number (the zone/leader

speaker).

F — Use DTMF for public announcement to a speaker group
Step 1: Enable DTMF on 2N SIP Mic.

=~ «amm 1.Set DTMF mode to SIP info

2. Save changes
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Step 2: Configure a 2N SIP Mic button to send DTMF.

@« ammm 1. Choose a free button
and activate it

poroe emmm 2. Name it

+w «mmm 3. Choose action "DTMF request”

- «mmm 4. Extension number of the SIP device
you want to address or SIP URL

- «mmm 5. DTMF sequence to send

Step 3: Configure the leader speaker to receive DTMF tone.

6. Save changes

AXIS - AXIS C1004-E Network Cabinet Speaker Setup | Help
+ Basic Setup DTMF Sett!ngs .
al DTHF Configuration lor STP Accounts
o e S ) e 3. Cho05e and click
. BT yuing 819 INEG (ARG O] SIP account
Ay lew
19 Balt | O uding KTE et
f-.um :..-Irr.l.?.;; Aspociated OTHI Sequences
. iriE —
2. [oTr sevtinge] -
' DetRctors
+ Appllcations §
v Events ks T
(D Mot secure | 12 GE 1B sdmin/dimi_setabimifdadat:
Languages
A Modify DTMF Configuration (7]
EIF Apguemt: Deartaspasr BRI AiE |
Abrout ' OTMF iy B2F P2 (Rrezivs) e 4. Ensure SIP info
o ETMF wiiag RTP (RPCIE31) is active
OTHF Sequences
Mamg Eaquance
Bla—a: TRET
Gamanan 133 «mm 5. Sequence to listen to
6. Press "Apply" ™= | s S
and "OK" to
save|changes ™= | o« Camea!
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Step 4: Configure the speaker to trigger the action "Play audio clip” upon receiving a DTMF tone.

AXI5 s AXIS C1004-E Network Cabinet Speaker Sutap | alp
¥ Barsdc Satup Action Rules (9]
+ Al ™~ T [Ty s Bt s

W e Ry o - e B Py s 50 .- I
b Vel
- ¥
r Deplaciors
D Mot secarw | 152,148 18R, permnon scton_rule_srupahimildeionon s godfmmeriem
v Applications
Action Rule Saetup (7]
General
# uunoammm 2. Enable and name the rule
Aacusmances I Py
233 Conditien
Latigian g Tegpatt

s e 3. Set trigger and choose DTMF
BT ¥

Aboait bt Ahcnp (o Bctacuia L Hiw ol

b Bystom Optbons

Wt bt 000D Sabyey rperareing S re S 23 T80
e Py dun » «mmm 4. Set action type
(] Irtwrrtd THIRBGE Ao L
Hapust i L - Lo ]
Sapantcip Emaln
¢ Bagued ip otie Tea s o e

5. Save changes mmmm | == fassa
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