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Quick Verification Guide

If this is the first time use of MAPS™ SIP application, then it is recommended to follow all the steps explained in
MAPS-SIP-Quick-Install-Guide to install MAPS™ SIP application before proceeding with the steps below.

Pre-requisites

L; Note: Testbed Set: X
a esthe ETL
The "Warranty Error" as shown in the screenshot may be P
prompted, when the user tries to start the testbed, either the This version of software requires latest warranty license for feature
Warranty licenses are not installed, or the license is expired g5, ) )
q Flease click on below link to download or renew the waranthy licenze:
Ensure that the warranty license hittps: gl com/download-system

The Quick check-out procedure explained in this document requires a PC with 2 NIC cards to perform loopback testing using a
single MAPS™ SIP application.

If the PC has only one NIC card, then the MAPS™ SIP can be tested against any DUT in the network in a similar manner, with
destination IP address and port set to that of the DUT’s.

We assume that the following purchased licenses are installed on the test PC as explained in the MAPS™ SIP Quick Install Guide.
»  PKS120 (MAPS for SIP)

»  PKS102 (PacketGen RTP Soft Core) *

*Note: Additional licenses may be required for optional applications. Please verify that all licenses purchased are installed.

(GLSupportWarrantyLicenselnstaller.exe) is installed and
also confirm that PKS120 (MAPS™ SIP) is listed in Warranty
Application List. Refer to MAPS-SIP-Quick-Install-Guide.

Quick Check Out Procedure

For self-test of MAPS™ SIP application, you may prepare a single PC with 2 NIC cards, one as source and other as destination.
Ensure that both NIC cards are within the same subnet, assigned proper free IP addresses available in the subnet, and connected to a
switch. If the system is connected to a LAN, contact your system administrator to avoid IP address conflicts before you perform the
steps below. If the PC has only one NIC card, then the MAPS™ SIP can be tested against any DUT in the network in a similar
manner, with destination IP address and port set to that of the DUT’s.

For illustration purposes, we assume the IP address for the NIC cards are configured as 192.xx.xx.78 (NIC #1) and 192.xx.xx.74
(NIC #2). Invoke two instances of MAPS™ SIP application.

The configurations below allow first instance of MAPS™ SIP to use NIC 1 IP address as source and the NIC 2 IP address as
destination endpoint. Similarly, the second instance of MAPS™ SIP to use NIC 2 IP address as source and the NIC 1 IP address as
destination endpoint to simulate SIP calls.

Configuring MAPS™ SIP instance as UAS

MAPS

&L

e Right-click on MAPS-SIP short-cut icon BEERIld created on the desktop and select ‘Run as Administrator’. This instance of
MAPS™ is configured for Call Reception.

e By default, Testbed Setup window loaded with TestBedDefault configuration is displayed. Verify the following settings.
» Select End User Configuration parameter and change the profile name to UserAgent_Profilesl.xml
» Set the RTP Core IP address to the NIC #1 IP Address of the system on which the RTP Core should be invoked
» By default, IPSpoofing option is disabled
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=
»  Click on Save As icon l“‘ and save the testbed setup as TestBedDefault_1.xml

MASPS (EIPY (MERPY - [Testbed Setup -TestBedDefault_1] — O X
[ET Configurations Ernulstor Reports  Editor  Debug Tools  Windows  Help - 8 x

Q2 2 B o
H R 9

Config Value
(=] SIP Configuration _DefaultProfile
End User Configuration UserAgent_Profiles.xml Erker Char
RTP Core IP Address 192.168.12.78
|? IPSpoofing Disable Userfgent_Profiles1,xml
+| Enable C5V Profile
@ Initialisation Errars @ Error Events )

e  From MAPS-SIP main window, select Editor = Profile Editor to invoke the Profile Editor window loaded with default
UserAgent_Profiles. From the left pane, choose Profile0001 profile. Verify the following settings:

»  Set Call Type =2 Audio Call
>  Edit Contact Address = 0001@192.168.12.78 _
% Configurations Emulator Reports Editor Debug Tools Windows Help

(Enter the source NIC 1 IP address as SIP URI e W=] & L
here) oe

> Edit Address of Record = 0001@192.168.12.78 T (:M:
(Enter the source NIC 1 IP address as SIP URI
here) 2 Profile0002

3 Profile0003

» Edit To Address = 0001@192.168.12.74 (Enter the 4 Profieaon

MAPS (SIP [ETF) - [Profile Editor -UserAgent_Profiles*]

e

Config Value
B ProfiledD01

] Apply DiffServ Code Point
] Proxy Parameters
] OPTIONS Parameters
=] Call Parameters

destination NIC 2 IP address as SIP URI here) 5 Frofle00os 'TPAd:nTw

>  Edit RTP IP Address = 192.168.12.78 (Enter the o Glpe Auocil
source NIC 1 IP address here) s Profie0oos Address Of Record .

> Scroll down to Codec Options and Traffic 3 Profienons ey PrEr
Configurations and select Codec as PCMU o fronee [ Sphersutefortis .

»  Set Traffic Type to Auto Traffic File type, and [ FTAsomm PESCHLIZLAVMACSH.
Traffic Direction to TxOnly - Local Call Answer Time in msec 0

> By default, Traffic Profile Name is set to L2 500 pamin
Profile0001 o amen e T—

et 5MS Call Parameters

"'E— H+l Authentication Parameters
e  Click on Save As icon lﬁ* option and save the profile as HE) INFO XML Message Body Parameters
UserAgent_Profiles1 and close the Profile Editor [~ EfyMbd””"me* _—
window. I Latesop Disable

H4 Music On Hold
Ul Insert Custom Headers
H#l Call Reception Parameters
H=l Codec Options and Traffic Configuration
Codec Options
= Traffic Configuration
Traffic Type Auto Traffic File
Traffic Direction TOnly
Traffic Profile Name Profile0001
Impairment Type Mone
Impairment Profile Profile0001
1+ IM Cenfiguration
1+ IVR Cenfiguration
+] Custom Profile Settings
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e  On the same MAPS™ S|P instance, select Configuration 2 Incoming Call Handler Configuration to invoke the Incoming

Call Handlers Configuration window. Verify that the SipCallControl.gls script is loaded against the INVITE message.
Close the window.

MAPS (SIP [ETF] - [Incoming Call Handlers Configuration - default] — O h4
K| Configurations  Emulator  Reports  Editor  Debug Tocls  Windows  Help - & X

Q5 il IR

Meszage Mame | Script Mame | Scripts |

INWITE SipCallControl.glz SipCallContral.glz * Sequen
OFTIOMS SipOptionzContral gls ~

NOTIFY SiphotifyContral gls Randon
SUBSCRIBE SipSubscribeCantrol gls

MESSAGE IPSMGEW CalContral gls

REGISTER IPSMGW CalContral gls

BYE BueReTxHandling. glz

Confiquring MAPS™ SIP Instance as UAC

e  Right-click on MAPS-SIP short-cut icon LEESIE created on the desktop and select ‘Run as Administrator’. This instance of
MAPS™ js configured for Call Generation.

e By default, Testbed Setup window is loaded with TestBedDefault configuration is displayed. Verify the following settings:

»  Select End User Configuration parameter and change the profile name to UserAgent_Profiles2.xml
»  Setthe RTP Core IP address to NIC #2 IP Address of the system on which the RTP Core should be invoked
» By default, IPSpoofing option is disabled

»  Click on Save As icon Lﬁ! and save the testbed setup as TestBedDefault_2.xml

FALPS (3IPY (MSRP) - [Testhed Setup -TestBedDefault_£] — O *,
|| Configurations  Ernulator  Reports  Editor  Debug Tools  Windows Help - 8 x
L LY
Qg @ © o
HE @
Config Value
=] SIP Configuration _DefaultProfile
End User Configuration UserAgent_Profiles2 xml Enter Char
RTP Core IP Address 192.168.12.74
IPSpoofing Disable Useragent_Profilesz , xml
| Enable CSV Profile
Skark Edit
@ Initialization Errars @ Error Events i
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e  From MAPS-SIP main window, select Editor = Profile Editor to invoke the Profile Editor window loaded with default
UserAgent_Profiles. From the left pane, choose Profile0001 profile. Verify the following settings:

»  Set Call Type = Audio Call

> Edit Contact Address = [8] Configurations Ernulator Reports  Editor Debug Tools  Windows Help
0001@192.168.12.74 (Enter the source NIC | £x & a B (2]
2 IP address as SIP URI here) HER

>  Edit Address of Record 2>
0001@192.168.12.74 (Enter the source NIC

Value ~

# | Profiles (Edit-F2) Config
B Profile0D01

2 IP address as SIP URI here) 2 Profie0onz ) Apply DiffServ Code Point
. H=l Proxy Parameters

> Edit To Address 2> 0001@1921681278 3 Profile0on3 |: Outbound Proxy Address

(Enter the destination NIC 1 IP address as 4 Profie0004 Expiry Time in sec 3600

SIP URI here) S Profile00os H=l |:C]P'I'IOI'\IS Parameters

) Options Timer in secs 30
> EditRTP IP Address > 192.168.12.74 ° P'°:':9°°°6 Options Target
7 Profilenooz H=] Call Parameters
(Enter the source NIC 2 IP address IP o erctlennoe 1P Address Type Pud
Address here) Transport upp

»  Scroll down to Codec Options and Traffic

9 Profile0009

Call Type

AudioCall

10 Profilz0010 Contact Address 0001 @192.168.12.74
Configurations and select Codec as PCMU Address OF Record 0001@192.168.12.74
. . R To Address 0001@192.168.12.78
»  Set Traffic Type to Auto Traffic File type, Cbmet Mask 555.355.55.0
and Traffic Direction to TxOnly Cipher Suite for TLS ALL
. . . SRTP Disable
» By default, Traffic Profile Name is set to SRTP Algorithm AES. CM_128_HMAC...

Profile0001

Local Call Duration in msec

0

- Local Call Answer Time in msec 0
Hxl MSRP Parameters
H=l SDP Parameters

RTP IP Address

e  Click Save As icon lﬁl and save the profile as
UserAgent_Profiles2 and close the Profile Editor
window.

192.168.12.74

Packetization time in msec 20

Hxl SMS Call Parameters

Hxl Authentication Parameters

H&l INFO XML Message Body Para...

H+l Subscriber Motifier Parameters

- Early Media

- LateSDP

H#l Music On Hold

U+l Insert Custom Headers

Hxl Call Reception Parameters

H=l Codec Options and Traffic Configu...

Codec Options

=] Traffic Configuration
Traffic Type
Traffic Direction
Traffic Profile Name

Impairment Type

Disable
Disable

Auto Traffic File
T Only
Profile0001
Mone
Profile0001

Impairment Profile
+] IM Configuration
2+l IVR Configuration
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e  Click on Start button in the testbed setup of both the MAPS™ instances and wait for the 2 RTP-Core console windows to
appear in the taskbar. If the SIP/RTP Core console does not invoke with the MAPS™ Testbed start-up, refer to Troubleshoot
section explained in https://www.gl.com/Brochures/Brochures/Installation-Instructions-for-Dongle-Programs.pdf.

B ' GL Communication -- RTP [192.168.12.78] : Released on [19.06.20] = X

GL RTPCORE Is Running At [192.168.12.78:30102]

GL RTPCORE Is Connected To SIP Module[192.168.12.78:56840]

GLDK version 19.6.17.0

GL Software RTP Application Is Licensed

GL Software RTP Application Is Licensed AMR-NB RTP Sessions

GL Software RTP Application Is Licensed AMR-WB RTP Sessions

GL Software RTP Application Is Licensed EVRCB RTP Sessions

GL Software RTP Application Is Licensed EVRCC RTP Sessions

GL Software RTP Application Licensed EVRC RTP Sessions

GL Software RTP Application Licensed EVS RTP Sessions

GL Software RTP Application Licensed OPUS RTP Sessions

GL Software RTP Application Licensed 120 PassThrough Fax Sessions
GL Software RTP Application Licensed 120 T.38 Fax Sessions

GL Software RTP Application Licensed Video Simulation

GL Software RTP Application Licensed Rtp Voice Quality Monitoring
RTPCORE Initialisedg

!

° From any of the MAPS™ SIP instance, click on Call Generation icon < on to invoke the Call Generation window.

o By default, user will observe call instances loaded with SipCallControl.gls and SipRegistrationControl.gls scripts and
Profile0001 profile in the Call Generation window.

e  Select the call instance loaded with SipCallControl.gls script and Profile0001 profile and click on button to
execute the script.

=L

=/ Note:

L] User should double-click under Profile and select Profile0001 against the script SipCallControl.gls for the first
time.

e  Wait till call gets terminated, verify the Message Sequence Flow by selecting the call objects at both generation and reception
end.

=/ Note:
L] Click on the Message Sequence tab available on the bottom of the GUI, to observe the ladder diagram for the
established calls.
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e  Select any message in the ladder diagram and observe the respective decode message on the right pane for the respective

message.
MAPS (SIP) - [Call Generation -CallGenDefault] — a *
|4y, Configurations Emulator Reports Editor DebugTools Windows Help _ & x
3 I . 1 a v e
Q5B s vBN #lolels 0 S
Y 3 8@
[ 5rHo [ 5cipt Mame [ Profile | callInfo | Sicipt Execution | sitatus Events | Events Frofile | Result [ a
1 SipRegistrationControl gls Frofile0001 Start Hore | Unkrown
i 2 Start C None I TR
< >
1
Delete | Insert | Refresh | start | startal | [| stooan [w| | Aport Al |
Save |  CoumnWidh |————— T Show Latest
MAPS ouT fird
INVITE sip:0001@192. 1€8 -0
INMITE 17-52-58 529000 Via: SIB/2.0/UDP 152.168. sbranch=zShG4bK-4-104714086-10251-5124
Max-Forward: 70
100 Trying Rllow: INVITE,BYE,CANCEL,ACK, INFO, GFTIONS, SUBSCRIBE, NOTIFY, , REGISTER, UPDATE
TR A From: 0001 <sip:0001E152.1€% 1>; tag=FromTag-1-10471408 288-512.
180 Ringing To: 0001 <sip:0001@152.163 E
17:52:58.570000 Call-ID: GL-MAPS-3-104714086-10250-9124@152.1€6.12.211
200 0K CSeg: 1 INVITE
17:52:58 K36000 Contact: 0001 «sip:0001@152.168.12.211>
A0k Content-Type: application/sdp
17:62:58 723000 Content-Length: 240
Giit 17.53:58.762000 =0
0=0001 32091133 1 IN IP& 152.1€8.12.211
200 OK s=81D Call
TR ALY o=IN IP4 132.168.12.211
t=0 0
m=audic 1030 RTB/AVE 0 8 101
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/B000
a=rtpmap:101 telephone-svent/8000
\ Scripts 3, MﬂsageSeq.lenceK Event Config >\ Script Flow
@ |Initialisation Errors @ Error Events @ Captured Errors @ Link Status Up=0 Down=0
- - ion icon ing recei
e  Onthe second MAPS™ instance, click on Call Reception icon =#* and observe the calls being received.
MAPS (SIP) - [Call Reception] - [m] X
% Configurations Emulater Reports Editer Debug Tools Windows Help -8 %
4 [N ; i T = -~
Q5 5 e % 8 BN | slalo QS
SrNa Script Name Prifile Call Infa Seript Execution Status Events Events Prafile Aesults

Completed

Stop | Stop Al [ Abort | Abort All | ¥ Show Records [ Select Actve Call [ AutoTrash Trash

Save |  ColmnWidh _|————— T ShowLatest

ut MAPS [ Find
INVITE sip:000161 0 SIE/2.0
IHVITE 17-52-53 533000 Via: SIP/2.0/UDP 132. 11:5060; branch=z5hG4bK-4-104714006-10251-5124
Max-Forwards: 70
100 Trying 17555 543000 Allow: INVITE,BYE,CANCEL, ACK, INFO, ODTICNS, SURSCRIBE, NOTIFY, ,RECISTER, UDDATE
From: 0001 <sip:0001@132.18 1>;vag=FromTag-1-10471408 288-912
180 Ringing To: 0001 <sip:O! >
17:52:56.560000 Call-ID: GL- 0-5124@192.168.12.211
200 O, CSeq: 1 INVITZ
17:52:58.681000 Contact: 0001 <sip:0001@152 1€8.12 211>
ACK Content-Type: application/sdp
17.52:56.736000 Content-Length: 240
EvE 17.53:58.768000
1 320891133 1 IN IP4 152.168.12.211
200 8k 17.63:58.776000

=0 0

m=audic 1030 RTB/AVP 0 8 101
a=rtpmap:0 PCMU/8000
a=rtpmap:3 DCMA/8000

a=rtpmap:10l telepl /2000
a=fmtp:101 0-15

a=ptime
a=sendrecw

" Sorpts ), Message Sequence  Event Config ), Scrt Flow

@ _Initialisation Errors & Error Events @ Captured Errors @ Link Status Up=0 Down=0

e  This completes the functional verification of MAPS™ SIP application.

e  For any technical queries, contact GL Communications Inc.
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