MAPS™ SIP - |
(Simulate SIP signaling with encapsulated ITU/ANSI/ETSI ISUP messages)
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MAPS™ SIP-1 Emulator
(SIP-1 and SIP-T Protocol Emulation)
Overview

VolP networks predominantly use SIP to setup and tear down voice calls and increasingly for video and multimedia calls. PSTN
networks predominantly use SS7 to do the same. PSTN SS7 signaling is quite different from SIP signaling and in many cases PSTN SS7
signaling may be richer than SIP. There may be no one-to-one correspondence between SIP signaling messages and SS7 signaling
messages. Also, it may not be possible to enhance SIP to accommodate the additional features of SS7, and vice-a-versa.

When a SIP-1 is used to bridge the SS7 endpoints, the ISUP messages are carried (encapsulated) along with SIP signaling messages.

GL’s Message Automation & Protocol Simulation (MAPS™) is a powerful Protocol Test platform-supporting a wide range protocols.
MAPS™ SIP-I can simulate SIP-ISUP signaling specification as defined by the ITU / IETF standards ITU-T Q.1912.5.

MAPS™ SIP-1 is a test tool/traffic generator can simulate Signaling Gateway / Softswitch as a User Agent Client (UAC) sending SIP
requests with ISUP messages and as a User Agent Server (UAS) receiving requests and returning SIP responses with proper ISUP
messages attached.

Test cases include general messaging and call flow scenarios for multimedia call session setup and control over IP networks. The
application is available as MAPS™ SIP-I (Item # PKS126).

MAPS™ can support transmission and detection of various RTP traffic such as, digits, voice file, tones, fax, and IVR over IP networks,
with additional RTP traffic licensing. It also supports auto traffic impairment with packet loss, latency, and packet effect, over the
duration of the call. For more details, refer to RTP Traffic Generator.

MAPS™ SIP-1 supports Secure Real-time Transport Protocol (or SRTP) traffic initialized over TLS (Transport Layer Security) Transport /
SSL (OpenSSL) with a Certificate and Key. To Secure traffic communication between the Client-server, applications use the TLS protocol
across a network, adding SRTP (secure RTP). SRTP encrypts the actual media portion of the calls preventing eavesdropping and
tampering

MAPS™ SIPI provides global statistics for RTP audio traffic. Voice quality metrics includes Listening MOS, Conversational MOS,
PacketLoss, Discarded Packets, Out of Sequence Packets, Duplicate Packets, Delay and Jitter.

MAPS™ supports stress and load testing with massive UA generation using CSV based profiles configured with 'n’ number of User Agent
(UA) unique parameters.

MAPS™ supports Command Line Interface (CLI) allowing remote controlling of the application through multiple command-line based
clients. MAPS™ can be configured as server-side application which can be controlled using commands from the client environment.
Supported clients include TCL, Python, Java and C#.

For more information, please visit MAPS™ SIP-1 Emulator webpage.
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Main Features

Signaling

Supports both UDP and TCP (lpv4 and lpv6).

Generates and processes SIP-1 valid and invalid messages.

Each SIP-I message template facilitates customization of the protocol fields and access to the various protocol fields from the
scripts.

Handles Retransmissions and Remote Retransmissions.

Scripted call generation and call reception.

Traffic

Supports transmission and detection of various RTP auto traffic such as, digits, voice file, tones, fax, and IVR in IP networks. It
also supports user-defined traffic over a call.

Supports auto traffic impairments with packet loss, latency, and packet effect, over the duration of the call.

Supports various codecs in the Session Description Protocol (SDP).

Supported codec types includes G.711, G.729, G.726, GSM, AMR, EVRC, SMV, iLBC, SPEEX, G.722, and more.
Click here for comprehensive information on supported codecs. *AMR and EVRC variants require additional licenses.

Supports Secure Real-time Transport Protocol (or SRTP) traffic initialized over TLS (Transport Layer Security) or SSL (OpenSSL).

Other Features

CLi

User defined statistics for voice quality metrics including Listening MOS, Conversational MOS, PacketLoss, Discarded Packets,
Out of Sequence Packets, Duplicate Packets, Delay and lJitter.

Automation, Remote access, and Schedulers to run tests 24/7

Supported on Windows® 8 or higher version operating systems.

Supports 64-bit version to enhance signaling performance.

Enhanced with CSV based profiles feature supporting massive UA simulation (up to 20,000 users).

Supports Client-Server functionality requires additional license; clients supported are TCL, Python, VBScript, Java and .Net.

Applications

Simulates Signaling Gateway, Softswitch with SIP-1 (Profile C) support to test interworking of PSTN services over IP networks.
Fully integrated, complete test environment for SIP-1 or SIP-T.

© GL Communications Inc.
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Scenario 1: MAPS™ SIP-I acting as UAS & testing UAC
MAPS™ SIP-I acting as UAS receives messages from UAC (DUT) that generates SIP messages.

DUT MAPS™ SIP-|
Scenario 2: MAPS™ SIP-I acting as UAC & testing UAS

MAPS™ SIP-I can be configured to act as UAC and to test UAS. This allows the call scenarios to be automated and test DUTSs.

MAPS™ SIP-I DUT

Test Bed Configuration

The configuration window allows users to setup the required test environment to simulate messaging from different SIP entities such as
the User Agent Client (MAPS™) - to - DUT (UAS), and User Agent Server (MAPS™)-to DUT (DUT - SoftPhone, IPPhone). Note that the
SoftPhone, IPPhone used as DUT should support SIP-I messages. Default profile is used to configure MAPS™ SIP-I end-users.

MAPS (Message Automation Protocol Simulation) (Sipl ITU) - [Testbed Setup - TestBedDefault] e a X

% Configurations Emulator Reports Editor Debug Tools Windows Help

FEIEYENT 1 B PR
HER ]

- | X

Config Value [V Enable
(=) SIP Configuration
End User Configuration UserAgent_Profiles....
F RTP Core IP Address 192.168.1.31
IPSpoofing Disable

Start I Edit I

@ Initialisation Errors | @ ErrorEvents |

2|
Figure: Testbed Configuration

Document Number: PKS126-01

© GL Communications Inc.
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Pre-processing Tools

Script Editor

The script editor allows the user to create / edit scripts and access protocol fields as variables for the message template parameters.
The script uses pre-defined message templates to perform send and receive actions.

& ScriptEditor - [C:\Program Files\GL C Inc\MAPS-SIPI ipI\ITU\Scripts\SipCallControl.gls] - o X
& File View Edit Shortcuts Tools Help -J&]x
D& HE X =@ |0 2
2 | Command Window (=[x]f o SipCaliControl* b x Z
B T ~ 3
3 || & Conditional & Fiow Control 2 2
5 [| @ Variable 3 m bles if global Conf from 5.1.12 release or ¢ §
3 [ & Mepscl 4 u .
] Send Clent Response s v
= CLI Command 6 ctpisp
Report Event 7, IpAddress
E}-Logs / Comment
Error Log 9
Eventlog 10 1eCLI = 1;
LogFie 1
Add Comment 12/ u): For CSV file as profiles
- Init 13 ableCSVFile)
- Chid Saript 14 ProfileLoaded)
Dotabase 15 si) edProfile = $LoadedProfileName;
Send Report 16 7/ Log ("Auto SipLoadedProfile LoadedP: = ", LoadedPro
Resume 17 e
Retum GetProfileNameFromIndex (_DefaultProfile, 0, LoadedProfileName):
Include Loadprofile (_DefaultProfile,LoadedProfileName);
Exit EventLog ( loaded ", LoadedProfileName) ;
B} Utiity Functions // Exro Lc ", LoadedProfileName) ;
&) Traffic Commands 22 if
25/ vent(Script =
26 alize Vari.
27, Count = 1; // to keep track of total VQT iterationms.
28 edProfile
29 SIPPort = 5060;
30, pPort = 1024;
31 pPort = 1024;
32
33 :
34 ate = "NULL"
35
36 V.
< >
Ready Line Count - 11041 Line : 27 Col : 21 INUM Z

Figure: Script Editor

Profile Editor

This feature allows loading profile to edit the values of the variables using GUI, replacing the original value of the variables in the
message template. An XML file defines a set of multiple profiles with varying parameter values that allow users to configure call
instances in call generation and to receive calls.

Traffic profiles are available supporting RTP traffic types - Auto Traffic Digits, Auto Traffic File, Auto Traffic Tones, Auto Traffic Fax, IVR,
and User-defined traffic.

MAPS (Message A Protocol Simulati (Sipl ITU) - [Profile Editor - UserAgent_Profiles] - m] X
5] Configurations Emulator Reports Editor Debug Tools Windows Help - &) %
4 L n

CAEE RN d IEKY PR

HR . ]

= | Profiles (EditF2 Config Value A [[[% €nable

1 Profie0001 {12 Profile0001

2 Profie0002 Hl Apply DiffServ Code Point

H=) Proxy Parameters

3 Profie0003 I: Outbound Proxy Address

4 Profie0004 Expiry Time in sec 3600

5 Profie0005 H=) OPTIONS Parameters
I: Options Timer in secs 30

617 Profie0005 Options Target

7 Profile0007 H=) Call Parameters

8 Profie0008 - IP Address Type 1Pv4

A - Transport uop

S EIIE000% L Call Type AudioCall

10 Profie0010 - Contact Address 9880325901@192.168...
- Address Of Record 9880325901@192.168...
- To Address 8431908401@192.168...
- Subnet Mask 255.255.255.0
- Cipher Suite for TLS ALL
- SRTP Disable
- SRTP Algorithm AES_CM_128 HMAC...
- Local Call Duration in msec 0 Add | Insert Delete
- Local Call Answer Timein msec 0 © Properties

Insert Delete Clear
[ ] Errors @ Error Events @ Captured Errors

Figure: Profile Editor

© GL Communications Inc.
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MAPS™ S|P-l Call Flow Scenarios

MAPS™ SIP-l is configured as a User Agent Client (UAC) in ISUP-IP network. It can generate calls to a Device under Test (DUT) and the
DUT can be any IP Phone, Soft phone, Proxies, Registrar, or any SIP Server that supports ISUP-IP interworking.

22 1AM
Digits | "7 o INVITE (with Initial Address)
100 Tryi
rying -
_
¢ ACM Ringing
180 (with Address Complete)
T 200
Ringing ACM ANM
%
. «—
Tone 200 OK (with Answer) Offhook
ANM
et
ACK
Audio Path
REL
Hangup -y BYE (with Release) REL
_
RLC
RLC 200 OK (with Release Complete)|<——————— Onhook
Onhook | ™~

Call Generation and Reception

In call generation, MAPS™ is configured for the out going messages, while in call receive mode, it is configured to respond to incoming
messages. Tests can be configured to run once, multiple iterations and continuously. Also, allows users to create multiple entries using

quick configuration feature.

The editor allows to run the added scripts sequentially (order in which the scripts are added in the window) or randomly (any script
from the list of added script as per the call flow requirements).

The test scripts may be started manually or they can be automatically triggered by incoming messages.

% Configurations Emulator Reports Editor Windows Help

MEE
[ N
QELs 3B ¢ ¢ @
HEB . 8 (el
| siNo Scipt Name Profile CallInfo Script Execution Status Events Ev.. Resut  Tolallteralions Completed lteratior A
SigCalContiolgle 27031 4784@192.168.1.141 Start [ CollTeminated NN [ P |1 | 1 H
2 SipCalControl ls Profie0002 GLMAPS_1_1736676551-7011-7996@192168.1.141 Start | Call Teminated MNone | Pass 1 1
3 SipCalControl ls Profie0003 GLMAPS_1_1736676551-6999.6172@192168.1.141 Start | Call Teminated None | Pass 1 1
4 SipCalControl gls Profie0004 GLMAPS_1_1736676551-70156036@192168.1.141 Start | Col Teminated None | Pass 1 1 S
Sk i ARl esaion = - , - i A z 2
< " >
Add Delete Insert || Refresh Start Start Al Stop Al Abor,
| Save ComnWidth ——{}—————————————— # Configurations Emulator Reports Editor Windows Help -18x]
INVITE sip:843190 E o 's
MAPS out Via: s1p/2.0/UDP Q8 %' > 88 a i )
Jpiex Toxwaras: 70 Bicino Sciipt Name Cal Info Scipt Execulion Status Events Even.. Resuls "
| ] 1 g GLMAPS_1_ 003 5036@192168.1.141 C I T
100 Tiying 244000 e eaatatatoiicn 2 GLMAPS_1_1736676551-7015 6036@192 1681141 Pass
i lca11-1D: er-aavs 3 GLMAPS_1_1736676552-7031-4784@192 1681141 Pass .
180 Ringing -- ADDRESS COMPLETE e oiein CSeq: 1 INVITE 4 GLMAPS_1_1736676551.6933.6172@192 1681141 Pass
e IContact: 98803259 5 576551-7011-7936@192.168.1.141 Pass
200 OK - ANSWER Content-Type: mul 6 76551 1681141 Pass
I E— L T Content-Length: § 7 GLMAPS_1_1736676552-7035-6036@132 168.1.141 Pass
ACK —— 8 GLMAPS_1_17366765527028:6172@192 1681141 Pass &
3 5 i ihias i e S ..
Digis Transmitted :: 12345678304BCD — i Abort [VIshowRecords [JAutoTrash | Trash
=0
" ——
Digits Detected :: 123456783048CD T M O e Save |  CobnnWidh - _
S Rean] == [THVITE sip:8431084060192. 168.1.231 SIP/2.0 ~
BYE - RELEASE o — e il e MAPS via woe 1523631 14 o
e=0 0
[Allow: INVITE,BYE,CANCEL,ACK, INFO, PRACK, COMET, OPTIONS, SUBSCRIBE, NOTIFY, REGISTER, UPDATE
 mocrmseomse | 2 sone oo | | - v :
]/1:47:58.500000 a=rtpmap:s POMA/E 100 Tiying 728422000 168.1.231 e
a=rtpmap:0 PCMU/E [Cal1-ID: GL-MAPS_1_1736676551-7003-50366192.168.1.141
a=rtpmap:18 G729/ | g—120 Ringing - ADDRESS COMPLETE___ {15 425000 (cSeq: 1 mwvITE
a=fmto:18 annexb= 200 OK - ANSWER 168.1.141>
i L i |5 e ——emasmmn ([ e e
Scrts ), Message Sequence ( Event Config )\ Scipt Flow // Ak Ty .
Dighs Transmited - 123456789048CD (contanc-Type: applicaion/sdp
om0
DipheDotaciod 1] 23467BSOUHEE 733343000 33852538 33852538 IN TP 152.168.1.141
s=S1P Call
BYE - RELEASE 758571000 c=IN IP4 192.168.1.141
=0 0
200 OK - RELEASE COMPLETE lmmaudio 1026 RTP/AVP & 0 18 3 101
[ (usesmn amzepmap:e PQMA/8000
a=ztpmap:0 PMU/2000 o
" - | ety 5
Scrpts ), Message Sequence (Event Corfig )\ Scrit Flow )\ Capture Everts
@ Error Events o G @ _Link Staty

Figure: Call Generation and Reception

Document Number: PKS126-01
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SIP-l Messages

‘Messages’ are created using pre-defined Message Templates, which are then internally called by the certain commands in the script,

based on the scenario requirement. A message template is nothing but a text file containing a SIP message to which ISUP message are
attached at the run time. ISUP Message Templates are created using Message Editor, in which user can specify values of certain fields
to be supplied at run time.

Users may also create custom message templates and place it in these directories for later use with Script Editor.
SIP-I uses multipart MIME bodies to enable SIP messages to contain multiple payloads (SDP, ISUP, etc.).

The SIP headers and encapsulated ISUP bodies form the SIP requests. The SIP headers takes precedence over the ISUP as the contents
of SIP headers may be updated in routing within the IP network.

s Message Editor - InitialAddress

File View Direction Tools Help

=~
Zd ? X
FrameNo [ | E-ISUP A —
1 T [Inital address = 1 ~|
= Mandatory Fixed Parameters [Intialaddess=1 N
& Nature Of Connection Indicators Parameter ork Address = 2
S atlte miotr Information request(national use) = 3
el [national use) = 4
Continuity check indicator Continuity = 5
Echo ctil dev.ind(Nat.Conn.Ind) Address complete =6
&) Foward Call Indicators Parameter Connect =7
- Forward Transfer = 8
National/intemational callind Pestment)-
End-to-end method indicator Release = 12
Interworking Indicator Suspend =13
End+o-end infot.ind(ForwardCal Ind) gewme;“d_ B vt e
ISDN User Part Indicator eservediused i 104 version)iudF) <
i Release Complete = 16
ISDN User Part Preferences Indicators Continuity check request = 17
ISDN Access Ind(ForwardCall Ind) Reset Circuit = 18
SCCP method indicator B'Ol;:rlnﬁ = 1920
Ported number translation indicator yooKn =
Caling Party Ca P Blocking acknowledgement = 21
€3 Caling Party Category Parameter Unblocking acknowledgement = 22
Calling Party's Category Circuit group reset = 23
= Transmission Medium Reauirement Parameter v | Circuit group blocking = 24
ISUP Layer =——==———===== =
0000 Message Type = 00000001 Initial address
Mandatory Fixed Parameters =
Nature Of Connection Indicators Parameter =
0001  Satellite indicator = ......00 no satellite circuit in the connection
0001  Continuity check indicator = . continuity check not required
0001 Echo ctrl dev.ind(Nat.Conn.Ind) = outgoing echo control device not included|
Forward Call Indicators Parameter =
0002  National/international call ind I 0 treated as a national call
0002  End-to-end method indicator = . No end-to-end method available
0002  Interworking Indicator = no interworking encountered (No. 7 signall
0002  End-to-end infor.ind(ForwardCall.Ind) = not available
0002  ISDN User Part Indicator = . not used all the way
0002  ISDN User Part Preferences Indicators = .. preferred all the way (default)
0003  ISDN Access Ind(ForwardCall Ind) = .0 Originating Access non-ISDN
0003 SCCP method indicator = .....00. No Indication
0003 Ported number translation indicator = ...0.... Number not translated

Calling Party Category Parameter

0004 Calling Party's Category 00000000 calling party's category unknown (defaultd|

Transmission Medium Requirement Parameter

Figure: SIP-1 Messages
The following illustrates the ISUP (IAM) message encapsulation in the SIP (INVITE.txt) message:
send "Invite.txt" SendIp Port "IAMSIPI" "InitialAddressimport";

\ Invite.txt

I | --unique-boundary-1
: c | Content-Type: application/sdp % i
i v=0 || InitialAddress.hdl
100 Trying ; Ipwte Ot 1 o0=$Username 3385293833852938IN S
: {carrying BURmes=age) ILF= | SAddressType SMedialPAddress
180 Ringing— ANSWER COMPLETE \ S _' =
* | c=IN SAddressType SMedialPAddress
200 OK- ANSWER t=00
m=audio SMediaPort RTP/AVP SPayloadList
ACK Sattributes
--unique-boundary-1
BYE - RELEASE Content-Type: application/ISUP; version=gr394;
base=gr394
200 OK— RELEASE COMPLETE Content-Disposition: signal;handling=required L=
/,/
SReplaceSipl y

© GL Communications Inc.
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Bulk Call Generation

The CSV database system used within MAPS™ SIPI is a simple Excel® file format, which can be used to create N number of UA entries
each with unique UA parameters in real-time bulk call simulation. For MAPS™ to work with CSV profiles, it is required to enable CSV

Profile. They get initialized when test bed is started. The records are accessed using the commands within the scripts. The below figure
ing CSV File.

depicts sample CSV File and Bulk Calls Simulation us
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CJ A = fooe] Bmineat ~+ T AN
jgg Calibri n KN 2 Genenl F —_
Pate o |B I u-|H-|Q-A B-(F-%° |93 éfn':‘d";:"‘;'f % Configurations Emulator Reports Editor Windows Help = EE]
Clipboard % Font r Alignment 5 Number 5 sof: ¥ & % ® 8P ¢ (2
Al v f< || Contact
A B c D E | siNo Events E  Resut Total lterat A
1 [contact laddressofrecord 1o subnetMask username  pas | sIP_TeminateCal [N IEEEENN I
2 [1000@192.168.12.26 1000@192.168.12.26  0001@192.168.12.209 255.255.255.0 gl Fl g s GLMAPS-|—71452213450623432@|92188>: - se e :::—;"mi:} :““
i MAPS_ 1. 5062- [ — end_Fie > Ten ass
3 |1001@192.168.12.27 1001@192.168.12.27  0001@192.168.12.209 255.255.255.0 gl g . Py GLMAPS 1 71452219350341060@152 1601 NNSTGNNNN e FleStated _SIP TeminateCal | iy N
4 |1002@192.168.12.28 1002@192.166.12.28  0001@192.168.12.209 255.255.255.0 gl g 5 SipCalContiolgls GLMAPS_1_7145221835041.36320192 1661 [MNSIEMMMN| Send_FieStated _ SIP.TeminateCal | Pass
5 |1003@192.168.12.31 1003@192.168.12.31  0001@192.168.12.209 255.255.255.0 gl g 6 SipCalContiolgls GLMAPS_1_71452218350401952@192 1661 [NNSIOpMN| Send FleStated _ SIP_ TeminateCal | Pass
6 |1004@192.168.12.34 1004@192.168.12.34  0001@192.168.12.209  255.255.255.0 gl g 4 SipCalControl gls. GLMAPS_1_714522184-50581812@192.168.1 S tEammmm| Send_FieStated _ SIP_TeminateCall | Pass
7 |1005@192.168.12.216 1005@192.168.12.216 0001@192.168.12.209 255.255.255.0 gl I g 23"’3’"::::’ gtws—:—;::g:ﬁmigﬁlglg: | ::‘}E:ﬁﬂ:: ::::-I"""‘"‘C:JI E"“
AlControl gls MAPS_1_ - S — f_File: °_TeminateC ass
[R11006@192:160.12.216 1005@192.168:12: 216, [0001@192:160:12:209, 12552552550 Jg) gl SioCalCortiolals GLMAPS 1 7145221835054-1066@192 16,1 INNNSIGAMI]  Send FileStated  SIP TeminateCal | Pass v
9 |1007@192.168.12.216 1007@192.168.12.216  0001@192.168.12.209 255.255.255.0 gl P IKS [
10 1008@192.168.12.216 1008@192.168.12.216 0001@192.168.12.209 255.255.255.0 gl g
11/1009@192.168.12.217 1009@192.168.12.217 0001@192.168.12.209 255.255.255.0 gl g Add Delete. Insert Refresh Start Al Stop Stop Al Abort Abort Al
12 1010@192.168.12.216 1010@192.168.12.216 0001@192.168.12.209 255.255.255.0 gl g Save | CokmnWidh T
13 |1011@192.168.12.218 1011@192.168.12.218 0001@192.168.12.209  255.255.255.0 gl g o ‘ INVITE sip:00010152.168.1.143 SIP/2.0
14 |1012@192.168.12.216 1012@192.168.12.216 0001@192.168.12.209  255.255.255.0 gl g il b | e e e e e e
15 1013@192.168.12.216 1013@192.168.12.216 0001@192.168.12.209 255.255.255.0 gl g _ [ALlow: INVITE,BYE,CANCEL,ACK, ko cprzons, SuBscss, oTiEy ereR,sEcisTia
1 Y .12, ., .12, . .12, % % g 92.168.
6 1014@192.168.12.216 1014@192.168.12.216 0001@192.168.12.209 255.255.255.0 gl g 700 Tiying e e
17 |1015@192.168.12.234 1015@192.168.12.234 0001@192.168.12.209  255.255.255.0 gl g i ot s
18 1016@192.168.12.216 1016@192.168.12.216 0001@192.168.12.209 255.255.255.0 gl g 160) Rt R
. 2.168.1.141>
19 1017@192.168.12.216 1017@192.168.12.216 0001@192.168.12.209  255.255.255.0 gl g 200 0K s Tsh: eaciaia
20 (1018@192.168.12.216 1018@192.168.12.216 0001@192.166.12.209 255.255.255.0 gl g 1 Content-Length: 246
211019@192.168.12.216 1019@192.168.12.216 0001@192.168.12.209 255.255.255.0 gl g L2S -
22 [o=0001 33852938 33852938 IN IP4 192.168.1.141
22 1 s=SIP Call
] I IN IP4 192.168.1.141
Bulk_UA Profiles.csv ® < e
Readv [m=audio 1086 RTP/AVP 0 8 101
a=rtpmap:0 PCMU/8000
< " >
Scrpts ), Message Sequence  Event Corfig ) Script Flow

Figure:

Command Line Interface

MAPS™ can be configured as server-side application, to enable remote controlling of the application through multiple command-line
based clients. Supported clients include TCL, Python,

Sample CSV File and Bulk Call Generation

VBScript, Java, and .Net.

Clients can remotely perform all functions such as start testbed setup, load scripts, and profiles, apply user events such as send digits/

file/tones, detect digits/file/tones, dial, originate call, terminate call, start and stop traffic and so on. User can also generate and

receive calls through commands. This client application is distributed along with MAPS™ Server application. The below figure shows

sample Python Client Script and MAPS CLI Server.

‘ | ytron 3.2.5 Shell - o X

file Edit Shel Debug Options Window kelp
Python 3.7.5 .tays/v3.7.5:5c02a39a0b, Oct 15 2019, 00:1::34) [MSC v.1915 64 bit A
(AMD64)] on win32

Type "help”, "copyright”,
>>>

= RESTARIT C:)Program riles\G. CONDUNICEC1ONS Inc)4APS-351P1\FYCRONClien:)exanpls
s\ SIPI\SipBas:chnsCall.py

SERVER INITIALIZED

VAITING FOR INCOMING CALL..

CALL CONNECTED

RTP Action pass

12:17:42.072 <~ INVITZ

INVITE sip:98803255010192.168.12.105 3IF/2.0

Via: SIP/2.0/UDP 1£2.168.12.101:5060;orcnch-sOhC1bX 11 15551C600 7164 3712
Hax-Forwards: 70

Allow: INVITE,BYE,CANCEL, ACK, INFO, PRACK,COMET, OPTIONS, SUBSCRIBE, NOTIFY, REGISTER,
UPDATE

From: 8431908401 <sip:84319083010192.16€.12.104>; tag=FromTag-11-155540690-7461-3
712

To: 988032590 <sip:98803259018192.163.12.105>

Call-1D: GL-MAP3-13-155540690-7463-37120192.168.12.104

CSeq: 1 INVITE

Contact: 8431908401 <sip:843190840:0132.168.12.104>

Supported: 100rel

Content-Type: multipart/mixed: boundary=unigque-bouadsry-1

Content-length: 472

"credits" or "license)” for nor: information.

--unique-boundary-1
Cantenr-Type: application/sdp

v=0

©=0421900401 99035235 1 IN IP4 192.16).12.104

s=SIP Call

N IP4 192.:

o

wdio 1024 RTP/AVP 0 8 101

tpmap:0 PCHU/30C0

tpmap:8 PCHA/30C0

Tpmap: 101 tel=ptone-event/8000

a=fmrp:101 N-"5

a=ptine:20

a=sendrecv v
Ln: 216 Col:4

68.12.104

CIi MapsCLI - Untited
[E| Flle Edit VIeW
DEW

f_ View Latest Ccmmand

2020-3-18 12:17:31.8750C0 : Start "TestBedDefault xml" ;

2020-3-18 12:17:31.9790C0 : LoadProfie "UserAgen:_Profiles.xm"

2020-3-18 12:17:32.1980C0 : Apply Glodal onflguretlon# '_EnanleC.I"=1;
2020-3-18 12:17:32.1980C0 : Inconmg(allHandhr #"TINVITE'= "SpCdlControI
2020-3-18 12:17:<2,2600C0 : UserEvert 200003 “Setvar able"# “ZodecOrtion
2020-3-18 12:17:¢2.373000 :
2020-3-18 12:17:¢2.4800C0 : UserEvent 200003 "SIP_AcceptCall';

2020 3 18 12:17:72.5910C0 : UscrEvert 200003 "GetCalStatus";

2020-3-18 12:17:¢3.683000 : UserEvent 200003 "SendFie"# "TxFileName'=
2020-3-18 12:17:53.7490C0 : UserEvent 200003 “SIP_TerminateCall”;
MN2N-3-18 12:17:53.85800N : |lserFvert 200003 "GetMecsag2Cannt”;
2020-3-18 12:17:53.9640C0 : UserEvert 200003 "GetMessagzInfa"# ‘Index"=0;
2020-3-18 12:17:54.0730C0 : UserEverd. 200003 "GelMessay=Inf 0% ‘Tidex"=
2020-3-18 12:17:54.1880C0 : UserEverk 200003 "GetMessagzInf"# 'Index"=
2020-3-18 12:17:54.2940C0 : UserEverk: 200003 "GetMessagzInfa"# ‘Index"
2020-3-18 12:17:54.4040C0 : UserEvert 200003 "GetMessagaInfa"# 'Index’
2020-3-18 12:17:54.5:10C0 : UserEvert 200003 "GetMessagzInfa"# ‘Index
2 1 2020-3-18 12:17:54.5240C0 : UserEvert 200003 "GetMessagzInfa s ‘Index"=
= 11 2020-3-18 12:17:54.7290C0 : StopScrip: 200003;

cerverLoq errCode = 0,errString = connection has bzen Jraczfullz closed “or Clientld =3

3

Figure: Sample Python Client and MAPS CLI Server

Document Number: PKS126-01

5 "IsﬁpiCIi’nt"—"TrJe
0001";
UserEvent 200003 "SetVar able"# "2acketization:ime’="22";

“yaicefiles\Send\G71 1\LLAW Vijay. gha", "TxFileDuration'

© GL Communications Inc.
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Page 8
Supported Protocol Standards

Available Standards Standard / Specification Used

SIP-I (Profile-C) ITU Q.1912.5 - Interworking between Session Initiation Protocol (SIP) and
ISDN User Part

ND1007:2001/07, PNO-ISC/SPEC/007- Interworking between Session
Initiation Protocol (SIP) and UK ISDN User Part (UK ISUP)

SIP-T IETF RFC 3372

© GL Communications Inc.



Page 9

Buyer’s Guide

Item No Product Description

PKS126 MAPS™ SIP-|

PKS102 RTP Soft Core for RTP Traffic Generation
PKS103 RTP IuUP Softcore

PKS107 RTP EUROCAE ED137

PKS108 RTP Voice Quality Measurements
PKS200 RTP Pass Through Fax Emulation
PKS202 2 Fax Ports, RO

PKS203 8 Fax Ports, RO

PKS204 30 Fax Ports, RO

PKS205 60 Fax Ports, RO

PKS206 120 Fax Ports, RO

PCD103 AMR codec for MAPS™

PCD104 EVRC codec for MAPS™

PCD105 EVR_B codec for MAPS™

PCD106 EVR_C codec for MAPS™

Item No Related Software

PKS120 MAPS™ SIP

PKS122 MAPS™ MEGACO

PKS124 MAPS™ MGCP

PKS135 MAPS™ ISDN-SIGTRAN (ISDN over IP)
PKS130 MAPS™ SIGTRAN (SS7 over IP)

PKS140 MAPS™ LTE S1 Interface

PKS142 MAPS™ LTE eGTP (S11, S5/S8) Interfaces
PKS164 MAPS™ UMTS IuPS (over IP) Interface Emulation
PKS160 MAPS™ UMTS IuCS and IuH Interface Emulation

Note: PCs which include GL hardware/software require Intel or AMD processors for compliance.

For more information, please visit Signaling and Traffic Simulator webpage.

O GL Communications Inc.

818 West Diamond Avenue - Third Floor, Gaithersburg, MD 20878, U.S.A
(Web) www.gl.com - (V) +1-301-670-4784 (F) +1-301-670-9187 - (E-Mail) info@gl.com
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