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Overview

GL’s RTP ToolBox " testing and simulation tool is designed not only to monitor RTP and RTCP
packets, but also to allow users to manually create and terminate RTP sessions, independent of
Generates or Captures Single/ call-signaling protocols such as SIP, H323, MEGACO, or MGCP.

DIEINA DB CHECRA AL WA | This tool can be used for testing and developing enhanced voice features (VAD, echo

MFR2 Digits cancellation, codec, digit regeneration, digit generation, fax over IP, jitter implementation, and
IR B more) within end-user equipment (IP Phones, ATA, MTA etc), testing media gateway telephony
interfaces, end-to-end network testing before and during VolP deployment, automated testing
of digital signal processing embedded into network elements.

Main F r
Generates / Captures RFC-2833 a eatures ) ) ] )
& 4733 Digits & Events e (Create RTP sessions & Auto scan incoming RTP sessions.

EEEEEEEEEEEEER e Supported Codec’s: G.711 (Mu-law/A-law), G.729a, G.729b, G.726-5 bit 40kbps/4 bit 32
kbps/3 bit 24 kbps/2 bit 16kbps, G.726-40/32/24/16kbps with VAD, GSM (Full rate), AMR (All
rates), EVRC, EVRCO, EVRCB, EVRCBO, EVRC_C, SMV, ILBC (20 msec), ILBC (30 msec), SPEEX,
G.722, G.722.1, SPEEX_WB, G.711 App Il (ALaw & MulLaw with VAD), iSAC, and AMR_WB
Delay and Attenuate for e (Call generation and reception ability provides UA simulation (up to 8 UAs through CLI).
Incoming RTP Traffic e Customize codec options (payload type, ptime) for UA during Call Generation & Reception.
EEEEEEEEEEEENER . . . . .

e Set the RTP traffic properties (payload type, codec) and impairments during auto-scan.

e Monitoring RTP streams and captured data using scalable Oscilloscope and Spectrum Analyzer.
e Generation / Detection of in-band and out-of-band Digits / Tones (DTMF, MF, user-defined,

Graphically Represents Jitter etc) / Events per RFC-2833 & RFC-4733.
Buffer Statistics, and e Set delay and attenuate for incoming RTP traffic.

DL ICLEHTNREM IR o User-defined impairments: latency, packet loss, out of sequence, and duplicate packets.
EEEEEEEEEEEEER ] R ,
e Detailed statistical information of RTP and RTCP packets.
e Sending and recording of voice files (.glw) with a synchronous Tx/Rx option.
e (.168 testing for echo cancellation equipment.
Quality Metrics (R & MOS e Talk and play to speaker options using PC sound card.
Factors), Burst Metrics Graphs ; e ) ) . -~
EEEEEEEEEEEEEE e Quality Metrics with MOS (G.107 based E-model/R-Factor), jitter buffer statistics,
degradation factor, and burst metrics are graphically represented.

e Canrun on any PC with Windows® XP (32 bit and 64 bit)/Vista (32 bit)/7 (32 bit and 64 bit)
0s.

SIS L CRID T LITER DA Sl (o more details, visit http://www.gl.com/rtptoolbox.html.
of Voice Files
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SIP Call Generation & Reception Capability

RTP ToolBox™ allows users to configure and simulate a user
agent (UA) for manual call generation and reception. Multiple
calls can be placed and received through a single user agent. All
the calls at the application end will be answered automatically,
so received calls shows the status as Hang-Up indicating that call
has been established. Up to 8 User Agents can be configured using
the CLI.

can mecepon
Hanglp Cal Established

001@192168.1.105  UDP 9002 Murlaw

Description

001@192.1681.113 UDP 9002 Mulaw  [Hanglp Cal
[0002@132.168.1.113 UoP 3002 Mulaw Disl Call Failed
Add Delete

User Agent Configuration

The available options for user agent configuration include Public

URL, contact IP addresses, Outbound Proxy, Registrar Address,

x| NAT Address, & Re-register. The

E“mew ~ fields such as Outbound Proxy,
Registrar Address, NAT Address,

Public URL * |001@®192.168.1.29
0 ©152168.1.3 Username and Password are
optional. In addition, more codec

Server Information
——
b parameters such as Payload type,

RegsvarAddess | L .
e, Packetisation time can be
xpiry Time {3500 . A
FREaaaa customized for each UA using
' ReRegiter codecoptions.ini file. The Call
Generation (Dial) & Call Reception
features use the codec information
in the profile during negotiation.

msec

User Account Information

Usemame
Password

IV NatAddress
‘ 62 96 203 60

Impairments, & Delay / Attenuate

Users can manually introduce impairments and transmit on the
RTP sessions. This includes introducing fixed latency, uniform/
normal distributed latency, periodic/random/burst packet loss,
out-of-order packets, and duplicate packets. Users may also apply
delay and attenuate to the incoming data on a session.

Impairments - Default x|
Impaiment Name | “Default

Latency | Packet Loss | PacketEffects |

I Fixed Latency j
Hone
1 Uniform Distibuted Latency |
aten
Homnal Distibubed | Delay And Attenuate [Stream = IEIIﬂ
Delay (200 ms
Alteruate |-40 dBim

Server-Client Functionality

(requires additional license)

RTP ToolBox " can be configured as server-side application, to
enable remote controlling of the application through multiple
command-line based clients. Supported clients include C++ and
TCL based clients. User can remotely perform all functions such
as creating RTP sessions, Digit/Tones/Event generation and
reception, Setting impairments, Creating session profiles & so on.
User can also generate and receive SIP calls through commands.
The RTP sessions associated with the SIP call are created
automatically.

[« Riptootserer =loix]
Conemard:
1 cres pon 192168 107 3000 ssic 1 temestamp 1 Segho 1.
wat
- —ioixl
Fle Vew Coredt Soipt Heb
=
0 Mortoring Dot
o
e
e oo | 1 0stay_soeech 0 Playeg Incomeng Data to a Spesker
500C .
o [T T ——— =
| 2f
1 [wait 5000; B
1 monter Il Impairments - Latency - Command summa
vt 500¢ il sessionid set latency fixed time_val; or seasionid set atency uniform fime_valtime_val=
1 set latency uniform (10,20)
Impairments - Packet Loss - Command Sumi
sesslonid set packetioss periodic (DeciniConsteclniConst: or sessionid set packetloss
1 set packetioss burst (10.5.2.5)
" Impairments - Packet Effects - Command Summary:
Ll I sessionid set outoforder [percentage_val.DeclntConst.DeclntConst; or sessionid set dup )
2f
Ready b

Script Processing

RTP ToolBox™ provides easy to use interface to execute scripts
(*.psc files) on selected sessions. Scripts can also be run on
multiple sessions at the same time and its progress can be
viewed in the Script Contents pane by highlighting the currently
executing command of the script. For enhanced testing, users can
also write IVR (Interactive Voice Response) scripts.

R RTP Tool - GL Communicat tion - 192.160.1.113 [test]
Ele Vew Monkor Specl Applcabion CallControl Configurations Window _Help

FEasslamez\s sEﬂ‘nlaee‘

Timpaiments | Seip Fie Name | Scip Status
o stacton:.

BT e o 21 1 Mutaw Delak D it
2wl 200 121881113 2000 Moo Delauk  Delak i
3 immeins o eI 0 Mulow _ St | Dk Delat it
4 1w R 400 Mulw __Stat | Defouk  Defoukt it
s 5000 RIS 5000 Mulw __Stat | Defauk  Delauk it

121681113

Delete_ | StartScipt | _Stop Scipt |

i O ZASSTOMLDFE e - asbae powr] = 10w 1 it 35 ol

RTPIRTCP Packet Statistics

Statistics reports of RTP and RTCP packets transmitted on a
session such as number of packets sent/received, dropped
packets, out of sequence packets and more. Sender and receiver
reports are also displayed using RTP/RTCP statistics applications.

Statistics [Stream ID - 1] x|

Ritp Statistics ] Ritep Statistics |

pra7
330880

Number of Packets Sent
Number of Sent Dctets
Number of Packets Received 4

Number of Received Octets 540

Diopped Packets 0
Out of Sequence Packets [0
Jitter 23 ms
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Oscilloscope and Spectrum Analyzer

The PCM codes (amplitude of the incoming signal) for any
selected session are graphically displayed in real-time as a
function of time. The data received on a specified timeslot can be
viewed in the spectral domain (Spectral Amplitude vs.
Frequency). A Fast Fourier Transform (FFT) is applied to
successive sample sets of the incoming data and displayed in
graphic form. The FFT length can adjust the frequency resolution
(from 32 points to 8192 points).

Samples FFT Window [Blackman ¥
Total Power(dBm)  Tone FreqHz) Tone Power(dBm)  Noise Power{dBm) _ S/N Ralio
Scale [T000 =] sec

Oscilloscope
5,000
4,000
3,000 't
2,000 H
1,000 :

-2,000
-3,000
-4,000

Power (dBM)

Linear

0 01 02 03 04 05 06 07 08 08 1
Seconds

Generation/Detection of Digits/Tones/RTP Events

Generation

RTP ToolBox™ can be used to generate in-band digits and tones.
The supported tones include single, dual, and multi-tones.
Supported digits include DTMF, MF, and MFR2 forward and
backward digits. The generation of RTP Events/Digits per RFC-
2833 & RFC-4733 is available.

[Capture RTP Events [stream ID -2] |

Options
C DigisOny @ AlAcivly | [~ ShowLatest __Clar G RFC23 O RFCATH

[RTP Event Generation [Stream ID - 2] x|

G RFCZ83 O RFCATH

Event Vaes
OnTine [100
OffTine [0
Power [0

Delete Event

16:27:42475
SaveEvents
IV Captued Eventtofie.

Detection

The RTP ToolBox " application allows capturing tones and digits in
the traffic. It also displays additional information about the
captured signal such as type of the signal, timestamp, event,
power, and more. This is completely supported for both in-band
digits/tones and RTP digits/events per RFC-2833 & RFC-4733.

oot/ Tone Generaton (treom 1 el
O [ Fi [ P [ F2 [ P [ P [Tl Ca] 1 2| 3]
7 P P S P |

70 4301 1208 1301 1000 000 11 |

0
1
5
5 [ Optons
< @ DigtsOny C Alacivy | [ Showlatest Clear

TiveStamp [T TE
Eow 1810.35.383 OTMF 4
181035583 oTME 1
ot 181035763 DTMF 5
181035983 o5
— |en®mes DIMF 5
18103383 oTHE 4
18103553 oTME 1
181036763 oTME 5 [T
s
5
4
1
5
5
s

T Powe(d8m) | Freqi HayPower. | Freq2iHeVPoneiza]
3%
)

77171300

Stws: | [ 181038163 OTMF
Al

Save Events

I T — ! E R

Transmit/Record Voice File

The application can also send voice files (*.wav and *.pcm) &
record the incoming voice data to file, limited to desired no. of
bytes and time. These files can be compared with GL’s optional
Voice Quality Testing software, providing PESQ, PAMS and PSQM
score. The ability to send and record files also allows G.168
testing for echo cancellers.

Payback FromFie [streams JRISIER||_r-cor pota 1o e [stream iD= ST eI
Audio File Format
o 3y 16K c,. & POH (1B Linear] € Native
Audio File
C:\Program Files\GI Communications IncARtp Too
& None I I._l
¢~ Limit Transmit [Eytes)
© L Teanset (Time] [~ 5 Hone
2] Lt Lg;
T~ Synchronize Operation ol
| WMaste € Slave ‘
¥ Synchionize Operation
Start Slop ‘ " Master & Slave
Output Codec Mame Mu-law
Input Codec Name PCHM Start Stop.
Output Byte Count 303680
Output Packet Count 1898 Output Codec Name FCM
Input Byte Count 611520 Input Codec Mame: Muaw
Output Byte Count 576560
Inpiat Byte Count 0
Input Packet Count 1]
Input Eror Packet Count 0

Jitter Buffer Statistics, Quality Metrics (R&MOS),
Degradation Factor, Burst Metrics

Jitter Buffer feature allows setting the buffer used for delayed
packets that arrive at receiving end. Both static and dynamic
jitter buffers are supported. Quality metrics include various
graphs for G.107 based E-model/R-Factor score reporting.
R-Factor Statistics will display statistics such as - R-Listening,
R-Conversational, R-G107, and R-Nom. The MOS graph will
display statistics such as MOS CQ, MOS LQ and MOS Nom. It also
supports Burst Metrics and Degradation Factor statistics.

[R-Factor statistics [stream ID - 1]

100
@
ol
r
£

R Conversational 6107 Retlom

307
5
7859

3
268

168937500 mses
500250000 msec

tter Butter Sttitics

Qe Vietics ), DegadalonFacer ) BurtMails ) Jitr Bulfer Stats
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Creating / Monitoring RTP Sessions Media Gateway Testing using RTP ToolBox™
Tx -Profile e Complete G.168 Compliance Testing (All 13 Tests) — Tests 1,
RTP ToolBox™ supports the following codecs: 2A, 28, 2C, 3,4,5,6,7,8,9,10A, 108, 11, 12, 13, 14, 15.
e G.711 (A-law / Mu-law - 64kbps) e Voice Quality Testing using PESQ, PAMS and PSQM
e G.711 App Il (A-Law and Mu-Law with VAD Support) e Codec Testing and Verification
e G.729, G.729B (8 kbps) R
e G.726 (5 bit 40kbps/4 bit 32kbps/3 bit 24kbps/2 bit 16 kbps) Signalling/Media Gateway
o (.726(40/32/24/16 kbps with VAD) Ebedied ech canceliers
DTMF!MFITong T1E1 GL's Tl/E_l Analyzer

d GSM (132 kbpS) eenert::‘::emon i Delay MtenulateTimeslots
e AMR (4.75kbps, 5.15kbps, 5.9kbps, 6.7kbps, 7.4kbps, o

7.95kbps, 10.2kbps, 12.2 kbps) (optional codec) Vs
e AMR_WB
e EVRC (Rates-1/8,% and 1), EVRCO (optional codec)
e EVRC_B (Rates - 1/8, %, %, and 1), EVRCBO (optional codec) G.168 Compliance Test for EC within ATA

* EVRC_C (optional codec) G.168 Tests which can be performed on an ATA using RTP

e SMV (Modes -0, 1, 2 and 3- Available if licenses are provided ToolBox™ include Tests 1. 2A. 2B. 2C. 3. 4. 5. 6. 7. 8. 9. 10A. 10B.
or owned, please call GL)

e iLBC (for 20msec) RTP ToolBox™

e iLBC_13_33 (for 30msec)

o SPEEX
<>

o (G.722

e G.722.1(32kand 24 k)
e SPEEX_WB

e iSAC (optional codec)
Sampling rate of the codec is displayed for the selected codec.
Comfort noise generation is supported for A-law, p-law and G726
codecs for sending and receiving payload.

Rx —Profile Buyers Guide

User can specify a desired voice payload type to each codec for PKB100 - RTP ToolBox™ Application

receiving data; comfort noise generation is supported for A-law, PKB110 - RTP Toolbox™ with Client-Server Application
plaw and G726 codecs. SID packets for these codecs are carried PCD103 - AMR codec for RTP Toolbox™

with separate payload type, which will be different from voice

payload type (By default it is 13). Users can set the buffer used PCD104 - EVRC codec for RTP Toolbox™

for delayed packets that arrive at receiving end (both static and
dynamic jitter buffers are supported), and, after the session is

PCD105 - EVR_B codec for RTP Toolbox™

established, transmit inserting required impairments. PCD106 - EVR C codec for RTP Toolbox™
x| | h
Prafile Name Profile Name ’"Defau\l— PCD].OZ = ISAC COdec for RTP TOOIbOXTM
T Frofile | Fix Profie | TxProfie Fix Froie |
' Codes  |Mudaw 1| Voice Pagload Type 1 |
Sampling Rale o RFC2833Palosd Type [0 Related Software
e [ S E PKS120 — Message Automation & Protocol Simulation (MAPS)
Comlort Noise Payload Type |13 Jitter Buffer Len ’Wmsec _ ™ _ H
S ] B . IPN100 — IPNetSim™ - 1Gbps of through bandwidth
I ssAc 6055 Doty O e PKB105 — G.168 Echo Canceller Test Compliance Suite
[~ Time Stamy II_ Moo Dl - . .
r Inllla\Seu:u T Sl ; PKBT67 — Automated Echo Canceller Testing — T1 Version
005 Setngs | Ll PKS100 — PacketGen™ with PacketScan™
Note : If Parameters are invalid previous Note : If Parameters are invalid previous M - PaCket H.323
!values will be retained walues will be retained X
§etasDefau|t| m— VQT Wlth PESQ, PAMS and PSQM
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