


AudioCodes Mediant Series

Introduction

This document is intended to support you with the integration of the XCAPI, version 3.3.205 or
above, into an existing environment of the AudioCodes Mediant gateway. Though being based
on version 5.60A.018 of the AudioCodes Mediant 600 it is also applicable to other Mediant
series types with other software versioning's.

In the following sections we describe the essential steps of configuration to allow for optimal
cooperation of both the XCAPI and the gateway by using the SIP protocol stack. At this point
we suppose that the AudioCodes Mediant gateway, the hardware the XCAPI is running on and
both the XCAPI and your CAPI applications are already installed properly.

For some extended information on installation procedures please refer to the respective
manuals. A short installation manual for the XCAPI is available at the XCAPI Website.

XCAPI Configuration

Please start up the XCAPI configuration to create a new controller assigned to the AudioCodes
gateway.

If you've just installed the XCAPI and start the configuration tool for the first time, the XCAPI
Controller Wizard will pop up automatically. This will also happen if there's no controller
configured at all.

To start up the XCAPI Controller Wizard on your own, just click the hyperlink labeled Click here
to add a controller on the main page of the XCAPI configuration tool.
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On the first page of the Controller Wizard please select the Add Voice-over-IP controller (VolP)

option and continue by clicking on the Next button.

Controller Wizard

Add new controller
Welcome to the XCAPI Controller Wizard

x|

‘Welcome to the XCAPI Controller Wizard

This wizard will quide you through the process of adding & new Voice-over-IP or
ISDN Controller to the configuration.

Please select one of the options below and dick Next to continue, or Cancel to exit
the Wizard.

* Add Voice-over-IF contioller (VolP)
Use a Network-Interface-Controller (NIC) to integrate this system into a
Voice-over-IP environment.

" Add ISDN controller
Use a CAPI 2.0 compatible ISDN-Controller to connect this system to the ISDN,

< Back | Next > I

Cancel

2.1 Network Interface

On this page of the XCAPI Controller Wizard you can select the network interface you want to

bind to the XCAPI controller.

Controller Wizard

Add new controller
Select the network interface

|

Since each terminal and gateway requires a physical connection to the voice-over-ip
network, your system needs a network-interface-contraller (nic) with a link to this
network. Please select a certain nic from the list below.

< Back | Mext = I

www.te-systems.de phone +49 5363 8195-0

fax +49 5363 8195-999

TE-SYSTEMS

competence in e-communications.



G
AudioCodes Mediant Series ’H“*’“.*.u Page 4

2.2 \Voice-over-IP Environment

The next dialog of the configuration tool shows a list of some common Voice-over-IP environ-
ments. Selecting one of those will configure the XCAPI with a selection of near-optimal presets
for the kind of environment you have, sparing you quite a lot of manual configuration.

Controller Wizard x|

Add new controller
Select the Voice-over-IP environment

Select the environment for the new contraller to operate in. If the list below does
not cantain your PBX you should select a compatible or one of the generic
environments.

Aastra OpenCom 1000 -]
Alcatel- ucent OmniPCX Enterprise (OXE)
Alcatel-Lucent OmniPCX Office (0X0)

Avaya Communication Manager J

Avaya 5E5
Cisco CalManager Express

Cisco CallManager fCisco Unified Communications Manager
Cisen Gateway Jhd|

<§ad<|uext>|gmcd|

2.3 IP Address of the AudioCodes Mediant

In the dialog Network Address please provide the IP address of your AudioCodes gateway.

Controller Wizard x|

Add new controller
Provide the hostname or the ip address of the voice-over-ip remote peer

Please provide the hostname or the ip address of the voice-aver-p remote peer
{pbx) that should be used.

AudioCodes Mediant 192.168.1.233

<§adc|uext>l Cancel
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2.4 Description and Channels

That's about all information that has to be configured with the XCAPI. The next-to-final dialog
of the Controller Wizard allows you to configure a meaningful description for the controller

you're going to create. This isn't really used anywhere, so you can enter a text of your choice
here.

This dialog, however, also allows configuring the number of channels that the new controller
will be able to provide. Please enter how many simultaneous connections the XCAPI should
handle when communicating with the AudioCodes gateway.

Controller Wizard x|
Add new controller
Provide a description and select the number of channels
for the troller and decide how many.
Pl sider that the effective
d

[AudieCades Mediant
20

< Back | Next > I Cancel

2.5 Confirmation

The final dialog of the Controller Wizard performs some checks on the configuration
parameters you've made. If any errors are detected here, you can go back to the respective

dialogs and correct the necessary input. If everything is correct please use the Finish button in
order to finally create the new controller.

Controller Wizard x|

Add new contraller
Confirm that the provided information is correct

Click Finish to add the new controller with the configuration you have had made.

<pocc [ Fmen | concal
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The controller you've just created now will appear on the main page of the XCAPI

configuration.

As we're now finished with all XCAPI-related configuration tasks, please save the changes

you've made and exit the configuration tool.

¥l xcaPI Configuration I [=] 3]
File View Help
alFE]|e

voiceoverlP
Licences
e XCAPI 1000 Lines + Fax
Connections: 1000 (H.323: 1000, SIP: 1000), G.72% 1000, T.3%: 1000 and Softfax 1000

Click here to manage licences

Controller

g AudioCodes Mediant (192.168.1.61)
4°®3  20lines with ITU G.711 A-aw [54 Kbi] (8000 He), ITU G.711 p-Law [64 kbit] (8000 Hz), ETSI GSM 6.10, ITU G.729, T.38 - LDP
st domain "192. 168,1,233"

Disable 3 Remove 4 Moveup ¥ Movedown

Click here to add a controller

Trace

Disabled
Curerly not collecting diagnostic information

Click here to start the ace

I 4

www.te-systems.de

phone +49 5363 8195-0 fax +49 5363 8195-999

TE-SYSTEMS

competence in e-communications.



AudioCodes Mediant Series

Configuring the AudioCodes

In order to establish the communication between the XCAPI and the gateway using the SIP
protocol, you need to declare the XCAPI as an IP route with its according dial rules within the
Mediant configuration.

This example gives you an overview about the necessary configurations.

Network Settings
4.1 IP Settings

The IP settings of the AudioCodes Mediant gateway are used for this example as shown below.

[ 1P Settings

% IP Networking Mode | Single IP Network
Single IP Settings
IF Address [132.188.1.223 |
Subnet Mask |255.255.255.0 |
Default Gateway Address [132.188.11 |

w Multiple Interface Settings
Multiple Interface Table lﬂ.

VLAN Mode o |

w» WLAN ID Settings
Native VLAN 1D h

|
OAM VLAN ID [1 |
Contral VLAN 1D 2 |
Media VLAN 1D E |

[ » MAT settings
|# NAT 1P Address [p000 |
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Media Settings
5.1 Voice Settings

The voice settings, especially the DTMF parameters, need to be conforming to your VolP
environment.

@ B B )
b
Voice Volume (-32 to 31 dB) |D |
Input Gain (-32 to 31 dB) o |
Silence Suppression | Dizable
DTMF Transport Type RFC2833 Relay Decoder Mute A
MF Transport Type Mute MF w
DTMF Volume (-31 to 0 dB) -1
NTE Max Duration -1
CAS Transport Type CASEventsOnly w
% DTMF Generation Twist |D |
Echo Canceller | Disable
\ J

5.2 Fax/Modem/CID Settings

The configuration of the Fax/Modem/CID Settings are rather complex. Misconfiguration could
easily cause some interoperability issues. However, for this example the settings are used as
shown below.

@& /Modem/ B R
b
Fax Transport Mode RelayEnable w
Caller ID Transport Type Mute w
Caller ID Type | Standard Bellcors
V.21 Modem Transport Type | Dizable
.22 Modem Transport Type | Enzble Bypass
V.23 Modem Transport Type Enzble Bypass w
V.32 Modem Transport Type Enzble Bypass w
.34 Modem Transport Type Enzble Bypass w
Fax Relay Redundancy Depth |D |
Fax Relay Enhanced Redundancy Depth |4 |
Fax Relay ECM Enable Enzble w
Fax Relay Max Rate (bps) 14400bps w
Fax/Modem Bypass Coder Type | G711 Alaw_B4
Fax/Modem Bypass Packing Factor |1 |
Fax Bypass Cutput Gain |D |
Modem Bypass Qutput Gain |D |
Fax CNG Mode | Disable
CNG Detector Mode | Disable
www. te-systems.de phone +49 5363 8195-0 fax +49 5363 8195-999
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5.3 RTP/RTPC Settings

The RTP/RTPC settings are used for this configuration example with their default values.

- General Settings

Dynamic Jitter Buffer Minimum Delay |‘ID |
Dynamic Jitter Buffer Optimization Factor |‘ID |
RTP Redundancy Depth |D |
Packing Factor |‘I |
Easic RTP Packet Interval | Default
RTP Directional Control | RTPTxRx
RFC 2333 TX Payload Type E3 |
RFC 2333 RX Payload Type E3 |
RFC 2198 Payload Type [10¢ |
Fax Bypass Payload Type 102
Enable RFC 3385 CN Payload Type Enzble w
& RTP Base UDP Port 6000
Comfort Noise Generation Negotiation Dizable w
Analog Signal Transport Type Dizable w
Remote RTP Base UDP Port [0 |
RTP Multiplexing Local UDP Port [0 |
% RTP Multiplexing Remate UDP Port [0 |

w» RTCF XR Settings

Enable RTCP XR [ Disable
Burst Thresheld |-‘I |
Delay Threshold |-‘I |
R-value Delay Threshold |-‘I |
Minimum Gap Size 16

RTCF XR Report Mode Dizable v
RTCP XR Packet Interval 0

Disable RTCP XR Interval Randomization Disable A
RTCP XR Collection Server

RTCP XR Collection Server Transport Type Mot Corfigured
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PSTN Settings
6.1 Trunk Settings

The trunk settings are used for this example as shown on the next screenshot.

@ ; B =
’ — ~
| i | | |
[ €7 — ]

General Settings
Module I 1
Trunk ID 1
Trunk Configuration State Active
Protocol Type BRI EURO ISDN

w BRI Configuration
Clock Master Recovered
Auto Clock Trunk Priority 0
Trace Level No Trace
ISDN Termination Side User side
BRI Layer2 Mode Poirt To Point
Q531 Layer Response Behavior |C:f.C | lﬂ.
Qutgoing Calls Behavior |C:f.iCC | lﬂ.
Inceming Calls Behavior |C:f.C | lﬂ
General Call Control Behavior |C:f.C | lﬂ.

hd
PSTN Alert Timeout |1 |
Enable ECT | Disable
Local ISDN Ringback Tone Source | PEX
Set PI in Rx Disconnect Message | Mot Corfigured
ISDN Transfer Capabilities Mot Corfigured w
Progress Indicator to ISDN Mot Corfigured v
Enable Receiving of Overlap Dialing Dizable
RTP Only Mode | Mot Corfigured
E-channel Negotiation | Mot Corfigured
Cut-Of-Service Behavior Default
Play Ringback Tone to Trunk | Mot Corfigured

\ J

Protocol Configuration
7.1 SIP General Parameters

The configuration of SIP general parameters are rather complex. Misconfiguration can easily
cause interoperability issues. You need to ensure to configure the conform fax signaling
method, SIP transport type and UDP/TCP ports.

However, for this example the settings are used mainly with their default values.
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w SIP General

PRACK Mode

Channel Select Mode

Enable Early Media

183 Message Behavior
Session-Expires Time

Minimum Session-Expires
Session Expires Method
Azzerted Identity Mode

Fax Signaling Method

Detect Fax on Answer Tone

SIP Transport Type

SIP UDP Local Port

SIP TCP Local Port

SIP TLS Local Port

Enable SIPS

Enable TCP Connection Reuse
TCF Timeout

SIP Destination Port

Use user=phone in SIF URL

Use user=phone in From Header
Use Tel URI for Azserted Identity
Tel to IP No Answer Timeout
Enable Remote Party ID

Add Number Flan and Type to RPI Header
Enable History-Info Header

Use Source Number as Display Name
Usze Display Mame as Source Number
Enable Contact Restriction

Play Ringback Tone to IP

Flay Ringback Tone to Tel

Use Tgrp information

Enable GRUU

User-Agent Information

SDP Session Owner

Flay Busy Tone to Tel

Subject

Multiple Packetization Time Format
Enable Semi-Attended Transfer
3xx Behavior

Enable P-Charging Vector
Enable veoiceMail URI
Retry-After Time

Enable P-Associated-URI Header
Source Number Preference

Forking Handling Mode

Supported w

Cyclic Ascending w
[ Enable

| Progress
[0
|30
[ Re-NVITE

| Disabled

T.38 Relay

Initiate T.28 on Preamble
uopP

5060

| 5080

| 5081

Disable v
Enable
[0
| 5080
MNo

MNo
Disable
180

| Disable
| fes

| Disable
| MNo

MNo
Disable

<

[<]<]/<

Dont Play

| Play According to Eary Media
| Disable

| Disable

|
| AudiocodesGW
[ Dont Play

|
| MNone

| Disable

Forward v

Disable v

Disable v
[0
| Disable

| Sequential handling

Enable Reason Header | Enable

Retransmissicn Parameters

SIP T1 Retransmission Timer [msec] |51]'D |
SIP T2 Retransmission Timer [msec] |4{H}D |
SIP Maximum RTX [7 |

www.te-systems.de

fax +49 5363 8195-999

TE-S TEM

competence in e-communications.



AudioCodes Mediant Series

7.2 Proxy Sets Table

The proxy address within the Proxy Set Table dialog is related to the application server with

the XCAPI.
I D
[~ |
| proxy get1p 1 =l |
Proxy Address Transport Type
1 192168161 uDP x
2 =
; =
a =
5 =
-
Enable Proxy Keep Alive Disable x|
Froxy Keep Alive Time 60
Proxy Load Balancing Methad Disable =l
Is Proxy Hot Swap Mo x|
7.3 Coders

The codecs of the coders table are used as shown on the next screenshot.

@ N
-~ CedersTable
Coder Name Packetization Time Rate Payload Type Silence Suppression
[eT11Adaw [20 [82 N RE Disabled
[e711U-aw [20 [82 [+ | |0 Disabled [v]
[T38 [ra [ s [v] | [wa [ s
| | | [v]
| | | [v]
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7.4 DTMF & Dialing

The DTMF & Dialing configuration needs to conform to your VoIP environment. Misconfigu-
ration can easily cause interoperability issues. For this example the settings are used as shown

below.
i ™
| DTMF&Dialing
b
Max Digits In Phone Num |3 |
Inter Digit Timeout for Overlap Dialing [sec] |4 |
Declare RFC 2833 in SDF [ ves
1st Tx DTMF Option RFC 2833 w
2nd Tx DTMF Option INFO{Cisco) w
RFC 2833 Payload Type 10
% Digit Mapping Rules | |
Default Destination Number |‘I[H]'D |
Special Digit Representation | Special
www.te-systems.de phone +49 5363 8195-0 fax +49 5363 8195-999 TE-SYSTEMS
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7.5 SIP Advanced Parameters

The SIP advanced parameters are used as shown on the next screenshot.

w General
IP Security Dizable w
Filter Calls to IP Dont Fitter v
Enable Digit Delivery to Tel | Dizable
Enable Digit Delivery to IP | Dizable
RTP Only Mode | Dizable
PSTN Alert Timeout [120 |

w Disconnect and Answer Supervision

Disconnect on Broken Connection |Yes
Broken Connection Timeout [100 msec]
Disconnect Call on Silence Detection | MNo
Silence Detection Period [sec]
Silence Detection Method |\u’oic:e,-"Energ=,r Detectors
Enable Fax Re-Routing | Dizable

w» CDR and Debug
CDR Server IP Address |
CDR Report Level | Mone

ElE]L

Debug Level | 5

w Misc. Parameters

Progress Indicator to IP | Mot Corfigured
Enable ¥-Channel Header | Disable
Enable Busy Qut | Dizable
Default Release Cause |3 |
Max Mumber of Active Calls |151] |
Max Call Duration [min] |D |
Enable LAN Watchdog | Dizable
Enable User-Information Usage | Dizable
Delay After Reset [zec] |T-" |
First Call Ringback Tone ID |-1 |
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7.6 Routing General Parameters

The routing general parameters are used as shown on the next screenshot.

w General Parameters

Add Trunk Group ID as Prefix

Add Trunk ID as Prefix

Replace Empty Destination with B-channel Phone Number
Add NPT and TCN to Called Number

Add NPI and TON to Calling Number

IF to Tel Remove Routing Table Prefix
Source IP Address Input

Enable Alt Routing Tel to IP

Alt Routing Tel to IP Mode

Alt Routing Tel to IP Connectivity Method
Alt Routing Tel to IF Keep Alive Time

Max Allowed Packet Loss for Alt Routing [3%]

Max Allowed Delay for Alt Routing [msec]

No

MNo

| MNo

| MNo

| MNo

MNo

SIP Cortact Header
Enable

| Mone

[ ICMP Ping
le0
[20
[250

FEEEEEREEE
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7.7 Tel to IP Routing

The Tel to IP Routing for this example is used as described below.

¢ SRC Trunk Group ID and the Source Phone Prefix are set to *.

¢ The Dest. Phone Prefix is used for this example with the value 8165*. The prefix 816 is
the local BRI access number in this example. The following digits 5* allow to route all
calling numbers starting with 8165 and any following suffix to the application/XCAPI.

¢ The Transport Type is set to UDP.
¢ The Dest. IPGroup ID is set to the IP group number one.

e The IP Profile ID is set to zero.

_
-
Routing Index [1-10
Tel To IP Routing Mode [Route cals afier manipulation
EEC' TrUNK | boct phone Prefix | Source Phone Prefix || Dest. IP Address | Port | Transport Type IFI’:ESErSDtl:lp 1P Profile ID | Status
roup ID = e
1* 3165 * [uop 0 n/a
2 [ Not Configured | [v]
3 [ ot Configured
4 [ ot Configured
z [ ot Configured v
& [ Hot Configured
g [ Mot Configured [ [+
8 [ ot Configured
g [ ot Configured
10 |Nnt Configured .
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7.8 Trunk Group

The trunk group table must be related to the according modules, trunk relations, channels,
trunk group IDs and IP profile IDs. For this example the trunk group configuration is used as
shown on the next screenshot.

Add Phone Context As Prefix Dizable v

Trunk Group Index 1-12 w

From
Trunk

][ 12 2165 0

Group Index Module To Trunk Channels Phone Number Trunk Group ID | IP Profile ID

1 [ 1odule 1 8RI[w] |

2

|

|

=
EEEEELEEEEE

|

|

|

t

10

:

i1

:

12

TDM Bus Settings

The TDM bus settings needs to be conform to your PSTN/provider configurations. This example
uses the settings as shown next.

' . B
-

% PCM Law Select Alaw »
% TOM Bus Type Framers w
% Idle PCM Pattern [212 |
% Idle ABCD Pattern [ moF
% TDM Bus Local Reference 1

4 TDM Bus PSTN Auto Clock Disable A
% TDM Bus Clock Source | Network

www. te-systems.de phone +49 5363 8195-0 fax +49 5363 8195-999
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8.1 Digital Gateway Parameters

The configuration of digital gateway parameters is rather complex. Misconfiguration can easily
cause interoperability issues. For this example the parameters are used as shown next.

@ — ™
b
E-channel Negotiation Exclusive w
Swap Redirect and Called Numbers Mo w
MFC R2 Category [1 |
Disconnect Call on Busy Tone Detection (CAS) | Enzble
Disconnect Call on Busy Tone Detection (ISDN) | Dizable
% Enable TOM Tunneling | Disable
Send Screening Indicator to IP Mot Corfigured w
Send Screening Indicator to ISDN Mot Corfigured [
Add IE in SETUB [ |
Trunk Groups to Send IE | |
Enable User-to-User IE for Tel to IP Enable v
Enable User-to-User IE for IP to Tel Enable ™
Enable ISDN Tunneling Tel to IP Dizable w
Enable QSIG Tunneling Dizable w
Enable ISDN Tunneling IP to Tel | Dizable
ISDN Transfer on Connect | Alert
Remove CLI when Restricted MNo v
Remove Calling Name Dizable v
Default Cause Mapping From ISDN to SIP |D |
Add Prefix to Redirect Number | |
Copy Destination Number to Redirect Number Dont copy w
Enable Calling Party Category Dizable v
Digital Qut-Of-Service Behavior | Diefault
w MLFP
MLPF Default Namespace | DSN
Default Call Priority |D |
Preemption tone Duration |3 |
www. te-systems.de phone +49 5363 8195-0 fax +49 5363 8195-999

competence in e-communications.



AudioCodes Mediant Series

Supplementary Services

Please review the following chapters for some information on optimal supplementary services

configuration.

9.1 Call Transfer

For appropriate call transfer interworking a Media Realm has to be specified.

Status
Search

O Basic ® Full

il system
Si@vorp
liinetwork
=lliom
il security
ElpsTH
Sli@uedia
[Civoice settings
Fax/Modem/CID Settings
RTP/RTCP Settings
1PMedia Settings
General Media Settings
Media Realm Configuration
 [media security
il services
1 applications Enabling
|8 control Network
His1p Definitions
@@ coders And Profiles
6w and 1P to 1P
(@ Data

©

~

[ [ Addindex

Delete Apply

Basic Parameter List a

IPv4 Interface
Name

Index Media Realm Name

IPv6 Interface

A Port Range Start

Legs

Number OF Media Session

Port Range End

1 @ [festiediaiicaim

Tores =

None 2|5 B

5l

|# Default Media Realm Name

This Media Realm has to be indexed to the according SRD Table.

@ D
-
SRD Index | 0- Testiab =
~ Common Parameters
SRD Name |Testlab
Media Realm frestediaReaim
+ 1P Group Status Table + Proxy Sets Status Table
1P Index Enable Proxy Keep Alive
Index Type Description ;;uxy = SIP group name profile| |g Disable
L 1 Disable
1 SERVER XCAPI 1 2
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The SRD index and media realm must be related to the IP group table.

I oy

Basic ParameterList a

[~ |

| tndex 1 = | |
~ Common Parameters
Type SERVER x|
Description XCAPI
Proxy Set ID [ ~
SIP Group Name |
Centact User
% SRD o
% Media Realm TestMediaeam o
1P Profile ID 2 hd
~ Gateway Parameters
Always Use Route Table No =
Routing Mods ot Corfigured =]
SIP Re-Routing Mode Standard =
Enable Survivability Disable, =]
Serving IP Group ID =]
Also the refering proxy set tables has to be SRD indexed.

P ~
R4 I
| Proxy setio 1 = |

Proxy Address Transport Type
1 xcapite-systems.de -
7 =
3 S
P =
5 S

-
Enable Proxy Keep Alive Disable 2|
Proxy Keep Alive Time 60
Proxy Load Balancing Method Disable k2
Is Proxy Hot Swap [ =]
Proxy Redundancy Mode Not Configured I

1% SRD Index 0
cCl ion Input IP only x|
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For the XCAPI configuration, please ensure that the Simulated ECT by call-tromboning (line-
interconnect) parameter of the XCAPI controller Features dialog is disabled for supporting call
transfer via SIP refer.

il XCAPT Configuration g [= 5]
Flle View Help
=] | =
8] =El e
X Information
9 Licences (XCAPI 1000 Lines + Fax) HE= Trasn e S—— 1o simul
& ceer 2.0 options aal by call ing (ine-d
i8 Trace
Fax r ECT by call ing (ine-4
=8 Controller I Hiotify destination
- B8 AudioCodes Mediant I~ Tunnel signaling infarmation bo destination

<7 audioports ™| Try path replarement

4 H.323 Tweaks 5 Hold/Retrieve relay
SIP Tweaks
By SIP Tweal [ DT relay

[ Software Codecs
These features affect the behaviour of the system in some situations and will be applied to each
comnection of this contraller.
[¥ Always use software fax over audio channels
[~ Always use software modem over audio channels
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Fax Services

This chapter shows the necessary settings when using Fax services via the T.38 protocol stack
or the SoftFax method.

10.1 T.38

When using the T.38 protocol you have to enable the T.38 method, as shown in the Coders
chapter starting on page 12 and the SIP General Parameters chapter on page 10.

It is also required to disable the Always use software fax over audio channels option within
the XCAPI controller Features dialog.

-Iol]
Flle View Help
[a[=Elle
[#] 1nformation -Simulate ECT
(-3 Licences (XCAPI 1000 Lines +Fax) In cases where the envirenment does not support call-transfer operations itis possible to simulate
= [ capt 2.0 Cotins call-transfer by call-tromboning (ine-nterconnect).
i8 Trace
Fax [ Simulate ECT by call-tromboning (ine-interconnect)
=8 Controller [V Notify destination
(=-B8 AudioCodes Mediant [V Tunnel signaling information to destination
o s1p T e
[ carr20 §
[~ HoldRetrieve relay
<7 audio Properties
H3) Network [Software Codecs
o Supplementary Services These features affect the behaviour of the system in some situations and wil be applied to each
f codecs connection of this controller.
3 Telephone-number-filter
B Tweaks [~ iiways Use software fax over audio channels:
< Audioports [~ Always use software modem over audio channels
-5 H.323 Teaks
-5 SIP Tweaks
VA
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Ensure that T.38 - UDP codec, which should be set by default when using the XCAPI controller
wizard, is set and enabled within the Codecs configuration dialog of the XCAPI controller.

www.te-systems.de

File View Help

[ xcror commauration —— N =T

|

[=E] @

[#] 1nformation

(-3 Licences (XCAPI 1000 Lines +Fax)
=-[J cap 2.0 options

i8 Trace

Fax

=-H3 Controller

B8 AudioCodes Mediant

B s

[ carr20

<7 audio Properties

- E3 Network

[5]-.o Supplementary Services

=44 Codecs

= ITU G.711 A-Law [64 kbit] (8000 Hz)
= ITU G.711 pLaw [64 kbit] (8000 Hz)

Codecs
Each codec activated be selected in call The order of the
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10.2 SoftFax

In the SoftFax mode, the XCAPI simulates an analog Fax device by transmitting modulated
facsimile signals modem-like via audio channels. For this you have to enable the Always use
software fax over audio channels option within the Features configuration dialog.

www.te-systems.de

=T
File View Help
|a[=Ell e
Configuration | Controller Features
[#] 1nformation [Simulate ECT:
[+ @ Licences (XCAPT 1000 Lines + Fax) In cases where the environment does not support call-transfer operations itis possible to simulate
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=) B Controller [¥ Notify destination
- BB AudioCodes Mediant ¥ Tunnel signaling information to destination
g f:[:m 20 Lyt *
| Hold/Retrieve rela
<7 hudio Properties u v
H Network [Software Codecs
- Supplementary Services These features affect the behaviour of the system in some situations and will be applied to each
§ Codecs connection of this controller.
B Telephone-number-fiter
B Twesks [ Always use software fax over audio channels!
(1< Audioports I~ Always use software modem over audio channels
) 4 H.323 Twesks
) 4y SIP Tweaks

phone +49 5363 8195-0 fax +49 5363 8195-999

TE-SYSTEMS

competence in e-communications.



AudioCodes Mediant Series

10.3 SoftFax in virtual environments
Within virtual environments you might improve the jitter buffer behavior within the
AudioCodes gateway configuration by adapting the Dynamic Jitter Buffer Minimum Delay.

You should consider using different profile definitions instead of the general RTP/RTPc settings
for voice and fax services in order to prevent unwanted delay in voice communications.

The next screenshot shows the IP Profile Settings with using a Dynamic Jitter Buffer Minimum
Delay [msec] valued with 80.

s P ™
Basic Parameter List a
- =l
Profile 1D |2 £
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The according configuration dialogs Tel to IP, IP to Trunk Group Routings and Trunk Group
Tables have to be in relation with the according IP Profile ID.
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(I;r:;;: Module 'Ifrr:;rl‘c TL‘:‘k Channels | Phone Number Trunl;gruuu IP Profile ID
1 [oawersri=] [+ [+ =lfi2 [8165 2
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3 B[ = = | | |
4 i | || [ I I
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7 = ] | | | | |
: S | |
; e [ |
0 3 &3 3
u A 3 =
2 A = =
@
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7 Mot Configured | l_Ll
B Not Configurea | [ =]
9 I I Mot Configured ¥ | m I
10 [ [ Not Configured x| | =] [
«
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DTMF

The payload type for signaling Telephone Events via RFC 2833 is by default set to value 101.
For DTMF interoperability please ensure that the DTMF Transport Method, as shown in the
chapter Coders on page 12, is selected as Out-of-Band using RTP method and that the Payload
Type is also set to 101.

e connaurain = 1

File View Help
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SIP via TCP

If you need XCAPI-sided SIP trunking via TCP you have to ensure that the preferred transport
protocol is set to prefer TCP over UDP. The TCP Policy parameter must be set to Trunk. Ensure
that the AudioCodes gateway configuration is conform to the XCAPI controller settings, in
meaning of the correct port and transport protocol settings.
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Configuraton | Options | Proxies Protocol | Timer | Overlap sending | Fallover and Overfiow |
[#] 1nformation SIP specific options:
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Exclusion of Liability

Copyright © 2013 TE-SYSTEMS GmbH
All rights reserved
This document, in part or in its entirety, may not be reproduced in any form without the prior consent of TE-SYSTEMS GmbH.

The information contained in this document was correct at the time of writing. TE-SYSTEMS GmbH reserves the right to make any
alterations without prior notice.

The utmost care was applied during the compilation of texts and images, as well as during the creation of the software. Nevertheless,
no responsibility can be taken for the content being accurate, up to date or complete, nor for the efficient or error-free operation
of the software for a particular purpose. Therefore, TE-SYSTEMS GmbH cannot be held liable for any damages resulting directly or
indirectly from the use of this document.

Trademarks

All names of products or services used are trademarks or registered trademarks (also without specified indication) of the respective
private or legal persons and are therefore subject to legal regulations.

Third Party Disclaimer and Limitations
This product includes software developed by the OpenSSL Project for use in the OpenSSL Toolkit. (http://www.openssl.org/)
This product includes cryptographic software written by Eric Young (eay@cryptsoft.com).
This product includes software written by Tim Hudson (tjh@cryptsoft.com).
This product includes source code derived from the RSA Data Security, Inc. MD2, MD4 and MD5 Message Digest Algorithms.

This product includes source code derived from the RFC 4634 Secure Hash Algorithm software.

Copyright-Notices
All files included in this sample are copyrighted by TE-SYSTEMS GmbH.
All samples and the SDK may only be used in combination with the XCAPI-product.
The SDK contains code from libtiff with the following copyright-notice:
Copyright (c) 1988-1997 Sam Leffler
Copyright () 1991-1997 Silicon Graphics, Inc.
Permission to use, copy, modify, distribute, and sell this software and its documentation for any purpose is hereby granted without
fee, provided that (i) the above copyright notices and this permission notice appear in all copies of the software and related documen-

tation, and (ii) the names of Sam Leffler and Silicon Graphics may not be used in any advertising or publicity relating to the software
without the specific, prior written permission of Sam Leffler and Silicon Graphics.

THE SOFTWARE IS PROVIDED ,, AS-IS” AND WITHOUT WARRANTY OF ANY KIND, EXPRESS, IMPLIED OR OTHERWISE, INCLUDING WIT-
HOUT LIMITATION, ANY WARRANTY OF MERCHANTABILITY OR FITNESS FOR A PARTICULAR PURPOSE.

IN NO EVENT SHALL SAM LEFFLER OR SILICON GRAPHICS BE LIABLE FOR ANY SPECIAL, INCIDENTAL, INDIRECT OR CONSEQUENTIAL
DAMAGES OF ANY KIND, OR ANY DAMAGES WHATSOEVER RESULTING FROM LOSS OF USE, DATA OR PROFITS, WHETHER OR NOT
ADVISED OF THE POSSIBILITY OF DAMAGE, AND ON ANY THEORY OF LIABILITY, ARISING OUT OF OR IN CONNECTION WITH THE USE
OR PERFORMANCE OF THIS SOFTWARE.

TE-SYSTEMS GmbH

Managing Directors Andreas Geiger
Oliver Kérber

Address Max-von-Laue-Weg 19
D-38448 Wolfsburg
Germany

Tel. +49 5363 8195-0
Fax +49 5363 8195-999

E-Mail info@te-systems.de
Internet www.te-systems.de
www.xcapi.de
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