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Chapter 1 - Introduction

Chapter 1 - Introduction
About This Manual

MultiVOIP models (MVP130-AV, MVP130-AV-FXS, MVP210-AV, MVP410-AV, & MVP810-AV) being used
in systems containing Avaya PBX units and controlled by Avaya™ Communication Manager software
differ only slightly from those being used in general voice-over-IP applications. Because this is so,
comprehensive information on the general setup of these MultiVOIP units can be found in the MultiVOIP
User Guide. However, certain MultiVOIP parameters are unique to operation in Communication Manager

systems. This manual describes these parameters.
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Beyond general setup information (like Mechanical Installation, & Cabling, LED definitions, and other
general info which are presented in the MultiVOIP User Guide & Quick Start Guide), this software guide
presents all the information you need to configure your MultiVOIP for use in a Communication Manager
system. It presents information on the MultiVOIP software screens as well as the related Communication
Manager screens. The MultiVOIP User Guide remains valuable as a reference source.

MultiVOIPs in Avaya Communication Manager Systems

The Communication Manager build of the MultiVOIP software allows for use of MultiVOIP units in
conjunction with IP-equipped Avaya PBX units. These PBXs are equipped with H.323 gatekeeper
functionality and support endpoints such as IP phones and MultiVOIP gateways.

In addition to functioning as a gateway, the MultiVOIP also contains an integrated gatekeeper, except
MVP130 Models. This allows the MultiVOIP to serve as it's own alternate gatekeeper should
Communication Manager be unavailable. When serving as an alternate gatekeeper, the MultiVOIP
processes registration and call routing for it’s local FXS/FXO/DID ports as well as local Avaya IP phones.
This is the MultiVOIP’s “gatekeeper survivability” mode.

Each MultiVOIP voice channel can be registered with a primary Communication Manager gatekeeper or
one of two optional alternate gatekeepers. The optional gatekeepers can be other Communication Manager
gatekeepers or the integrated MultiVOIP gatekeeper.

The diagram below shows a common function for the MultiVOIP unit within the Communication Manager
network: the MultiVOIP allows selected callers at a site remote from the Avaya PBX units to have access to
the PBX units and all of their extensions without tolls. Voice and fax calls are supported.

4 Multi-Tech Systems, Inc. Avaya Communication Manager Guide
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Figure 1. MultiVOIP in Avaya Communication Manager System

The MVP810-AV shown in the diagram on the previous page functions as a gateway registered to one of
the Communication Managers in the IP network. The MVP810-AV provides survivable calling between the
IP Phones, stations (FXS) and trunk (FXO/DID) ports at the remote site should the WAN link go down.

The MultiVOIP will not serve as a survivable gatekeeper for IP phones on the other side of the wan link.

If the WAN link goes down, the MultiVOIP will try to register six times with the Primary Communication
Manager Gatekeeper at 3-second intervals. If the Primary gatekeeper does not respond, the MultiVOIP will
try to register with the Alternate #1 Communication Manager Gatekeeper six times at 3-second intervals. If
the alternate #1 gatekeeper does not respond, the MultiVOIP will register with the Alternate #2 gatekeeper,
which is the integrated MultiVOIP gatekeeper. If the MultiVOIP registers to its own gatekeeper, this is
gatekeeper survivability mode where the MultiVOIP will process registration and call routing for its local
FXS/FXO/DID ports as well as local Avaya IP phones.

While in gatekeeper survivability mode, the MultiVOIP checks for the availability of the primary
Communication Manager gatekeeper every 3-minutes. The MultiVOIP will re-register and discontinue its
survivability mode automatically when the primary Communication Manager gatekeeper becomes
available. Any calls that were established during the "survivable mode" which are still active while the
MultiVOIP gateway returns to "subtending mode" to the CM gatekeeper, shall be preserved by the
MultiVOIP gatekeeper. When these calls become inactive (idle), the MultiVOIP gatekeeper shall force these
endpoints to unregister with the MultiVOIP gatekeeper and re-register with the CM gatekeeper.

If the MultiVOIP is not configured as an alternate gatekeeper, and none of the Primary, Alternate #1, or
Alternate #2 CM gatekeepers respond, the MultiVOIP will enter gateway survivable mode (if enabled) and
will process calls according to it’s inbound and outbound phone books. In gateway survivable mode, the
MultiVOIP will check for the availability of the primary Communication Manager gatekeeper according to
the Switching Time Interval programmed into the Communication Manager Parameters screen of the
MultiVOIP configuration. The MultiVOIP will exit gateway survivability mode if it is able to register with
the Primary CM gatekeeper. Gateway survivability mode is enabled by checking the “Enable Survivability
Mode” checkbox in the Communication Manager Parameters screen. If IP phone survivability is required,
you must enable gatekeeper survivability mode instead by configuring the MultiVOIP as one of the
alternate #1 or alternate #2 gatekeepers.

The following Avaya IP Phone models are supported in gatekeeper survivable mode:

4601 4602 4606 4610 4612 4620 4621 4622 4624 4625
9610 9620 9630 9640 9650
1603 1608 1616

Multi-Tech Systems, Inc. Avaya Communication Manager Guide 5
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Configuring MultiVOIP for Avaya Communication Manager Use

To configure the MultiVOIP unit within such a system (similar to that in Figure 1), use the Communication
Manager Parameters screen within the MultiVOIP program. If “Register with Communication Manager
Gatekeeper” is selected, then many parameters must assume default values and those will be grayed out on
the screen. In setting up the MultiVOIP unit for Communication Manager use, bear in mind that you may
configure the MultiVOIP to operate with any combination of stations (FXS) and/or trunks (FXO/DID).

1. Conﬁgure IP Parameters

la.

1b.

1lc.

1d.

Configure the IP address, gateway address, and mask used by the MultiVOIP unit in the
Configuration |IP Parameters screen of the MultiVOIP program. The IP address must match that
used in the Communication Manager “Change Node Names IP” form (dialog box).

DiffServ PHB (Per Hop Behavior) values pertain to a differential prioritizing system for IP packets
as handled by DiffServ-compatible routers. There are 64 values, each with an elaborate technical
description. These descriptions are found in TCP/IP standards RFC2474, RFC2597, and, for present
purposes, in RFC3246, which describes the value 34 (34 decimal; 22 hex) for Assured Forwarding
behavior (default for Call Control PHB) and the value 46 (46 decimal; 2E hexadecimal) for
Expedited Forwarding behavior (default for Voip Media PHB).

If you wish to use just one DiffServ PHB value, Ayaya recommends the value 46 (46 decimal; 2E
hex) for both Call Control and VOIP Media.

If you require that the MultiVOIP get its IP address from a DHCP server, select the “Enable DHCP”
option. The DHCP server must be located at the same site as the MultiVOIP so it is available in the
event of wan link failure. The DHCP server must issue an IP address that is statically defined on
the DHCP server so that the MultiVOIP gets the same IP address all the time.

TDM Routing Option. Calls placed between ports on the same MultiVOIP voice channel board
will normally be routed over the MultiVOIP’s internal TDM (Time Division Multiplexed) bus. TDM
calls have less delay than calls routed over IP. On MVP410/810-AV models, calls between channels
1-4 or channels 5-8 will be TDM routed. Calls between voice boards (for example, channel 1 calling
channel 5) will be IP routed. If you require all calls to be IP routed, disable the “use TDM Routing
for Intra-Gateway Calls” option. This should not normally be required, so it is recommended that
you leave TDM Routing enabled.

 IP Parameters
r— Diiff Serv Parameter

Call Cortral EHE ; |34
Erame Type ITYF'E-II *l
WolP Media PHE : |4B

— IP Parameters

I™ Enable DHCP (e |
IP Address : | 192 168 . 25 . 48 Cancel |
IP Mask: | 255 .25 .55 .0
: Help |

Gateway ; | 192 . 168 . 25 . 1

= DHE
I Enabie N E

[HE Semvenl B addiess: I

— FTF Server
[+ Enable

— TDM Fouting Option
¥ Use TDM Routing Far Intra-Gateway calls
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o Telnet - 192.168.25.10 [_[E]x]
Connect  Edit Teminal Help
change node-names ip Page 1 of 1
IP HODE HAHES
Hame WlP Address Hame IP Address
QultivoIp £192_168._25 _48 - e
HMultivoip2 TEOIT68 2 LAY
MultivoipPa 192 _168.25 .50
clan1 192.168.25 .30
cuctseruver 192 _168.25 .28
default 6 .8 .8 .@
medprol 192.168.25 .48

le. TCP/UDP port requrements. To ensure proper functioning of the MultiVOIP, the TCP/UDP
network connection must not be blocked on the network connection between the MultiVOIP and

CM.
The UDP ports used by the MultiVOIP are as follows:
Channel RTP Port RTCP Port T38 Port

1 5006 5007 5008
2 5016 5017 5018
3 5026 5027 5028
4 5036 5037 5038
5 5046 5047 5048
6 5056 5057 5058
7 5066 5067 5068
8 5076 5077 5078

The TCP ports used by the MultiVOIP are as follows:

H.225 Listen Port — User configured for each channel in the CM Settings screen (default 1721 —
1728)

H.225 Client Port — Dynamic (16000 — 20000)

H.245 Listen Port — Dynamic (16000 — 20000)

RAS Client Port — Dynamic (16000 — 20000)

1f. Emergency Transfer. Emergency transfer allows local analog telephones to access the local CO and
to answer telephone calls during a power failure.
For the various products the features operate as follows:
MVP210-AV
Port 1 is connected to Port 2
MVP410-AV
Port 1 is connected to Port 2
Port 3 is connected to Port 4
MVP810-AV
Port 1 is connected to Port 2
Port 3 is connected to Port 4

For example, suppose ports 1 and 3 of MVP410-AV are configured as FXS with telephones
attached. Ports 2 and 4 are configured as FXO trunks with CO lines attached. If there is a power
failure, the telephones on ports 1 and 3 would automatically be connected to the CO lines attached
to ports 2 and 4 allowing inbound and/or outbound call to be make.

Note: This feature shall only be available on “AV” models of the gateway that are:
Rev B: For the MVP410 and MVP810 models
Rev B: For the MVP210 model

Multi-Tech Systems, Inc. Avaya Communication Manager Guide 7
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2. Configure Interface Parameters.

2a. Determine which voice channels will be stations (FXS), trunks (FXO/DID), or disabled. Configure

them as such in the Configuration | Interface screen of the MultiVOIP GUI.

~ Interface Parameters
Select Channel !Channel 1 'I
Interface ——————————— [~ Dialing Option: K |
Interface Type — Regeneration - . —
Inter Digit Tirner I2 B0
Fx0 - " Pulse o AT Cancel |
G Loop et ] - Meszage Waiting Indication
E&M ] * DTME Stuter Dial Tone 7| Capy Chanrel |
DID-DPO - Nore =
Light . Crefault
Inter Digit Regeneration Timer {100 e
Help |
— F0 Dizconnect On Ring Count
— E&M Options v
v Current Loss F#5 lg
— Signal )
 DulT & ¥ Taone Detection
ial Tane f* I
- Silence Detection Fell |2
Wink Timer|250 ms
Tupe | TYFE | v| o =
TRET = izsconnect Tone Seguence
AEE IID' j T Maone ﬂ — F4S Dptions -
TYPE IV =
TYPEY ok m ,10, 21 | [ Curent Loss
Mode o o —
{ & 2wl dwie E £
- g q i
"
iy
'E:' i~ Dizconnect On Call Progress Tone
o ‘ [ Enable
— Pazz Through Nore' ™
[~ Enable
Silence Timer 115 3ECS
Current Loss l‘-‘—
Dretect Timer S0 e
— DID Optiohg — Caller 1D  Flazh Hook Options
Start Modes Caller 1D Type: Generation: 1500 T
T\-"lnkj tartS ﬂ IBeIIEole L] s
e [ Caler I Min: [500 i
“wink Timer |2DD Mas - i1DDD s

2b. If you are configuring a DID-DPO (Direct Inward Dial — dial-pulse originating) interface for DID

2c.

incoming calls, you need to chose DID-DPO from the pull down menu for Interface Type. You also
have to set the DID Options Start Modes; Immediate Start, Wink Start, or Delay Dial.

Immediate Start allows the MultiVOIP to detect the off-hook condition at the originating end of the
call and becomes ready to receive the digits immediately.

Wink Start allows the MultiVOIP to detect the off-hook condition at the originating end of the call.
The MultiVOIP then reverses the battery polarity for a specified time (140-290 ms; a “wink”) and

then becomes ready to receive the dialed digits. You can select the Wink Timer duration (140 to 290
ms).

Delay Dial allows the MultiVOIP to detect the off-hook condition at the originating end of the call.
Then the MultVOIP reverses battery polarity for a specified time (reverse polarity duration has a
wider acceptable range than Wink Start) and then becomes ready to receive dialed digits.

Enable the “Message Waiting Light” feature if you have FXS Interface selected and are using an
Avaya analog telephone with Message Waiting indicator or enable “Stutter Dial Tone” if you are

Multi-Tech Systems, Inc. Avaya Communication Manager Guide
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using a non-Avaya analog telephone. This station must be properly administered in the Audix
Voice Mail System for the message waiting feature to work.

2d. Activate the “Caller ID” feature if you have FXS Interface selected and are using an analog
telephone with caller ID display. The MultiVOIP will output Caller ID information, if received,
between the first and second rings.

2e. Activate “Caller ID” on FXO interfaces if the attached line supports it. The MultiVOIP will capture
the Caller ID information, if provided, between the first and second rings and will forward the
information to CM.

Note: If the CM customer is operating on CM release 2.0.1 (or newer), remember that for the ‘h323’
specified station, the following CM admin fields must be set appropriately:

a) The ‘Message Waiting’ field must be enabled and set to “led” if this feature is intended to be
supported on the MultiVOIPs analog station port.

b) Similarly, the following features must be enabled as desired:

e Switchhook flash
e Call Waiting Indication
¢ Attendant Call Waiting Indication

Multi-Tech Systems, Inc. Avaya Communication Manager Guide 9
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3. Configure Voice/Fax Parameters.

3a. In the MultiVOIP’s Configuration | Voice/Fax Parameters screen, configure the voice channels for a
voice coder that is supported by Communication Manager.

—Woice/Fax Parameters

Select Channel I[:hannel 1 VI

—WYoice Gain
Input IEI 'I dB  Output IEI 'I dB :a:;ifdn;il Im Cancel
_Dtﬁr?afin Fa 4 allire mda Copy Charinel
’7High [+ =l Low]7 =] Jiterelue [400 e et |
Duration [100 | e Wode [FRF 11 7] b

DTHMF : IDut 0f Band - Fixed Duration ;i

—Fax

i

J

— Coder Advanced Features
& Manual " Automatic I Silence Campressian
Selected Coder |G.723E8 kbps j V| Echo Cancellation

Met Coder@9.E kbps -
ey bandwidtil G. 711 .5.729

G.723.G.711 >
—Auto Call / OffHook Alert

Auto Call ADHHook Alert INDHB 'I ™| Gererate Local Bidl Tare

(o ool Sl e TimeEr |1 1] SE0s
Fhate Humber I

™ Fomward Error Carection

—_D_I,Jnam-ic Jitter Buffer

Minirum Jitker W alue IED mz
b asirmum Jitter Yalue IBDD mz
Optimization Factar IT-"

Automatic Digconnection
[ Jitter Value | 350 ik [" Consecutive Packets Lost |3[I
[ Call Duration I'IBU secs W Metwork Disconnection {300 SECS

The voice coder selected must match the voice coders listed in the ip-codec-set for the network
region the MultiVOIP resides in. If only G.729 is listed in the ip-codec-set, select G.729 on the
MultiVOIP. If G.711 is listed before G.729 in the ip-codec-set, select G.711, G.729 on the MultiVOIP.
If G729 is listed before G.711 in the ip-codec-set, select G.729, G.711 on the MultiVOIP.

There is one exception, if only G.711 is listed in the ip-codec-set, you must select G.711, G.729 on
the MultiVOIP. This will allow support for G.711 for CM managed calls, and will allow support for
G.729 for survivable mode calls. The MultiVOIP only supports G.729 in survivable mode.

The table below shows the bandwidth required per voice channel based on the codec selected and
the CM “Frames per Packet” setting in the “Change IP-Codec-Set” screen.

Bandwidth per Channel
Voice Frames per IP Packet
Coder 1 2 3 4
G.729 | 40K bps 24K bps 18K bps 16K bps
G.711 | 96K bps 80K bps 74.7K bps 72K bps

3b. If the CM customer desires that a particular FXS port is to operate as a “hot extension”, set the
“auto call/off-hook alerting” feature to auto call and enter the desired destination number in the
“phone number” field. Enabling this feature allows an analog phone user to be able to lift his/her

10 Multi-Tech Systems, Inc. Avaya Communication Manager Guide
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handset (and without dialing the number) immediately call the far-end party. To prevent toll fraud

on FXO trunk ports, set the “autocall enable” feature and enter the phone number for a receptionist
or auto-attendent.

3c. The MultiVOIP supports off-hook alerting on FXS ports. To enable the feature, set the “auto
call/off-hook alert” feature to “off-hook alert” and enter the destination number in the “phone
number” field. If the user lifts the handset, but does not dial a number, dial tone will be heard for
10 seconds, followed by intercept tone for the number of seconds configured in the “off-hook alert

timer” field. If this timer expires, a call will automatically be placed to the destination number in
the “phone number” field.

4. Configure the station (FXS) channels in the Communication Manager Parameters screen.

Communication Manager MultiVOIP: FXS Channels

— Communication Manager Parameters

Select Channel I Charinel 1 ﬂ

Interface Tupe it FXS (Loop Start)
.93 Parameters

™ Use Fast Start
Call Signaling Port I'I 721
[elaybefore Dial ;. {400 I _IDE
v Register with Communjcation Manager LCancel |
— Gatekeeper RAS Parameter
Default
Gateway Mame - |MultivolP —_I
[ ateway Prefiz: | Help |
Gateway H323 10 I Urregister |
Phone Mumber / Extension : IE;um Blegister |
Secuity Code : |“=‘"“
Giatekezper IF Address Fi&sS Port Gatek.eeper Name

Brmay [132 163 . 25 . w0 1713 f

Alternate GE 1 | 0. 0.0 .0 I‘I?-IS I

AlemateGK2 | 0 . 0 . 0 . 0 [1713 |

Fi&S TimeT oLive IED ZBCE

¥ Enable Survivability Mode

Switching Time [nteral IED 3BCE

H323 Wersion 4 Option:
[~ 3837 Multiplexing [Mux] ¥ H.245 Turneling [Tun]
[ Barallel H. 245 [F&+Tiun] I &nnes-E [BE]

4a. Make sure the “Register with Communication Manager Gatekeeper” option is checked.

4b.  Configure Call Signaling Port. This needs to be unique on each registered FXS channel and must
fall within the range of port values supported by Communication Manager. Typically, it is OK to
use the default values 1721-1728 on channels 1-8 respectively.

Multi-Tech Systems, Inc. Avaya Communication Manager Guide 11
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4c.  Configure Gateway Name (optional). This is the name that gets displayed when viewing Call
Progress statistics for this channel. If used, the MultiVOIP’s Gateway Name must match the
name used in the Communication Manager “Node-Names IP” form.

- Telnet - 192.168.25.10 [_[E]x]
LConnect  Edit Terminal Help
change node-pames ip Page 1 of 1
IP HODE HAMES

JHame. e 1P..Address Hame IP address
giltivorp 25 L7 - e
MultivoTFr2
MultivoIP3
clani
cuctserver
default
medproi

(7 of 7 administered node-names were displayed )
Use 'list node-names' command to see all the administered node-names
Use 'change node-names ip xxx' to change a node-name 'xxx' or add a node-name

F1=Cancel F2=Nzt Page F3=Submit Fli=Help p=Pru Page Esc r=Refresh

4d. Configure Phone Number / Extension. This must match the extension configured for this station
in the Communication Manager “station” form. If “ Message Waiting Indicator” is required for this
extension, set this option to “led” in the CM “station” form.

8 Telnet - 200.2 9100 =

LConnect  Edit Terminal Help

change station 66881 Page 1 of 4
STATION
Extension: 6001 BCC: B
S Type: 1,323 TH: 1
Porti Sa0037 1 B COR: 1
Mame: HMultiUOIP CHA1 Coverage Path 2: Cos: 1
Hunt-to Station: Tests? y

STATION OPTIONS

Loss Group: 19

Survivable COR: internal
Survivable Trunk Dest? y
DTHF over IP: in-band

IP Uideo? n

F1=Cancel F2=Hzt Page F3=Submit Fli=Help 3 qe Esc r=Refresh

12 Multi-Tech Systems, Inc. Avaya Communication Manager Guide
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Note that, in page 2 of the Communication Manager “Station” form, the “Direct IP-IP Audio
Connection” field must be set to “y” and the “IP Audio Hairpinning” field must be set to “n.”

i Telnet - 200.2.9.100
LConnect  Edit Terminal Help

change station 6661 Page 2 of I
STATION

FEATURE OPTIOHS

LYC Reception: Bpe

LYC Activation? y
LWC Log External Calls?
CDR Privacy?
Redirect Hotification?
Per Button Ring Control?
Bridged Call Alerting?
Switchhook Flash?

Coverage lsg Retrieval? y

Data Restriction? n
Call Waiting Indication: y
Att. Call Waiting Indication: y

=ao o= a3

H.328 Conversion? n Per Station CPH - Send Calling Humber?

HWI Served User Type: gsig-muwi

Coverage After Forwarding? s

iDirect IP-IP Audio Connections? u
Emergency Location Ext: 6881 1 IP Audio Hairpinning? n

F3=Submit Fli=Help s Esc r=Refresh

4e. Configure Security Code. This must match the security code configured in the Communication
Manager “Station” form (see first graphic in step 4d).

4f. Configure Primary Gatekeeper IP Address. This must be configured to match the IP address of the
CLAN or PROCR card in the “IP Node Names” form of the primary CM gatekeeper. Do not
change the RAS port from the default 1719 and leave the Gatekeeper Name field blank.

o Telnet - 192.168.25.10 =[]

Conrect Edt Terminal Help
IP HODE HAMES

Hame IP Address Hame IP Address
ultivoIp 192.168.25 . - - -
HultivoIpP2 192.168.25 .
T R RIT IR0 SRS 192.168.25

Tani 192.168.25 )
B LT3 [ Fr
default 8 .8 .8 .
medproi 192.168.25 .

(7 oF 7 administered node-names were displayed )
Use 'list node-names' command to see all the administered node-names
Use 'change node-names ip xxx" to change a node-pame 'xxx’ or add a node-name

F1=Cancel F2=Hxt Page F3=Submit F4=Help Esc p=Pruv Page Esc_r=Refresh

4g. Configure IP addresses for Alternate Gatekeeper 1 and Alternate Gatekeeper 2 (optional). These
must be configured to match the IP address of the respective CLAN or PROCR card in the PBX unit
serving as the Alternate Gatekeeper. This field appears in IP Node Names form of the
Communication Manager software for that PBX. If you are using the MultiVOIP Gatekeeper as an
alternate gatekeeper, enter the IP address of the MultiVOIP. The alternate MultiVOIP gatekeeper
must appear after any Communication Manager alternate gatekeepers.
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5. Configure trunk (FXO) channels in the Communication Manager Parameters screen.

Communication Manager MultiVOIP: FXO Channels

5a. Make sure the “Register with Communication Manager Gatekeeper” option is checked.
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5b. Configure Call Signaling Port. Unlike station (FXS) ports, which require a unique value for each
channel, trunk (FXO) ports require that the same Call Signaling Port value be used on all trunk
(FXO) ports that are registered to the same Communication Manager PBX. Configure this to a
unique value that is not being used by another station (FXS) or trunk (DID) port on this MultiVOIP
unit. This port value must fall within the range of port values supported by Communication
Manager and should match the “Far-end Listen Port” value configured in the Communication
Manager “Signaling Group” (“Display Signaling Group”) form (dialog box). All FXO ports on this
MultiVOIP will use the same Signaling Group for communication with the CM Server.

% Telnet - 200.2.9.100

LConnect  Edit Terminal Help

“.Remote Office? [} . - Max number of NCA TSC: @
""" Max number of CA TSC: @
Trunk Group for HCA TSC:

1303 Timer(sec): 18

Hear-end Hode NHame: procr
Near-end Listen Port: 58688

__________________ H.235% Annex. H..Required?. n,
DTHF over IP: out-of-band i Direct IP-IP Audio Connections? y:

Link Loss Delay Timer({sec): 98 H IP Audio Hairpinning? n
Enable Layer 3 Test? n Interworking Message: PROGress

H.323 Uutioini Direct Hedia? n DEP!nnaloi Bearer Eaiahiliti: 3.1kHz

Fi=Cancel F2=Hxt Page F3=Submit Fh4=Help Esc p=Fru Page Esc r=Refresh

Note that several other fields in the Communication Manager “Signaling Group” form (dialog box)
must be set to accommodate operation with the MultiVOIP:

Group Type =h.323
Remote Office? =n
RRQ Required? =y
Direct IP-IP Audio Connection? =y
IP Audio Hairpinning? =n
Calls Share IP Sig Connection =y

5c. Configure Delay before Dial value. This is the delay after the MultiVOIP goes off hook before it
dials a number to the attached PSTN line. Some PSTN lines may require more than the default 400
ms value. Configure as appropriate for the PSTN lines you are using. If you are not sure, leave the
default value in place.

5d. Configure Gateway Name. This should match the value configured for this MultiVOIP unit in the
Communication Manager “IP Node Names” and “Signaling Group” forms.

5e. Configure Primary Gatekeeper IP Address. This must be configured to match the IP address of the
CLAN or PROCR card in the “IP Node Names” form of the primary Communication Manager
Gatekeeper unit. Do not change the RAS Port and leave the Gatekeeper name field blank.

5f. Configure IP addresses for Alternate Gatekeeperl and Alternate Gatekeeper 2 (optional). These
must be configured to match the IP address of the respective CLAN or PROCR card in the PBX unit
serving as the Alternate Gatekeeper. This field appears in IP Node Names form of the
Communication Manager software for that PBX. If you are using the MultiVOIP Gatekeeper as an
alternate gatekeeper, enter the IP address of the MultiVOIP. The alternate MultiVOIP gatekeeper
must appear after any Communication Manager alternate gatekeepers.
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5g. To accommodate the MultiVOIP unit, the following fields in the Communication Manager “Trunk
Group — Page 1” form must be set as shown:

Dial Access? =y

Service Type = tie
Group Type =ISDN
Carrier Medium =1P/H.323

8 Telnet - 200.2.9.100
Connect Edit Terminal Help
change trunk-group 28

Group Humber

F1=Cancel 3

28

2=Nxt Page

TRUNK GROUP

F3=Submit

Busy Threshold: 255 HNight §é}u1ce

= B3

Page 1 of 21

CDR Reports: y

<

Auth Code? n
Hember Assignment HMethod: manual

Fi4=Help Esc p=Prv Page Esc r=Refresh

5h. To accommodate the MultiVOIP unit, all of the MultiVOIP’s FXO channels must be listed as trunk-
group members in the Communication Manager Trunk Group form (“Change Trunk-Group” dialog

box).

LConnect Edit Temminal Help
change trunk-group 28

GROUP MEMBER ASSIGHMENTS

Port
: [eeez1
: T00672
: TO0073

8 Telnet - 200.2.9.100 [2[=]=]
Page 5 of 21
TRUNK GROUP
Administered Hembers (min/max): 174
Total Administered Hembers: 4
Hame Hight Sig Grp
28
28
28
28

: Taaesh

I = R BN SR

N gy
[ = )

F1=Cancel

F2=Hxt Page

F3=Submit

Fli=Help Esc p=Prv Page Esc r=Refresh

For example, if four channels of an MVP810-AV are configured as FXO, four trunk group numbers

must be listed, as above.

16
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6. Configure trunk (DID) channels in the Communication Manager Parameters screen.

Communication Manager MultiVOIP: DID Channels

Channel 1

lelri=

| e e e [i'-'E':-:I Jo# | 245 Titarmefiia [Tiomn]
I | Earalel B 245 S ] _] A =)

6a. Make sure the “Register with Communication Manager Gatekeeper” option is checked.
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6b. Configure Call Signaling Port. Unlike station (FXS) ports, which require a unique value for each
channel, trunk DID ports require that the same Call Signaling Port value be used on all DID trunk
ports that are registered to the same Communication Manager PBX. Configure this to a unique
value that is not being used by another station (FXS) or trunk (FXO) port on this MultiVOIP unit.
This port value must fall within the range of port values supported by Communication Manager
and should match the “Far-end Listen Port” value configured in the Communication Manager
“Signaling Group” (“Display Signaling Group”) form (dialog box). All DID trunk ports on this
MultiVOIP will use the same Signaling Group for communication with the CM Server.

% Telnet - 200.2.9.100 (o] x]
LConnect  Edit Temminal Help

SIGHALING GROUP

Group Mumber: 21 :f"" Gruup Type “ho353"
Re@gge Office? n .- » Max number of HCA TSC: @
""""" SEEY N Max number of CA TSC: B

IP Video? n Trunk Group for HCA TSC:
Trunk Group for Channel Selection: 21
TSC Supplementary Service Protocol: a
T383 Timer{sec): 1

Hear-end NHode Hame: procr

Hear-end Listen Port: 5881 -uuFat“gEg Llsten Port“_
Far —end. Hetuork Hegiens ...

ARD. .Required?. n “falls Share IP Signaling Connec
‘“RRQ Required? Y 73 e
Hedid Encryption? i Bypass If IP Threshold Exceeded? n
H.235 Annex H Required? n
DTHF over IP: out-of-band § Direct IP-IP Audio Connections? yi
Link Loss Delay Timer({sec): 98 1 IP Audio Hairpinning? ni
Enable Layer 3 Test? [ Interworking HMessage: PROGress

H.323 Dutioini Direct Media? n DCannaloi Bearer Caiahiliti 3.1kHz

F1=Cancel F2=Hxt Page F3=Submit Fl4=Help Esc p=Prv Page Esc r=Refresh

Note that several other fields in the Communication Manager “Signaling Group” form (dialog box)
must be set to accommodate operation with the MultiVOIP:

Group Type =h.323
Remote Office? =n
RRQ Required? =y
Direct IP-IP Audio Connection? =y
IP Audio Hairpinning? =n
Calls Share IP Sig Connection =y

6¢c. Configure Gateway Name. This should match the value configured for this MultiVOIP unit in the
Communication Manager “IP Node Names” and “Signaling Group” forms.

6d. Configure Primary Gatekeeper IP Address. This must be configured to match the IP address of the
CLAN or PROCR card in the “IP Node Names” form of the primary Communication Manager
Gatekeeper unit. Do not change the RAS Port and leave the Gatekeeper name field blank.

6e. Configure IP addresses for Alternate Gatekeeperl and Alternate Gatekeeper 2 (optional). These
must be configured to match the IP address of the respective CLAN or PROCR card in the PBX unit
serving as the Alternate Gatekeeper. This field appears in IP Node Names form of the
Communication Manager software for that PBX. If you are using the MultiVOIP Gatekeeper as an
alternate gatekeeper, enter the IP address of the MultiVOIP. The alternate MultiVOIP gatekeeper
must appear after any Communication Manager alternate gatekeepers.
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6f. To accommodate the MultiVOIP unit, the following fields in the Communication Manager “Trunk
Group — Page 1” form must be set as shown:

Dial Access? =n

Service Type = tie
Group Type = ISDN
Carrier Medium =1P/H.323

o8 Telnet - 200.2.9.100

LConnect Edit Temminal Help

change trunk-group 21 Page 1 of 21
TRUNK GROUP

Group Humber: 21
Group Hame: DUTSIDE CALL

CDR Reports: y

Outgoing Display? n
Busy Threshold: 25%

Auth Code? n
HMember Assignment HMethod: manual

F1=Cancel F2=Hxt Page F3=Submit Fu4=Help Esc p=Prv Page Esc r=Refresh

6g. To accommodate the MultiVOIP unit, all of the MultiVOIP’s DID channels must be listed as trunk-
group members in the Communication Manager Trunk Group form (“Change Trunk-Group”

dialog box).
8 Telnet - 200.2.9.100 [2[=]=]
LConnect Edit Temminal Help
change trunk-group 21 Page 5 of 21
TRUNK GROUP
Administered Hembers (min/max): 174
GROUP MEMBER ASSIGHMENTS Total Administered Hembers: 4
Port Hame Hight Sig Grp
1: [Jesezs 21
2: TO8676 1
3: TOOO77 Pl
L: THAB78 P |
5:
i
7
8:
9:
18:
11:
12:
13:
14:
15:
1

F1=Cancel F2=Hxt Page F3=Submit Fli=Help Esc p=Prv Page Esc r=Refresh

For example, if four channels of an MVP810-AV are configured as DID, four trunk group numbers
must be listed, as above.
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7. Configure MultiVOIP gatekeeper (except for the MVP130 Models) to provide survivability to IP phones

and local FXS/FXO/DID ports.

If you are using Avaya IP phones in addition to the MultiVOIP, you must configure the MultiVOIP
gatekeeper to provide survivability for the IP phones and local FXS/FXO/DID ports in the event of
WAN link failure.

7a. In the MultiVOIP’s Gatekeeper | Endpoints screen, add predefined endpoints to the gatekeeper.

i~ Existing Endpoint

Type | Online | Prelef | Registration [P | M ame | Phone Add

Wrregister |

[ hregietendl| |

Discanmest Erdpait |

% e Ere-defs |
[ifilire Farammeters |

Help |

1] | i

One endpoint entry is required for each FXS port or IP phone. Only one entry is required for one or
more FXO ports per MultiVOIP gateway. Only one entry is required for one or more DID ports per
MultiVOIP gateway.

. To add an entry for a MultiVOIP EXS port, configure Endpoint Type, Product ID, Names, Phones,

Registration IP, and Security code fields as indicated below. Configure the Names field with a
unique descriptive identifier. The information contained in the Names and Phones fields will be
used for Caller ID purposes in survivable mode. Configure Phones and Security Code to match the
values configured for this station in Communication Manager. The Registration IP should match
the IP address of the MultiVOIP where the FXS port is located. This could be the IP address of this
very same MultiVOIP or another MultiVOIP. Leave the other fields blank. One entry is required for
each MultiVOIP FXS port that is configured to register with Communication Manager. Click OK to
accept this entry. Repeat the above steps to add additional FXS station port entries.

If the autocall feature is being used to route incoming FXO trunk calls to an extension (1000, etc.,) at
the main site, you can program a second entry in the “Phones” field to 1000 to route incoming FXO
trunk calls to a given FXS station to cover the autocall situation in Gatekeeper Survivable mode.

— Predefined Properties

Predefined Froperties for Endpoint I Allowed Distance ID
Endpoint type ITerminaI 'i Froduct Id IMuItf\-"oIF’ ‘I [ Eorce this Endpoint to Online Status
—Mamezs——— [~ Phones — Other Aliaze:
tike Jones BO11 URL I
1000
Emal |
Forward To: Forward To: T I
Party Murnber I Type I
Registiation [P |192.168.25.48 Eort
Securty Code I’"""1
Call Signalling Port I
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7c. To add an entry for MultiVOIP FXO ports, configure Endpoint Type, Product ID, Names,
Registration IP, and Call Signalling Port fields as indicated below. Configure the Names field
with a unique descriptive identifier for the FXO trunk. This same name will be used later to map
Outbound Phone Book entries with specific digit patterns (area codes, etc.) to this FXO trunk, and
for Caller ID purposes in survivable mode. The Registration IP should match the IP address of the
MultiVOIP where the port is located. This could be the IP address of this very same MultiVOIP or
another MultiVOIP. Leave the other fields blank. Only one entry is required for one or more ports
on a given MultiVOIP. For example, if the MultiVOIP has four FXO ports, only one gatekeeper
entry should be added. Click OK to accept this entry.

— Predefined Properties
Predefined Properties for Endpoint I Allowed Distance ID
Endpoint type IGalewa_l,l vl Product 14 IMuItl\-'uIF‘ "I [~ Force this Endpaint to Online Status
~MNames——————— [ Phonee————————— [~ Other Aliases
Mirneapaolis URL I
Lpai |
Forvward To: Forvward To Transport I
Party Murnber I Tupe I
Registiation [P |192.168.25.48 Bart
Secuity Code I
LCall Signalling Port |1 725

7d. To add an entry for MultiVOIP DID ports, configure Endpoint Type, Product ID, Names,
Registration IP, and Call Signalling Port fields as indicated below. Configure the Names field
with a unique descriptive identifier for the DID trunk. This name will be used for Caller ID
purposes in survivable mode. The Registration IP should match the IP address of the MultiVOIP
where the DID port is located. This could be the IP address of this very same MultiVOIP or another
MultiVOIP. Leave the other fields blank. Only one entry is required for one or more ports on a
given MultiVOIP. For example, if the MultiVOIP has four DID ports, only one gatekeeper entry
should be added. Click OK to accept this entry.

- Predefined Properties

Predefined Properties for Endpoint I Allowed Distance |U
Endpoint type |Galeway 'l Product Id IMuIlNoIP 'I I~ Force this Endpoint to Online Status

[~ Names- ~ Phones— - Other Aliases
Minneapolis DID URL |
Email I
Forward To : Forward To: Transport I
| | ! Party Number | Type |
Registiaion|P | 192.168.25.48 Port |

Security Code : I

Call Signaling Port |1726
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7e. To add an entry for an IP phone, configure Endpoint Type, Product ID, Names, Phones, and
Security code fields as indicated below. Configure Phones and Security Code to match the values
configured for this IP phone in Communication Manager. Leave the other fields blank. One entry
is required for each IP phone located at the same site as this MultiVOIP. Do not create entries for IP
phones located at other sites. They will not be able to register with this MultiVOIP in the event of a
wan link failure. Click OK to save this entry. Repeat the above steps to add additional IP phone
entries. The MVP210, MVP410, and MVP810 support 5,10, or 15 IP phones respectively.

— Predefined Propertie:
Fredefined Properties for Endpaint |3 Allowed Distance IU
Endpoint type | T erminal j Praduct Id IAva_n,laPhone-4B1 2 LI [™ Force this Endpoint to Online Status
Mame: Fhore: — Other Aliaze
John Smith 2110 UAL I
Email |
Forward To : Forward To: Tk I
Prarty Mumber I Type I
Reaistration |P I Bart I
Security Code : I
Call Signalling Port I

The IP phones must be configured to use DHCP and the DHCP server must be located at the same
site as the MultiVOIP and IP phones. This is the only means by which the IP phones are made aware
of alternate gatekeepers, such as the MultiVOIP gatekeeper when the CM is unavailable due to WAN

link failure.

Refer to the following Avaya documents for instructions on how to configure the DHCP server.

e 4600 Series IP Telephone Lan Administrator’s Guide (Avaya document number 555-233-507).
Read the section titled “DHCP” under “Server Administration”.

e Avaya one-x Deskphone Edition for 9600 Series IP Telephones Administrator’s Guide Release
1.5 (Avaya document number 16-300698). Read the section titled “DHCP and File Server”
under “Server Administration”.

e Avaya one-x Deskphone Value Edition 1600 Series IP Telephones Administrator’s Guide
Release 1.0 (Avaya document number 16-601443). Read the section titled “DHCP Server

Administration”.

Your DHCP server must utilize site-specific options (SSON) #176 (46xx models) and /or #242 (16xx,
96xx models) which are IP Telephone-specific DHCP options specifying information such as TFTP
server and Definity CLAN IP address. The MultiVOIP IP address must be listed at the end of the
string. MCIPADD=XXX.XXX.XXX.XXX,YYY.YYY.YYY.VyYy Where Xxx.xxx.xxx.xxx is one or more IP
addresses used for Definity/CM CLAN IP boards and yyy.yyy.yyy.yyy is the MultiVOIP’s IP

address.

22
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7f. Configure the “Survivable GK Node Name” field with the node name previously given to the
MultiVOIP in the “Node-Names IP” form.

Avaya IP phones running firmware version 2.0 or higher require CM 2.0.1 or higher to work in
survivable mode with the MultiVOIP. When these phones register with the CM, they replace the
list of gatekeepers acquired from the DHCP server (including the MultiVOIP) with a new list of
gatekeepers acquired from CM. This differs from 1.x IP phone firmware where the gatekeeper list
sent to the IP phone from CM was appended to the list of gatekeepers acquired from the DHCP
server. When using CM 2.0.1 or higher, configure the “Survivable GK Node Name” field in the
station form for the IP phone. By doing this, the MultiVOIP will be included in the list of
gatekeepers sent to the IP phone by CM.

Note: IP phone models 4610SW and 4620SW only support 2.0 or higher firmware, therefore these
phones cannot be used with the MultiVOIP unless you are using CM 2.0.1 or higher.

add station 2118 Page 1 of 4
STATION
Extension: 2118 Lock Hessages? n BCC: @
Type: 4628 Security Code: = TH: 1
Port: IP Coverage Path 1: COR: 1
Hame : Coverage Path 2: Cos: 1

Hunt-to Station:

STATION OPTIONS

Loss Group: 19 Personalized Ringing Pattern: 1
Message Lamp Ext: 2118
Speakerphone: 2-uay Hute Button Enabled? y
Display Language: english Expansion Hodule? n
(Eﬁruiuahle GK Hode Hame: MultiUﬂIPI:;? Hedia Complex Ext:

- IP SoftPhone? n

7g. The completed Endpoints screen is shown below:

- Exigting Endpoints

Tvpe Online | PreDef | Re istrationl hame Phone Aeld

.43 tike Jones

Gateway + 192.168.25.48:0 Minneapaliz F<0 2

Gateway i 192.168.25.48.0 Mirneapolis 01D —Iu”'eg"*ter
Terminal + Jahn Smith 2110

Unregister Al |
chonnectEndpmnq
Delete I
el Ere-lefs I
[k (ire Eerametens |
Help |

| | |

7h. Click on Save Setup | Save GK Parameters to save the gatekeeper settings.
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Create Outbound Phone Book entries to allow the mapping of digit patterns (area codes, 911 calls, etc)
to FXO trunks during gatekeeper survivable mode.

When a survivable call comes in from the IP network to the MultiVOIP gatekeeper, the MultiVOIP will
search through the Outbound Phone book entries in an attempt to find an entry whose Destination
Pattern matches the first few digits of the destination phone number for the call.

If a match is found, the MultiVOIP will manipulate the digits according to the Remove Prefix and Add
Prefix fields of the Outbound Phone book entry. The call with the manipulated digits will be routed to
the predefined gatekeeper endpoint whose Names entry matches the H.323 ID configured in the
Outbound Phone Book entry. This is the normal sequence for calls to FXO trunks.

If there is no match in the Outbound Phone book, the MultiVOIP gatekeeper will try to find a matching
number in the Phones field of one of the MultiVOIP gatekeeper predefined endpoints. This is the
normal sequence for calls to FXS ports or IP phones.

Suppose the MultiVOIP resides in the 763 exchange of the Minneapolis area with its FXO trunk
connected to PSTN lines. This area has an overlayed area code system where calls to 763, 612, 952, and
651 exchanges are all local calls. In this example, we will add Outbound Phone book entries to allow
calls to phone numbers within these exchanges as well as 911 calling for emergencies.

8a. Go to the MultiVOIP’s Phone Book | Phone Book Modify | Outbound Phone Book | List Entries
screen as seen below.

r— Outbound Phone Book

D estination Pattern | IP &ddiess | Protocol | Description | Altemnal

4] |

Humber of Entries :

3|
~ Detail;
Remave Prefis : Add
Add Prefix: —
Gatekeeper : Edit |
Gateway H.323 D :
[ElEt
Gateway Prefis :
(.931 Port: Close
Trarepoer Eretoca] _l

SRR iy
FRound Trip Delay: 300 ms
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8b. Click the Add button to add an Outbound Phone Book entry. The Add/Edit Outbound Phone
Book screen will be displayed.

8c. Enter the digit pattern 9763 in the Destination Pattern field. Enter the digit 9 in the Remove Prefix
field Enter a description in the Description field for information purposes only. Enable the Use
Gatekeeper option and enter Minneapolis-FXO in the Gateway H.323 ID field. The Gateway
H.323 ID is essentially a “trunk group name” that matches the Minneapolis-FXO entered in the
Names field of the Gatekeeper Predefined Endpoint for the FXO trunk. Note, If your analog trunk
line requires that all outgoing calls must dial a “9” or some other access code as part of a CO-
Centrex service, you would enter this in the Add Prefix field. Leave the Total Digits and Q.931
Port Number fields set to 0. Leave all other fields blank. Click OK to accept the changes.

tinneapalis F=0 |
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8d. Go to the MultiVOIP’s Phone Book | Phone Book Modify | Outbound Phone Book | List Entries
screen and click the Add button to add another Outbound Phone Book entry for the 612 area code.
Enter the digit pattern of 9612 in the Destination Pattern field. Enter the digit 9 in the Remove
Prefix field.

Minnconqiis £

8e. Add additional Outbound Phone Book entries for calls to the 651 and 952 exchanges as indicated in
the screens below:

IF sddress s I
I__ocal c:al_ls, B51 e_xchapgn_e |

o

M.ir_'ulnn.eg:polis Fe0 |
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8f. Add an Outbound Phone Book entry to handle the routing of 911 emergency calls to the FXO trunk.
Since 911 must be dialed out the FXO trunk, leave the Remove Prefix field blank.
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8g. The completed Outbound Phone book now includes the entries added in the earlier steps.

 Outbound Phone Book

Destination Pattern IP Address Protocal Description Altemal

9171 emergency calls

9612 H.323 Local calls, 612 exchange
9651 H.323 Local calls, 651 exchange
9763 H.323 Local calls, 763 exchange
9952 H.323 Local calls, 952 exchange

Number of Entiies: &

3|
- Detail
Remaove Prefis :
Add
Add Prefis : _l
Gatekeeper: used Edit |
Gateway H.323 10 ;. Minneapoliz F<0
Dielet |
Gateway Prefix : S
(.931 Paort: 0 Feee
TranspEort Protacel _I
S AL Help |

Round Trp Delay: 300 ms

Note: For gatekeeper survivability mode, the Inbound Phone book is not used.

8h. Click on Save Setup | Save and Reboot to save the Outbound Phone Book entries.

9. Dialing examples for gatekeeper survivability mode.

9a. Gatekeeper Survivability dialing example #1: A local station to local IP phone call.

The station at FXS port #1 (6011) goes off hook and receives the survivable dial tone from the
MultiVOIP gateway. The client then proceeds to dial 2110.

The MultiVOIP gatekeeper searches the Outbound Phone book for a match to 2110. There is no
match.

The MultiVOIP gatekeeper searches the Phones fields of the Predefined Endpoints and finds a
match for 2110.

The MultiVOIP gatekeeper routes the call to the IP phone registered with the phone number 2110.
When IP phone 2110 answers, the call is completed.

9b. Gatekeeper Survivability dialing example #2: IP phone 2110 dials outward on the local analog

trunk to gain access to the local central office.

IP phone 2110 goes off hook and receives survivable dial tone from the MultiVOIP gatekeeper. The
client then proceeds to dial 97637174321.

The MultiVOIP gatekeeper searches the Outbound Phone book for a match to 97637174321. It finds
a match with Destination Pattern 9763 and Gateway H.323 ID = Minneapolis-FXO. The 9 is
removed and the remaining digits 7637174321 remain.

The MultiVOIP gatekeeper searches the Predefined Endpoints for an entry with Minneapolis-FXO
in the Names field. It finds a match.

The call with digits 7637174321 is routed to the FXO predefined endpoint registered with Name =
Minneapolis-FXO.

The FXO trunk port activates its tip /ring loop-start interface and the digit string “7637174321" is
dialed out towards the network.

When the called party of 7637174321 answers, the call is completed.

28
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9c. Gatekeeper Survivability dialing example #3: Incoming Central Office call to station 6011. In this
case, the Autocall feature has been enabled in the Voice/Fax screen of the MultiVOIP for the FXO
trunk channels. The Autocall Phone Number field has been set to 6011.

A call from the Central Office line rings in to the MultiVOIP’s FXO trunk.
The MultiVOIP goes off hook on its FXO tip/ring loop-start interface.

The MultiVOIP automatically place a call to 6011 which has been enabled for autocall in the
Voice/Fax screen for the FXO channel.

The MultiVOIP gatekeeper searches the Outbound Phone book for a match to 6011. There is no
match.

The MultiVOIP gatekeeper searches the Phones fields of the Predefined Endpoints and finds a
match for 6011.

The MultiVOIP gatekeeper routes the call to the FXS station port registered with the phone number
6011. When 6011 answers, the call is completed.

Note: If Autocall was not enabled for the FXO port, the incoming caller would have been presented
with survivable dial tone from the MultiVOIP gateway. At this point they could manually dial a
phone number to complete the call.

9d. Gatekeeper survivability dialing example number 4: Incoming central office DID call to IP phone
2110. The central office DID line seizes the MultiVOIP DID trunk and dials 2110.

The MultiVOIP gatekeeper searches the Outbound phone book for a match to 2110. There is no
match.

The MultiVOIP gatekeeper searches the Phones fields of the predefined Endpoints and finds a
match for 2110.

The MultiVOIP gatekeeper routes the call to the IP phone registered with the phone number 2110. When IP
phone 2110 answers, the call is completed.
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Regional Parameters screen

The main distinguishing feature of the Regional Parameters screen for Avaya Communication Manager
MultiVOIPs is the addition of the survivability dial tone.

1.
2.

3.

Set the Survivability Tone in the Configuration|Regional Parameters screen.

The Regional Parameters screen will appear. For the country selected, the standard set of frequency
pairs will be listed for dial tone, busy tone, “‘unobtainable” tone (fast busy or trunk busy), and ring

tone.
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In each field, enter the values that fit your particular system. For most applications, it should be
sufficient to select the appropriate country/region and leave the settings at their default values.

The Regional Parameters fields are described in the table below.

“Regional Parameter” Definitions

Field Name | Values Description
Country/ Australia, Central America, | Name of a country or region that uses a certain set of tone pairs
Region Chile, Europe, France, for dial tone, ring tone, busy tone, and ‘unobtainable’ tone (fast

USA, Japan, UK, Custom
Note:

“Survivability” tone
indicates a special type of
call-routing redundancy &
applies to Comm Mgr
VOIP units only.

busy tone), survivability tone (tone heard briefly, 2 seconds,
after going offhook denoting survivable mode of VOIP unit)
and re-order tone (a tone pattern indicating the need for the
user to hang up the phone). In some cases, the tone-pair scheme
denoted by a country name may also be used outside of that
country. The “Custom” option (button) assures that any tone-
pairing scheme worldwide can be accommodated.

Type column

dial tone, ring tone,
busy tone, unobtainable
tone (fast busy),
survivability tone,
re-order tone

Type of telephony tone-pair for which frequency, gain, and
cadence are being presented.

Frequency 1 freq. in Hertz Lower frequency of pair.
Frequency 2 freq. in Hertz Higher frequency of pair.
Gain 1 gain in dB Amplification factor of lower frequency of pair.

+3dB to -31dB
and “mute” setting

This applies to the dial, ring, busy and ‘unobtainable” tones that
the MultiVOIP outputs as audio to the FXS, FXS, or E&M port.
Default: -16dB
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“Regional Parameter” Definitions Continued

Field Name

Values

Description

Gain 2

gain in dB
+3dB to -31dB
and “mute” setting

Amplification factor of higher frequency of pair.

This applies to the dial, ring, busy, and “unobtainable’ (fast
busy) tones that the MultiVOIP outputs as audio to the FXS,
FXO, or E&M port. Default: -16dB

Cadence
(msec)
On/Off

n/n/n/n

four integer time values in
milli-seconds; zero value
for dial-tone indicates
continuous tone

On/ off pattern of tone durations used to denote phone ringing,
phone busy, connection unobtainable (fast busy), dial tone (“0”
indicates continuous tone), survivability, and re-order. Default
values differ for different countries/regions. Although most
cadences have only two parts (an “on” duration and an “off”
duration), some telephony cadences have four parts. Most
cadences, then, are expressed as two iterations of a two-part
sequence. Although this is redundant, it is necessary to allow
for expression of 4-part cadences.

Custom
(button)

Click on the “Custom” button to bring up the Custom Tone
Pair Settings screen. (The “Custom” button is active only when
“Custom” is selected in the Country/Region field.) This screen
allows the user to specify tone pair attributes that are not found
in any of the standard national /regional telephony toning
schemes.

4. Set Custom Tones and Cadences (optional). . The Regional Parameters dialog box has a secondary

dialog box that allows you to customize DTMF tone pairs to create unique ring-tones, dial-tones, busy-
tones or “unobtainable” tones (fast busy signal) or “re-order” tones (telling the user that she must hang

up an off-hook phone) or “survivability” tones (an indication of call-routing redundancy in

Communication Manager systems only) for your system. Regional Parameters can only be adjusted to

change tones played on FXS or FXO ports. Tones for IP phones are fixed and cannot be changed.

This screen allows the user to specify tone-pair attributes that are not found in any of the standard

national /regional telephony toning schemes. To access this customization feature, click on the Custom

button on the Regional Parameters screen. (The “Custom” button is active only when “Custom” is
selected in the Country/Region field.)

- Regional Parameter

Country/Begion :

- Custom

Australia

Chile
Europe
France

Custom

Central America

Type [ Frequency [ Frequency2 [ Gainl [ Gain2 | Cadenoefsecs)On/0i

DialTone 350 440 4B 6 0.000/0.000/0.000/0.000
BusyTone 400 400 6 6 D375/0375/0375/0.375
FingTane 400 450 a6 6 0.400/0.200/0.400/2.000
UnobtainableTone 430 620 A 18 0.000/0.000/0.000/0.000

Lancel
Defaut
Help

i~ Custom Tore Pair

Dial Tone o

Dial Tone
Busy Tane

Tone Pai

Unabtainsble Tone

Tone Pair Yalues

FErequencyl : [350 Hz Cadence] IEI

Frequency2 |44u Hz Cadence2 IEI

Gainl: -1 x| g Cadence3: [0

Gan2: [16 ¥]| 48 Cadenced: |0 ms

e
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The Custom Tone-Pair Settings fields are described in the table below.

Custom Tone-Pair Settings Definitions
Field Name Values Description
Tone Pair dial tone, busy tone, Identifies the type of telephony signaling tone for which
ring tone, “‘unobtainable’ | frequencies are being specified.
tone, survivability tone,
re-order tone
TONE PAIR VALUES About Defaults: US telephony values are used as defaults on
this screen. However, since this dialog box is provided to allow
custom tone-pair settings, default values are essentially
irrelevant.
Frequency 1 frequency in Hertz Frequency of lower tone of pair.
This outbound tone pair enters the MultiVOIP at the input port.
Frequency 2 frequency in Hertz Frequency of higher tone of pair.
This outbound tone pair enters the MultiVOIP at the input port.
Gain 1 gain in dB Amplification factor of lower frequency of pair. This figure
+3dB to -31dB describes amplification that the MultiVOIP applies to outbound
and “mute” setting tones entering the MultiVOIP at
the input port. Default = -16dB
Gain 2 gain in dB Amplification factor of higher frequency of pair. This figure
+3dB to -31dB describes amplification that the MultiVOIP applies to outbound
and “mute” setting tones entering the MultiVOIP at
the input port. Default = -16dB
Cadence 1 integer time value in On/ off pattern of tone durations used to denote phone ringing,
milli-seconds; zero phone busy, dial tone (“0” indicates continuous tone)
value for dial-tone survivability and re-order. Cadence 1 is duration of first period
indicates continuous of tone being “on” in the cadence of the telephony signal (which
tone could be ring-tone, busy-tone, unobtainable-tone, or dial-tone).
Cadence 2 duration in milliseconds | Cadence 2 is duration of first “off” period in signaling cadence.
Cadence 3 duration in milliseconds | Cadence 3 is duration of second “on” period in signaling
cadence.
Cadence 4 duration in milliseconds | Cadence 4 is duration of second “off” period in the signaling
cadence, after which the 4-part cadence pattern of the telephony
signal repeats.
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Chapter 3 — Related MultiVOIP Setup Parameters

For your convenience, the Communication Manager Settings, MultiVOIP Voice/Fax, Interface, and Gatekeeper
parameters are detailed in this section.

Communication Manager Settings

In the Communication Manager Settings screen, if the “Register with Communication Manager Gatekeeper

option is selected, then many of the parameters must assume default values and those will be grayed on the
screen.

— Communication Manager Parameters

Select Channel |Channel 5 *

Interface Type is FX0
3.931 Parameters

I= | g2 Erst Gtart

Call Signaling Part: | 1725
Delav before Dial: {400 ms 0K |
¥ Register with Communication Manager Cancel |

-~ Gatekeeper RAS P
Default

Gateway Mame: |MultivalP —_I
I Help |

Ehete il imben/ Ertension |1 725

Urregrster

[ egiver

Hegster

SecurityEode | :

GateKeeper IP Addiess RAS Port Gatekeeper Name

Brimary | 192 . 168 . 25 . 30 [1719 |

Alternate GK 1 | 0. 0.0 .d |17’1E| |

AlemateGK2 | 0O . 0 . 0 . 0 [1719 [

BAS TimeToLive I B0 SEecs

[V Enable Survivability Mode

Switching Time [nterval IED ecs

H323 Yersion 4 Options
IV | (G 85 A tmlEring [I--t:hcj | HI245 Turneling [Ton]
= | Farall el 245 FE T IS e AE]

The Communication Manager Parameter fields are described in the table below.

Communication Manager Parameter Definitions
Field Name Values Description
Select Channel | Channel n Denotes the VOIP channel to which settings in the current screen
apply.
“Interface Type | FXS Loop Start; Indicates the telephony interface used on the selected VOIP channel.
is...” FXO; DID
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Communication Manager Parameter Definitions Continued

Field Name Values Description
Q.931 Parameters

Use Fast Start | Y/N Enables the H.323 Fast Start procedure. If “Register with
Communication Manager Gatekeeper” is enabled, this field defaults to
“N” and cannot be changed.

Call Signaling | port number This value must be unique for each of the MultiVOIP’s FXS ports.

Port This value must be the same for all of the MultiVOIP unit’s
FXO/DID ports that are managed by CM.

Delay Before in milliseconds Applicable to FXO ports only. It indicates the amount of delay that

Dial will be introduced before a dialed sequence is sent.

GateKeeper RAS Parameters

Gatekeeper alpha-numeric string Optional. The name of the GateKeeper with which this MultiVOIP is

Name trying to register.

Gateway If “Register with Communication Manager Gatekeeper” is enabled, this

Prefix field is not used. This number becomes registered with the
GateKeeper. Call requests sent to the gatekeeper and preceded by
this prefix will be routed to the VOIP gateway.

Gateway H.323 The H.323 ID is used to register FXO trunks with the MultiVOIP

ID GateKeeper.

Phone numeric This phone number (PBX extension) must match the extension

Number/ configured on the Communication Manager “station” form (dialog

Extension box). Itis only relevant for the MultiVOIP’s FXS channels.

Security Code | alpha-numeric This field value must match the security code configured on the
Communication Manager “station” form (dialog box). It is only
relevant for the MultiVOIP’s FXS channels.

Buttons

Default Applies default values to all fields in the Communication Manager
Parameters screen.

Unregister Allows you to unregister the registered station or trunk with respect
to the Communication Manager Gatekeeper. This command has an
immediate effect. This is a very useful diagnostic command.

Register Allows you to register the unregistered station or trunk with respect
to the Communication Manager Gatekeeper. This command has an
immediate effect. This is a very useful diagnostic command.

Columns

GateKeeper IP The IP address of the Communication Manager Gatekeeper.

Address

RAS Port Typically this is 1719.

GateKeeper This field must be left blank

Name

Rows

Primary One PBX in the system must serve as the primary gatekeeper.

[gatekeeper]

Alternate GK 1 It is optional for the system to have a PBX that serves as a first
alternate gatekeeper.

Alternate GK 2 It is optional for the system to have a PBX that servers as a second

alternate gatekeeper.
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Communication Manager Parameter Definitions (cont'd)

Field Name Values Description

RAS Time to Numeric The MultiVOIP sends this value to CM in the Registration Request

Live (in seconds) (RRQ). However, the MultiVOIP will send “Keepalive” RRQs based
on the TTL received from CM during Registration Confirm (RCF)

Enable Y/N Enable/disable MultiVOIP’s Gateway Survivable mode wherein

Survivability MultiVOIP manages its own IP traffic using its inbound and

Mode outbound phonebooks in the event of failure of the primary, alternate
#1 and #2 gatekeepers (if alternates are present).

Switching numeric When MultiVOIP is in “gateway” survivable mode meaning the

Time Interval

(in seconds)

Communication Manager gatekeeper to which it is registered failed
(along with any alternate gatekeepers providing redundancy), the
MultiVOIP manages IP phone traffic with its own phonebooks. It
will seek to return to being controlled by the Communication
Manager gatekeeper. The Switching Time Interval determines how
often it will seek to restore its registration with the primary
Communication Manager gatekeeper.

H.323 Version 4 Parameters

Q.931
Multiplexing
(Mux)

Y/N

Signaling for multiple phone calls can be carried on a single port
rather than opening a separate signaling port for each call. This
conserves bandwidth resources.

If “Register with Communication Manager Gatekeeper” is enabled, this
field defaults to “Y” for FXO/DID ports and to “N” for FXS ports
and it cannot be changed.

H.245
Tunneling
(Tun)

Y/N

H.245 messages are encapsulated within the Q.931 call-signaling
channel. Among other things, the H.245 messages let the two
endpoints tell each other what their technical capabilities are and
determine who, during the call, will be the client and who the server.
Tunneling is the process of transmitting these H.245 messages
through the Q.931 channel. The same TCP/IP socket (or logical port)
already being used for the Call Signaling Channel is then also used
by the H.245 Control Channel. This encapsulation reduces the
number of logical ports (sockets) needed and reduces call setup time.
If “Register with Communication Manager Gatekeeper” is enabled, this
field defaults to “Y” for FXS and FXO ports and cannot be changed.

H.323 Version 4 Parameters

Parallel H.245
(FS + Tun)

Y/N

FS (Fast Start or Fast Connect) is a Q.931 feature of H.323v2 to
hasten call setup as well as ‘pre-opening’ the media channel before
the CONNECT message is sent. This pre-opening is a requirement
for certain billing activities. Under Parallel H.245 FS + Tun, this Fast
Connect feature can operate simultaneously with H.245 Tunneling
(see description above).

If “Register with Communication Manager Gatekeeper” is enabled, this
field defaults to “N” for FXS and FXO ports and cannot be changed.

Annex -E (AE)

Y/N

Multiplexed UDP call signaling transport. Annex E is helpful for
high-volumeVOIP system endpoints. Gateways with lesser volume
can afford to use TCP to establish calls. However, for larger volume
endpoints, the call setup times and system resource usage under
TCP can become problematic. Annex E allows endpoints to perform
call- signaling functions under the UDP protocol, which involves
substantially streamlined overhead. (This feature should not be
used on the public Internet because of potential problems with
security and bandwidth usage.)

If “Register with Communication Manager Gatekeeper” is enabled, this
field defaults to “N” for FXS and FXO ports and cannot be changed.
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Voice/Fax Parameters

In each field, enter the values that fit your particular network.

Channel 1 |_

[14400 =]
EEia

FRF 11 |
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Note that Voice/FAX parameters are applied on a channel-by-channel basis. However, once you have
established a set of Voice/FAX parameters for a particular channel, you can apply this entire set of

Voice/FAX parameters to another channel by using the Copy Channel button and its dialog box. To copy
a set of Voice/FAX parameters to all channels, select “Copy to All” and click Copy.

— Woice/Fax Parameter:

Select Channel IChannel 1 'l

Cancel

Copy Channel

Default

FHelp

— Copy Channel

™ Copytaal

i~ Channel
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The Voice/FAX Parameters fields are described in the tables below.

Voice/Fax Parameter Definitions

Field Name | Values Description

Default - When this button is clicked, all Voice/FAX parameters
are set to their default values.

Select 1-2 (210) 1-4 (410) Channel to be configured is selected here.

Channel 1-8 (810)

Copy - Copies the Voice/FAX attributes of one channel to

Channel another channel. Attributes can be copied to multiple
channels or all channels at once.

Voice Gain | -- Signal amplification (or attenuation) in dB.

Input Gain | +31dB to -31dB Modifies audio level entering voice channel before it is
sent over the network to the remote VOIP. The default &
recommended value is 0 dB.

Output Gain | +31dB to -31dB Modifies audio level being output to the device attached
to the voice channel. The default and recommended
value is 0 dB.

Multi-Tech Systems, Inc. Avaya Communication Manager Guide

37



Chapter 3 — Related MultiVOIP Setup Parameters

Voice/Fax Parameter Definitions Continued

Field Name

Values

Description

DTMF Parameters

DTMF Gain | -- The DTMF Gain (Dual Tone Multi-Frequency) controls
the volume level of the DTMF tones sent out for Touch-
Tone dialing.

DTMF Gain, | +3dB to-31dB & Default value: -4 dB. Not to be changed except under

High Tones | “mute” supervision of MultiTech’s Technical Support.

DTMF Gain, | +3dB to-31dB & Default value: -7 dB. Not to be changed except under

Low Tones | “mute” supervision of MultiTech’s Technical Support.

Duration 60 — 3000 ms When DTMEF: Out of Band is selected, this setting determines

(DTMF) how long each DTMF digit ‘sounds’ or is held. Default = 100
ms.

DTMF Out of Band, or Inband | When DTMF Out of Band is selected, the MultiVOIP detects

In/Out of DTMEF tones at its input and regenerates them at its output.

Band When DTMF Inband is selected, the DTMF digits are passed

through the MultiVOIP unit as they are received.

FAX Parameters

Fax Enable Y/N Enables or disables fax capability for a particular channel.

Max Baud 2400, 4800, 7200, 9600, Set to match baud rate of fax machine connected to channel

Rate 12000, 14400 bps (see Fax machine’s user manual). For CM managed fax calls it

(Fax) is recommended to use 9600.
Default = 14400 bps.

Fax Volume | -18.5dB Controls output level of fax tones. To be changed only under

(Default = to-3.5dB the direction of Multi-Tech’s Technical Support.

9.5dB)

Jitter Value | Default = Defines the inter-arrival packet deviation (in milliseconds) for

(Fax) 400 ms the fax transmission. A higher value will increase the delay,
allowing a higher percentage of packets to be reassembled. A
lower value will decrease the delay allowing fewer packets to
be reassembled.

Mode (Fax) FRF 11; T.38 FRF11 is frame-relay FAX standard using these coders: G.711, G.728,
G.729, G.723.1.
T.38 is an ITU-T standard for storing and forwarding FAXes
via email using X.25 packets. It uses T.30 fax standards and
includes special provisions to preclude FAX timeouts during
IP transmissions. Must use T.38 when faxing to/from CM.
Note: When the MultiVOIP stops receiving T.38 packets, it will
wait ten seconds before switching to voice mode.

Coder Parameters
Coder Manual or Determines whether selection of coder is manual or
Auto-matic automatic. Must be set to manual for CM managed calls.

When Automatic is selected, the local and remote voice
channels will negotiate the voice coder to be used by
selecting the highest bandwidth coder supported by
both sides without exceeding the Max Bandwidth
setting. G.723, G.729, or G.711 are negotiated.
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Voice/Fax Parameter Definitions Continued

Field Name | Values

Description

Coder Parameters (cont’d)

Selected G.711 a/ulaw 64 kbps; | Select from a range of coders with specific bandwidths.
Coder G.726, @ 16/24/32/40 | The higher the bps rate, the more bandwidth is used.
kbps; The channel that you are calling must have the same
G.727, @ nine bps rates; | voice coder selected.
G.723.1 @ 5.3 kbps, Default = G.723.1 @ 6.3 kbps, as required for H.323.
6.3 kbps; Here 64K of digital voice are compressed to 6.3K,
G.729, 8kbps; allowing several simultaneous conversations over the
Net Coder @ 6.4,7.2,8, | same bandwidth that would otherwise carry only one.
8.8, 9.6 kbps To make selections from the Selected Coder drop-down
G.711/G.729 list, the Manual option must be enabled.
G.729/G.711
Max 11 -128 kbps This drop-down list enables you to select the maximum
bandwidth bandwidth allowed for this channel. The Max
(coder) Bandwidth drop-down list is enabled only if the Coder

is set to Automatic.

If coder is to be selected automatically (“Auto” setting),
then enter a value for maximum bandwidth.

Advanced Features

Silence Y/N Determines whether silence compression is enabled (checked)
Compression for this voice channel.
With Silence Compression enabled, the MultiVOIP will not
transmit voice packets when silence is detected, thereby
reducing the amount of network bandwidth that is being used
by the voice channel.
Default = off.
Echo Y/N Determines whether echo cancellation is enabled (checked) for
Cancellation this voice channel.
Echo Cancellation removes echo and improves sound quality.
Default = on.
Forward Y/N Determines whether forward error correction is enabled
Error (checked) for this voice channel.
Correction

Forward Error Correction enables some of the voice packets
that were corrupted or lost to be recovered. FEC adds an
additional 50% overhead to the total network bandwidth
consumed by the voice channel. Default = Off
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Voice/Fax Parameter Definitions Continued

Field Values Description
Name

AutoCall/Offhook
Alert Parameters

Auto AutoCall, | The AutoCall option enables the local MultiVOIP to place a call without the user
Call / Offhook having to dial a number. As soon as you access the local MultiVOIP voice/fax
Offhook | Alert channel, the MultiVOIP immediately connects to the remote endpoint identified
Alert in the Phone Number box of this option.

If the “Pass Through Enable” field is checked in the Interface Parameters screen,
AutoCall must be used.

The Offhook Alert option applies only to FXS channels.

The Offhook Alert option works like this: if a phone goes offhook and no
number is dialed within a specific period of time (as set in the Offhook Alert
Timer field), then that phone will automatically dial the Alert phone number for
the voip channel. (The Alert phone number must be set in the Voice/Fax
Parameters | Phone Number field). One use of this feature would be for
emergency use where a user goes off hook but does not dial, possibly indicating
a crisis situation. The Offhook Alert feature uses the Intercept Tone, as listed in
the Regional Parameters screen. This tone will be output on the phone that was
taken off hook but that did not dial. The other end of the connection will hear
audio from the “crisis” end as it would during a normal phone call.

Both functions apply on a channel-by-channel basis. It would not be appropriate
for either of these functions to be applied to a channel that serves in a pool of
available channels for general phone traffic.

Generate | Y/N Used for AutoCall only. If selected, dial tone will be generated locally while the
Local call is being established between gateways. The capability to generate dial tone
Dial locally would be particularly useful when there is a lengthy network delay.
Tone

Offhook | 0-3000 | The length of time that must elapse before the offhook alert is triggered and a call

Alert seconds is automatically made to the phone number listed in the Phone Number field.
Timer

Phone - Phone number used for Auto Call function or Offhook Alert Timer function.
Number

Dynamic Jitter

Dynamic Dynamic Jitter defines a minimum and a maximum jitter value for voice
Jitter communications. When receiving voice packets from a remote
Buffer MultiVOIP, varying delays between packets may occur due to network

traffic problems. This is called Jitter. To compensate, the MultiVOIP uses
a Dynamic Jitter Buffer. The Jitter Buffer enables the MultiVOIP to wait
for delayed voice packets by automatically adjusting the length of the
Jitter Buffer between configurable minimum and maximum values. An
Optimization Factor adjustment controls how quickly the length of the
Jitter Buffer is increased when jitter increases on the network. The length
of the jitter buffer directly effects the voice delay between MultiVOIP
gateways.
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Voice/Fax Parameter Definitions (cont’d)

Field Name

Values

Description

Dynamic Jitter (cont’d)

Minimum 60 to 400 ms The minimum dynamic jitter buffer of 60 milliseconds is
Jitter Value the minimum delay that would be acceptable over a low
jitter network.
Default = 150 msec
Maximum 60 to 400 ms The maximum dynamic jitter buffer of 400 milliseconds is
Jitter Value the maximum delay tolerable over a high jitter network.
Default = 300 msec
Optimization | 0to 12 The Optimization Factor determines how quickly the
Factor length of the Dynamic Jitter Buffer is changed based on

actural jitter encountered on the network. Selecting the
minimum value of 0 means low voice delay is desired,
but increases the possibility of jitter induced voice quality
problems. Selecting the maximum value of 12 means
highest voice qauality under jitter conditions is desired at
the cost of increased voice delay.

Default =7.

Auto Disconnect

Automatic
Disconnect-
ion

The Automatic Disconnection group provides four
options which can be used singly or in any combination.

Jitter Value

1-65535
milli-seconds

The Jitter Value defines the average inter-arrival packet
deviation (in milliseconds) before the call is automatically
disconnected. The default is 300 milliseconds. A higher
value means voice transmission will be more accepting of
jitter. A lower value is less tolerant of jitter.

Inactive by default. When active, default = 300 ms.
However, value must equal or exceed Dynamic
Minimum Jitter Value.

Call Duration

1-65535 seconds

Call Duration defines the maximum length of time (in
seconds) that a call remains connected before the call is
automatically disconnected.

Inactive by default.

When active, default = 180 sec.

This may be too short for most configurations, requiring
upward adjustment.

Consecutive
Packets Lost

1-65535

Consecutive Packets Lost defines the number of
consecutive packets that are lost after which the call is
automatically disconnected.

Inactive by default.

When active, default = 30

Network
Discon-
nection

1 to 65535 seconds;
Default = 30 sec.

Specifies how long to wait before disconnecting the call
when IP network connectivity with the remote site has
been lost.
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Interface Parameters

In each field, enter the values that fit your particular network.

r Interface Parameters
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Wik Tirmer |25E| s
Type [TvPE | =l -
TEET = Digconnect Tone Seguence
TyPEl IID' j T |Mane ﬂ F=5 Options
TYPE IV —
TVPE W hd m ,10, | [ Curent Loss
Mode———— o o
’7(3‘ 2wire 1 Swie Kl 3
g q -
g
3
:E: Digzconnect On Call Progress Tone———
o ’Vr Enahle
Pass Through———— Nore' [T
’7 ™ Enatle
Silence Timer |15 IECE
Current Loss
Dietect Timer IEDD ms
CID Optiong————— CallerlD— Flash Hook Options
Start Modes Caller ID Type Generation: |00 i
|kaj tartS j IBeIIEore j Detection Fange
boetsset 2| caen T —
Wiink. Timer |2|jn b - I'IDDD s
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The kinds of parameters for which values must be chosen depend on the type of telephony supervisory
signaling or interface used (FXO, E&M, etc.). We present here the various parameters grouped and
organized by interface type.

Note that Interface parameters are applied on a channel-by-channel basis. However, once you have
established a set of Interface parameters for a particular channel, you can apply this entire set of Voice/FAX
parameters to another channel by using the Copy Channel button and its dialog box. To copy a set of
Interface parameters to all channels, select “Copy to All” and click Copy.

— Interface Parameters

Select Channel Il:hannel 1 vl

Cancel

Copy Channel

[lefault

THelp

— Copy Channel
Copy Channel 1 Interface Parameters to:

™ Copy to &l

— Channel

1
N

— Channel

1 rzra 4

— Channel
f1 rzrz: 4
s e[ 7 =&

Multi-Tech Systems, Inc. Avaya Communication Manager Guide 43



Chapter 3 — Related MultiVOIP Setup Parameters

FXS Loop Start Parameters. The parameters applicable to FXS Loop Start are shown in the figure below
and described in the table that follows.

Interface

|nterface Type

FeS [Loop 5 t-ﬁlt]
— Dialing Optionz
Inter Drigit Timer |2 TECT
Meszage W aiting Indication
ILight 'I
Irter Digit Regeneration Timer (100 s
Pazz Through Ring Count
’7 [~ Enable FaS Ig
Caller D F+5 Optiong
Caller ID' Type [~ Curent Loss
IBEIID:-le 'I

™ Caller D

Flazh Hook. Options

IsErenatiar: |E00 115

Detection B ange
Feir ; IEDD s

bl |1DDD ms

FXS Loop Start Interface: Parameter Definitions

Field Name Values Description

FXS (Loop Y/N Enables FXS Loop Start interface type.

Start)

Dialing Options fields

Inter Digit 1-10 seconds This is the length of time that the MultiVOIP will wait between

Timer digits. When the time expires, the MultiVOIP will place the call.
Default = 2.

Message - If “Register with Communication is enabled”, this field enables

Waiting message waiting indication on FXS channels. Choices are “Light” or

Indication “Stutter Dial Tone”.

Inter Digit in milliseconds The length of time between the outputting of DTMF digits.

Regeneration Default = 100 ms.

Time

Ring Count, 1-99 Maximum number of rings that the MultiVOIP will issue before

FXS giving up the attempted call.

FXS Options, Y/N When enabled, the MultiVOIP will interrupt loop current in the FXS

Current Loss circuit to initiate a disconnection. This tells the device connected to
the FXS port to hang up. The Multi-VOIP cannot drop the call; the
FXS device must go on hook.
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FXS Loop Start Interface: Parameter Definitions (cont’d)

Field Name ‘ Values

Description

Flash Hook Options fields

Generation - not applicable to FXS interface

Detection for Min. and Max., | For a received flash hook to be regarded as such by the MultiVOIP,

Range 50 - 1500 its duration must fall between the minimum and maximum values

milliseconds given here.
Pass Through Y/N Not used if “Register with Communication Manager” is enabled
Enable
Caller ID fields

Caller ID Type | Bellcore The MultiVOIP currently supports only one implementation of Caller
ID. That implementation is Bellcore type 1 with Caller ID placed
between the first and second rings of the call.

Caller ID Y/N Caller ID information is a description of the remote calling party

enable received by the called party. The description has three parts: name
of caller, phone number of caller, and time of call. The ‘time-of-call’
portion is always generated by the receiving MultiVOIP unit (on FXS
channel) based on its date and time setup.

Caller ID Y/N The forms of the ‘Caller Name’ and ‘Caller Phone Number’ differ

enable (cont’d)

depending on the IP transmission protocol used (H.323, SIP, or SPP)
and upon entries in the phonebook screens of the remote (CID
generating) voip unit. The CID Name and Number appearing on the
phone at the terminating FXS end will come either from a central
office switch (showing a PSTN phone number), or the phonebook of
the remote (CID sending) voip unit.

The Caller ID feature has dependencies on both the telco central office and the MultiVOIP phone book. See
discussion after the FXO Parameters section below.
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FXO Parameters. The parameters applicable to the FXO telephony interface type are shown in the figure
below and described in the table that follows.

Interface
Interface Type

Dialirng Option:

& DTMF

Inter Digit Regeneration Timer {100 e

Inter Digit Timer |2 TBCE

Mezzage Waiting Indication

[Light -

—Fx0 Digconnect On
¥ Curent Loss
[V Taone Detection

Silence Detection

IDne\-\-"a_l,l YI

Dizconnect Tone Seguence

Rirng Count

et |s—
Fx0 |2—

Dizconnect On Call Progress Tone——
’V [ Enable

Current Loss I—
Detect Timer 500

[ =+ [Nore =]
Silence Timer |15 IBCE

Flash Hook Options

Generation : |600 ms

ms [etestion Hanae

it IEDD s

Caller 1D l—
- |1000 113
Caller ID Type il
IBeIICore YI
[~ Caller |D

FXO Interface: Parameter Definitions

Field Name Values Description
Interface, FXO | Y/N Enables FXO functionality
Dialing Options
Regeneration Pulse, DTMF Determines whether digits generated and sent out will be pulse tones
or DTMF.
Message - Not applicable to FXO interface.
Waiting
Indication
Inter Digit 50 to 20,000 The length of time between the outputting of DTMF digits.
Regeneration milliseconds Default = 100 ms.
Time

FXO Disconnect On

There are three possible criteria for disconnection under FXO: current
loss, tone detection, and silence detection. Disconnection can be
triggered by more than one of the three criteria.

Current Loss

Y/N

Disconnection to be triggered by loss of current. That is, when
Current Loss is enabled (“Y”), the MultiVOIP will hang up the call
when it detects a loss of current initiated by the attached device.

Current Loss
Detect Timer

integer values
(in milliseconds )

The minimum time required for detecting the current loss signal on
the FXO interface. In other words, this is the minimum length of
time the current must be absent to validate ‘current loss” as a
disconnection criterion. Default = 500 ms.

Tone Detection

Y/N

Disconnection to be triggered by a tone sequence.
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FXO Interface: Parameter Definitions (cont’d)

Field Name Values

Description

FXO Disconnect On (cont’d)

Disconnect 1" tone pair
Tone Sequence | +
2" tone pair

These are DTMF tone pairs.

Values for first tone pair are:
*,#,0,1-9,and A-D.

Values for second tone pair are:

none, 0, 1-9, A-D, *, and #.

The tone pairs 1-9, 0, *, and # are the standard DTMF pairs found on
phone sets. The tone pairs A-D are “extended DTMF” tones, which
are used for various PBX functions.

1
4
7

DTMF Tone Pairs
Low Tones
2 3 A 697Hz
5 6 B 770Hz
8 9 C 852Hz
0 # D 941Hz

High Tones'1209Hz ' 1336Hz ' 1447Hz "1633Hz

Silence One-Way or
Detection Two-Way

Disconnection to be triggered by silence in one direction only or in
both directions simultaneously.

Silence Timer integer value
in seconds

Duration of silence required to trigger disconnection.

Disconnecton | Y/N
Call Progress
Tone

Allows call on FXO port to be disconnected when a PBX issues a call-
progress tone denoting that the phone station on the PBX that has
been involved in the call has been hung up.

Ring Count, 1-99
FXO

Number of rings required before the MultiVOIP answers the
incoming call.

Flash Hook Options fields

Generation 50 - 1500 Length of flash hook that will be generated and sent out when the
milliseconds remote end initiates a flash hook and it is regenerated locally.
Default = 600 ms.
Detection - Not applicable to FXO.
Range
Caller ID fields

Caller ID Type | Bellcore

The MultiVOIP currently supports only one implementation of Caller
ID. That implementation is Bellcore type 1 with caller ID placed
between the first and second rings of the call.

Caller ID Y/N
enable

Caller ID information is a description of the remote calling party
received by the called party. The description has three parts: name
of caller, phone number of caller, and time of call. The ‘time-of-call’
portion is always generated by the receiving MultiVOIP unit (on FXS
channel) based on its date and time setup. The forms of the ‘Caller
Name’ and ‘Caller Phone Number’ differ depending on the IP
transmission protocol used (H.323, SIP, or SPP) and upon entries in
the phonebook screens of the remote (CID generating) voip unit. The
CID Name and Number appearing on the phone at the terminating
FXS end will come either from a central office switch (showing a
PSTN phone number), or the phonebook of the remote (CID sending)
voip unit.

The Caller ID feature has dependencies on both the telco central office and the MultiVOIP phone book. See

discussion below.
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<«+—CID Flow

Call is received

CID
Terminating

VolP

Clock:

-

A - 42pm

Display shows: H.323 or SPP
Protocol *

CID Number: 763-555-8794
CID Name: Melvin Jones

Time Stamp: Date: 05/31
Time:1:42pm

%* In x.06 release, when SIP protocol is used,
CID Name field will duplicate value in
CID Number field.

<«—CID Flow

Call is received

here. CID

Terminating
VolP

Clock:
7/10, 4:19pm /
H.323 ProtocoF

Display shows:

CID Number: 423

Call originates here
cID J at 1:42pm, May 31.
Generating Central Office
VolP FXO with 3
standard telephony
Caller ID service

)

phone of:

Melvin Jones
763-555-8794

Figure 1: Voip Caller ID Case #1 — Call, through telco central office with standard CID, enters

Vvoip system

Call originates here
CID RN at 4:19pm, July 10.
Generating %,L - Central Office O
VolP + FXOr without A
Ch2—~ standard telephony e \\
cna—\ Caller ID service
Ch4 _\ phone of:
4} Wilda Jameson
763-555-4071

CID Name: Anoka-Whse-VP3
Time Stamp: Date: 7/10
Time: 4:19pm

* In x.06 release, when SIP protocol is used,
CID Name field will duplicate value in
CID Number field.

 Phone Book Configuration

Gateway Name: | Anoka-Whse-VP3

rQ.931 Parameters —~|nbound Phone Book {Channel 2}
Remove Prefix _Add Prefix Forward/Addr
Gatekeeper RAS Paran||[—  __— |
[ 423
748

enters

<+—CID Flow

Call is received

Figure 2: Voip Caller ID Case #2 — Call, through telco central office without standard CID,

H.323 voip system

here.

Terminating
VolP

Clock:
15:26, 5-31

Display shows:

SPP Protocol

Call originates here
ch1 _J at5:47pm, Sept 27.
Generating Central Office O=O
VolPg,|  FXO without 3
standard telephony 4
ch3 —\ Caller ID service 4B
cha
_\ phone of:

CID Number: 423
CID Name: Shipping Dept

Time Stamp: Date: 0927
Time: 1747

... if “Description” field in Add/Edit
Inbound Phone Book is used

OR

CID Number: 423
CID Name: Anoka-Whse-VP3

Time Stamp: Date: 0927
Time: 1747

... if “Description” in Add/Edit
Inbound Phone Book is blank

Henry Brampton
763-555-4077

Inbound Phone Book  {Channel 2}
Remove Prefix  Add Prefix Forward/Addr|
423
A8
Phone Book Configuration———

Add/Edit Inbound Phone Book
[ Use as default entry ]
Remove Prefix[ ]
R — ‘
Channel Number:
DesCI’ipﬂOﬂ:lDu)plng ept

Figure 3: Voip Caller ID Case #3 — Call, through telco central office without standard CID,
enters SPP voip system
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<+—CID Flow

Call is received

here. cID
Terminatin

O A. FXS| VolP 9

@

v/ i \

Clock:
10/03, 4:51pn|
P <~

Display shows:

CID Number: 423

CID Name: Anoka-Whse-VP3

Time Stamp: Date: 10/03
Time: 4:51pm

* |n x.06 release, when SIP protocol is used,

CID Name field will duplicate value in
CID Number field.

Figure 4: Voip Caller ID Case #4 — Remote FXS call on H.323 voip system

H.323 Protocc;fc {}

cn)
Ch3[z03

Ch4| m\

Call originates here
sefe'gung A at4:57pm, Oct 3.
Volp ~ [401
402

phone of: Nigel Thurston
763-555-9401

~Phone Book Configuration

Gateway Name: |Anoka-Whse-VP3

rQ.931 Parameters —{~Inbound Phone Book {Channel 2}

Remove Prefix

423
748

|—Gatekeeper RAS Paran{

Add Prefix _Forward/Addr|

<+—CID Flow

Call is received
here. T

CID
Terminating
’A. FXS VolP
=N

S

Clock:
1115, 6:17pn|
p X—

Display shows:

CID Number: 423

CID Name: Anoka-Whse-VP3

Time Stamp: Date: 11/15
Time: 6:17pm

* In x.06 release, when SIP protocol is used,

CID Name field will duplicate value in
CID Number field.

H.323 Protocol™ {}

CID -
Generating C—MJ' ¥
VolP

cns—\ Caller ID service

Ch4| _\

Central Office
ch oD, without .Av’;é
- standard telephony =

Call originates here
at 6:17pm, Nov 15.

phone of:

Edwin Smith
763-743-5873

~Phone Book Configuration

Gateway Name: |Anoka-Whse-VP3

rQ.931 Parameters —~|nbound Phone Book {Channel 2}
Remove Prefix
Gatekeeper RAS Para
[ 423
748

Add Prefix _Forward/Addr|

Figure 5: Voip Caller ID Case #5 — Call through telco central office without standard CID enters

E&M Parameters. E&M is not supported if “Register with Communication Manager” is enabled.

DID Parameters. The parameters applicable to the Direct Inward Dial (DID) telephony interface type are

DID channel in H.323 voip system

shown in the figure below and described in the table that follows. The DID interface allows one phone line

to direct incoming calls to any one of several extensions without a switchboard operator. Of course, one
DID line can handle only one call at a time. The parameters described here pertain to the customer-
premises side of the DID connection (DID-DPO, dial-pulse originating); the network side of the DID

connection (DID-DPT, dial-pulse terminating) is not supported.

Interface
Interface Tupe

IDID-DF'D 'l

DID Options
Start Modes

wink Timer |2DD

Dialing Optiots

Inter Digit Regeneration Timer | 100 T

Inter Digit Timer |2 20T

Meszage Waiting Indication

I Light < l

Multi-Tech Systems, Inc. Avaya Communication Manager Guide

49



Chapter 3 — Related MultiVOIP Setup Parameters

DID Interface Parameter Definitions

Field Name

Values

Description

Interface

DID-DPO

Enables the customer-premises side of DID functionality

DID Options

MultiVOIP’s use of DID applies only for incoming DID calls. The
Start Mode used by the MultiVOIP must match that used by the
originating telephony equipment, else DID calls cannot be
completed.

Start Modes

Immediate Start,
Wink Start,
Delay Dial

For Immediate Start, the voip detects the off-hook condition initiated
by the telco central-office call and becomes ready to receive dial
digits immediately.

For Wink Start, the voip detects the off-hook condition. Then the
voip reverses battery polarity for a specified time (140-290 ms; a
“wink”) and then becomes ready to receive dial digits.

For Delay Dial, the voip detects detects the off-hook condition. Then
the voip reverses battery polarity for a specified time (reverse
polarity duration has wider acceptable range than for Wink Start)
and then becomes ready to receive dial digits.

Wink Timer
(in ms)

integer values,
in milliseconds

This is the length of the wink for Wink Start and Delay Dial signaling
modes..

Applicable only when Start Mode parameter is set to “Wink Start” or
“Delay Dial.”

Dialing Options

Inter Digit integer values, This is the length of time that the MultiVOIP will wait between
Timer in seconds digits. When the time expires, the MultiVOIP will look in the
phonebook for the number entered.
Default = 2.
Message -- Not applicable to DID-DPO interface.
Waiting
Indication

Inter-Digit
Regeneration
Timer

integer values,
in milliseconds

This parameter is applicable when digits are dialed onto a DID-DPO
channel after the connection has been made. The length of time
between the outputting of DTMF digits.

Default = 100 ms.
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GK General Settings

The fields in the main gatekeeper screen, the GK General Settings screen, must be configured as shown
below.

— 3K General Settingz
— Reqistration Palicy
" No Endpoints

¥ Predefined Endpoints

€ &l Endpoints Memaon Settings |

— dctivity Configuration oK. |

¥ Accept Calls

v GE Active

Debug Level : IEI

GK General Settings Definitions

Field Name | Values | Description

Registration Policy

No Endpoints | Y/N When selected, sets a policy whereby the Gatekeeper accepts no registrations.

Predefined Y/N When selected, sets a strict zone policy, in which the Gatekeeper accepts only

Endpoints registrations that arrive from predefined endpoints. A strict zone policy
controls network resources and services more tightly than an open zone policy.

All Y/N When selected, sets an open zone policy, in which the Gatekeeper accepts any legal

Endpoints registration. Under this policy, the Gatekeeper can operate in “plug-and-play” mode.

Activity Configuration

Accepts Y/N When checked, the voip unit will accept calls.

Calls

GK Active Y/N When checked, the voip unit’s gatekeeper function is active.

Debug Level | 0-100 The higher the value, the greater the details in Syslog or Console
reports.

Buttons

Memory Launches secondary screen on Memory issues. (See next table.)
Settings
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Click on the Memory Setting button to access the Memory screen. The configurable fields must be
configured as shown below.

GK General Setting:

Memory Settings J

— Memar

- GK Memomy Values ~0.931 P,

Response TO[sec) : 130

Connect TO[secl:  [4p0

.931 Signaling Part : 1730
0K

Lancel

M asimurn Calls :

 aximum Begistrations

15
: 250
~Ra&S P
Responze TO[zec) I3
I1 719

RAS Port :

Default
Help

GK General Settings Definitions (cont'd)
Field Name | Values | Description
GK Memory Values

Maximum 10,20,30 | The maximum number of concurrent calls. MVP210AV support 5
Calls calls; MVP410 AV supports 10 calls; MVP810 AV supports 15 calls.
Maximum 2-250 Maximum number of endpoints that can be registered on the
Registrations gatekeeper-controlled network.
Note: IP phones registrations are limited to 15 regardless of this
setting.
RAS Parameters In H.323, RAS parameters pertain to Registration, Admission, and
Status in the H.225 Call Signaling Protocol.
Response The timeout (in seconds) before re-transmission of a RAS message that
TO had previously fetched no response.
RAS Port The RAS port for gatekeeper communication with endpoints.

Default value = 1719

Q.931 Parameters In H.323, Q.931 parameters are those that pertain to the set-up and
tear- down of connections between H.323 endpoints.

Response The timeout (in seconds) waiting for the TCP reply.
TO (sec)
Connect TO The timeout (in seconds) waiting for the Connect message of a call.
(sec)
Q.931 Logical port through which Q.931 protocol messages are handled.
Signaling Default value = 1730
Port
Buttons
Default Invokes default values for all parameters on the GK General Settings
screen.
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Gatekeeper — Endpoints

When an endpoint registers with the gatekeeper, the endpoint is activated. That is, it becomes an
acknowledged participant on the network (or on a particular zone of a network). Registration tells the
gatekeeper that the endpoint is active and ready to receive calls. An endpoint’s registration can be static
(essentially permanent) or dynamic (timed or conditional).

= Gatekeeper
The fields of the Existing Endpoints screen [ |
are described in the table below. N

- Parameters
- Services

- Exigting Endpoirt:

Type |Dn\ine| PreDefl Fiegistration IP | MName | Phone | Other Aliazes | Msg | TTL| Add |
Gateway + 1592.100.99.203: 16007 mypa10 GRO 48

Gateway + 193.100.99.203: 16001 myvp210G.E. GRO 45 Unregister |
Gateway + 192.100.99.202: 16001 myvp2400 GRO 10 —

Unregister Al |

Dizconnect Endpoint |

Delete |

DelPrelDefs |

Online Properties |
Help |

4] |+
< | »
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Existing Endpoints Parameter Definitions

Field Name | Values Description
Type Gatekeeper, | The endpoint type . When an endpoint attempts to register with the
Gateway, Gatekeeper, the Gatekeeper compares the endpoint type with the predefined
MCL, value. If the Gatekeeper detects a discrepancy, the registration is not
Terminal, accepted. If you are not sure of the endpoint type, select Undefined, which
or allows any endpoint of any type to register with the Gatekeeper.
Undefined. | (Multipoint Control Units, MCUs, are used to facilitate conference calls.)
Online + When “+” appears, the endpoint’s registration is dynamic or “online.”
or
[blank]
PreDef + When “+” appears, the endpoint’s registration is static or “predefined.”
or
[blank]
Registration | n.n.n.n The RAS address and RAS port of the endpoint.
1P 0-255
Name The H.323 ID alias of the endpoint.
Phone The e164 alias number (conventional PSTN phone number)of the endpoint.
Other Additional aliases for the endpoint: URL, e-mail address, transport address,
Aliases party.address, or private network number (per ISO/IEC 11571).
Alias addresses must be unique within a zone. Gatekeepers themselves cannot
have aliases.
Msg LRQ, The type of message sent by the endpoint when the mode for processing
RRQ, registration is manual. This can be an LRQ, RRQ, URQ, or AppURQ (which is
URQ, or a URQ sent by the Gatekeeper).).).
AppURQ
TTL seconds The time remaining in seconds before the TimeToLive timer expires. If the

endpoint fails to reregister within this time, the endpoint is unregistered.

Command Buttons

Add - Opens an empty Predefined Properties dialog box where you can
predefine a new registration.

Unregister - Sends a URQ message to the selected endpoint, deleting the online (or
dynamic) registration properties and unregistering the endpoint.

Unregister - Sends a URQ to all the online endpoints in order to unregister them.

All

Disconnect - Disconnects all calls with which the endpoint is involved.

Endpoint

Delete - Deletes the endpoint from the Gatekeeper database. A URQ will not be
sent to the endpoint.

Del Pre-def - Deletes the predefined (static) properties of the endpoint.

Online - Opens the Online properties screen or the selected endpoint whereupon

Properties are shown details of that endpoint’s configuration.
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Gatekeeper - Calls

EI Gatekeeper

The fields of the Current Calls screen are - i Endpoints
described in the table below. P m
- Parameters
~ Services
Current Cal =
Mo | ORIG.IF | oRIG.ALIS [ cEST.IF
0 152.100.99.20216007 mvp2400 192.100.89.2031720

Digconnect Call |
Dizconnect Al |

Call Detailz |

Heo |
m——

The Calls window displays a list of all the calls currently taking place and the basic details of the calls:

Current Calls Field Definitions
Field Name | Values | Description
No numeric Number. A sequential number for identification in the list.
ORIG IP nnnn | Originating IP Address. IP Address of endpoint originating the call.
0-255
ORIG 77 Originating Alias. The first alias given by the call’s origin. The H.323
ALIAS ID alias of the endpoint originating the call.
Disconnect Disconnects the selected call.
Call (button)
Disconnect Causes all current calls to disconnect.
All (button)
Call Details Launches Call Details screen that presents technical particulars of an
ongoing call.
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A Call Details screen for a call in progress can be launched either by clicking on the “Call Details” button
for a selected call in the Current Calls screen, or by double-clicking on a selected call listed in the Current
Calls screen. The Call Details screen contains general information about the call, as well as details about the
call’s source endpoint and destination endpoint.

Clicking on an Cunent Cal

in-progress [Mo [oRIGP [ORiG.ALILS [ DESTIF

call, or using |0 192.100.99.202:16007 mvp2400 192.100.99, 2031720
the “Call f

Details” - Call D et

button, yields

full details el Eamariliie Destination Info
about the call ‘ [
"SDUICE‘I’VIO ‘

Close |

The Call Details screen consists of three panes: Call General Info, Destination Info, and Source Info. We
describe the fields for each of these panes in a separate table below.

— Call Detailz

— Call General Info

Call Mo : IU Cid Surn : |1?2D Call 1D Sumn : |1T21
Call Model :II'Z"-JtE'I| Total EW:|1DDDD Conf. Goal : [create

State IBandwidth Change Reazon : IBW in BRI

Call Details Field Definitions
Field Name | Values | Description
Call General Info

Call No. Call Number. Accession number identifying a call in progress.

Cid Sum The conference ID number (CID) is a unique non-zero value created
by the calling endpoint and passed in various H.225.0 messages. The
CID identifies the conference with which the message is associated.
Therefore, messages from all endpoints participating in the same
conference will have the same CID.

Call ID Sum The call ID number is a globally unique non-zero value created by the
calling endpoint and passed in various H.225.0 messages. The Call
ID identifies the call with which the message is associated.

Call Model direct Indicates whether the call is direct or routed.

OR For direct-mode calls, the gatekeeper gives each endpoint involved in the call
the destination address of the other and establishes a common call-signaling
channel for them to use during the call. Then the two endpoints conduct the
call without further gatekeeper involvement.

For routed-mode calls, the gatekeeper establishes a connection between the
two endpoints but keeps itself involved in call signaling for the duration of
the call. In routed mode, the gatekeeper keeps a call-signaling channel open
for the entire duration of the call. As a call-management service, the
gatekeeper can change the routing of the call (by line hunting) while the calls
is in progress. If the gatekeeper is to implement supplementary (H.450)
services, it must operate in routed mode.

routed
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Call Details Field Definitions (Cont’d)

Field Name | Values | Description

Call General Info (cont'd)

Total BW The total amount of bandwidth used by the call.
Conf. Goal The type of conference request: create, invite or join.
State The last reported state of the call.

Reason The reason associated with the last state of the call.

[~ Call Detail

" Call General Infa

‘ "Qestination Info—‘

— Source Info

—Mames———— ~ Phone Mumbers
1 |mvp2400 1
2 2
3 3 I
— Other Aliaze:
Email : Trans. Name :I
URL :
Party Mumber : Type: I

Bandwidth—————————
"Call Signalinglp——— |’F|eg. Bandwidth ; |10000

192100.93.202  port: {16007 || 5o Borcwickth - (10000

Cloze

Call Details Field Definitions (Cont’d)

Field Name | Values | Description

Source Info fields
Names The H.323 alias name(s) for the originating endpoint.
Phone The e164 alias phone number(s) of the originating endpoint.
Numbers
Other Aliases: An e-mail address of the originating endpoint.
Email
OtherAliases: Transport Name. An alias of the originating endpoint consisting of an
Trans. Name IP address and port number.
Other Aliases: A Internet-type address of the originating endpoint.
URL
Call The call signaling transport address of the originating endpoint.
Signaling IP
Req. Requested Bandwidth. The bandwidth requested by the calling
Bandwidth endpoint for this call.
App. Approved Bandwidth. The bandwidth the Gatekeeper made available
Bandwidth to the calling endpoint.
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[~ Call Detail

" Call General Info—‘
" Source Info—————————

— Destination Info

FPhone Humbers

1 |?5

2|

3]

Other Lliase:
Emal:["  Trane Mame I—
URAL:
Party Mumber : I Type: I
Call Rate: |G4000
— Call Signalling IP — Bandwidth

|192 100.99.203  Part: |1 720

Additional Phone Mumbers

Req Bandwidth : |1 0000
App. Bandwidth : IWUUU

9

S

— Femate Extension

Fhone : I

l

Name : I

Close |

Call Details Field Definitions (Cont’d)

Field Name

Values

Description

Destination Info fields

Names The H.323 alias name used to make the call.

Phone The e164 alias phone number used to make the call.

Numbers

Other Aliases: An e-mail address used to make the call.

Email

OtherAliases: A transport name alias used to make the call, consisting of an IP

Trans. Name address and port number.

Other Aliases: A URL alias used to make the call.

URL

Call The call signaling transport address of the called endpoint.

Signaling IP

Reg. Requested Bandwidth. The bandwidth the called endpoint requested
Bandwidth for the call, as it appears in the ARQ/BRQ messages.

App. Approved Bandwidth. The bandwidth the Gatekeeper made available
Bandwidth to the called endpoint for the call.

Additional These allow calling with more than one B-channel.

Phone

Numbers

Remote This is the phone number of the called endpoint on the remote LAN. It
Extension is used for calls between multiple gateways.

Phone

Remote This is the identifier (name) of the called endpoint on the remote LAN.
Extension It is used for calls between multiple gateways.

Name
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The fields of the Network Parameters - e Endpoints
screen must be configured as shown below. P

Gatekeeper — Network Parameters

EI G atekesper

= Metwark P.

— Configuration P

r— Statuz Information————————— 1~ Call Proceeding
Blimrigieetss IE € Send Immediately Max Number of Calls ; |15
€ wiith H.245 Addr Max Total B! (KBps):  [1000000
Currently Registered : ID ) - (SEncls
& after Overlapped Sending e
Max B [KBps] /Temminal ; |1 Q0ooan
Current B\ Usage [KEps] : IU
— Call Mode Registration TO (brs):  |168
— Configuration Options " Direct Mode IRQ Interval [sec): (100
IV Alias Giving & Routed Mode Call IRE Interval [sec] : IU—
~ Pre-Granted AR0 GKAD IMVPJGK
¥ PreGrant ALL
r— Line Hunting Information
¥ Call To Out-of-Service Supplier
v R H.245 &ddr in Call Hunt
e Attt Update 1] Lancel Help
™ Service Configurabls Properties

Network Parameter Definitions

Field Name | Values

Description

Status Information

Use Update button to refresh the Status Information fields.

Ongoing number The number of current calls with the Gatekeeper.

Calls

Currently number The number of endpoints registered with the Gatekeeper.
Registered

Current BW | number The current bandwidth usage of the ongoing calls in Kbps.
Usage

Configuration Options

Alias Giving | Y/N

When an endpoint sends an RRQ message, the Gatekeeper uses the
additional aliases that were predefined for the endpoint as online
aliases. This enables the Gatekeeper to assign terminal alias names
through which the terminal can be accessed by others. The following
are two examples of how this option can be used:

* Example of Alias Giving for a Terminal. To make a terminal
accessible by dialing 100, add the alias 100 to the terminal’s predefined
information, and select the Alias Giving option. When the terminal
sends an RRQ message, the 100 alias becomes a dynamic (online) alias,
and all calls to 100 will be directed to the terminal.

* Example of Alias Giving for Gateways. To make all Gateways
supply Service 80, add Service 80 to the Service Table, add the 80 alias
as predefined information to all registered gateways, and select the
Alias Giving option. When the gateways register, they will support
Service 80.
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Network Parameter Definitions (cont'd)
Field Name | Values | Description
Pre-Granted ARQ

PreGrant Y/N Select to cause the Gatekeeper to send a pregranted ARQ permission in

ALL the RCF message for each endpoint that wishes to register. The
pregranted ARQ permission is given to both makeCall and answerCall
with routed mode. When an endpoint receives the permission, it may
start the call with a Setup message or directly answer the call with a
Connect message.

Line Hunting
Information

Call to Out- | Y/N “Y” enables the sending of RAI messages. In a normal scenario, the

of-Service gatekeeper will hunt among all the available endpoints that have been

Supplier registered using the same tech-prefix. Each endpoint can inform the
gatekeeper about its resource availability using an RAI (Resource
Available Indication) message. Upon receiving an RAI message from
an endpoint, the gatekeeper would consider that endpoint as an Out-of-
Service Supplier. The ‘Almost Out of Resources’ configuration would
allow the gatekeeper to hunt such Out-of-Service Supplier endpoints
for routing the calls.

Remove Y/N When selected, the gatekeeper will not convey in its outgoing setup

H.245 Addr message the H.245 address received in an incoming setup message.

in Call Hunt This prevents H.323 terminals from establishing a channel for a call
only to refuse the call later.

Service Y/N When “Y” is selected, the gatekeeper will perform a Priority Based Line

Configurable Hunting among those destinations registered using the same tech-

Properties prefix.

Call Proceeding This parameter group pertains to the gatekeeper’s handling of .931

“call-proceeding” messages.

Send Y/N Immediate return of call-proceeding message to originating endpoint.

Immediately When selected, the gatekeeper will send the Q.931 call —proceeding
message to the originating endpoint immediately after receiving that
endpoint’s call setup request.

WithH.245 | Y/N When enabled, gatekeeper supplementary services will remove the

Addr H.245 address from the outgoing setup in order to prevent early H.245
establishment to the call’s destination. This destination can be changed
during Forward on Busy or during Forward on No Response (CENR).

After Y/N Delayed return of call-proceeding message to originating endpoint.

Overlapped When selected (in routed mode), the gatekeeper will send a Q.931 call-

Sending proceeding message to the originating endpoint after it receives a
return call-proceeding message back from the destination endpoint.
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Network Parameter Definitions (cont'd)

Field Name | Values | Description
Call Mode

Direct Mode Sets the call mode to direct. In this mode, terminals send ARQ messages
to the Gatekeeper, but pass the call signaling and media control
signaling directly between them.

Routed Sets the call mode to routed. In this mode, terminals pass admission

Mode requests and call signaling through the Gatekeeper. Media control
information is sent directly between the terminals.
Note: Though direct calls consume fewer Gatekeeper resources, call
control is better for indirect (or routed) calls.

Configuration
Parameters

Max The maximum number of concurrent calls allowed in the zone. This

Number of number is fixed to 5, 10, or 15 call for MVP210-AV, MVP410-AV, and

Calls MVP810 models respectively.

Max Total The amount of bandwidth in Kbps that call traffic can consume at any

BW (KBps) given time.

Registration Registration Timeout. Sets the number of hours of inactivity after

TO (hrs) which the dynamic registration of a terminal expires. Only the dynamic
(online) properties will be unregistered. If the endpoint is also static
(predefined), the static properties remain valid.

IRQ Interval The interval, in seconds, between IRQ messages sent by the Gatekeeper. IRQ

(sec) messages are sent to all online endpoints registered as dynamic in order to

verify that the endpoints are online. The number you set determines the delay
between two IRQ messages to the same endpoint. Choosing the desired delay
should take into account the following factors:
¢ JRQ messages add to the traffic already present over the network, and the
shorter the delay, the more IRQ messages are sent. However, the longer the
delay, the longer it takes for the Gatekeeper to detect dynamic registrations
that have ceased to be online.

® The delay parameter relates to the interval between two IRQ messages per
one endpoint, so the actual number of the IRQ messages the Gatekeeper
creates during this interval should be multiplied by the number of
endpoints registered dynamically.

e To disable the IRQ polling, set this value to zero.
¢ The effective IRQ interval cannot fall below three times the RAS timeout.

¢ IRQ messages will not be sent at a rate exceeding 20 per second.
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Network Parameter Definitions (cont'd)

Field Name |Va|ues Description

Configuration
Parameters (Cont’d)

Call IRQ The interval, in seconds, between IRQ messages sent by the Gatekeeper
Interval to query the status of calls. IRQ messages are sent to all online
endpoints registered as dynamic and having ongoing calls in order to
verify that the calls are still ongoing. The number you set determines
the delay between two IRQ messages to the same endpoint regarding
the same call. Choosing the desired delay should take into account the
following factors:

IRQ messages add to the traffic already present over the network, and
the shorter the delay, the more IRQ messages are sent. However, the
longer the delay, the longer it takes for the Gatekeeper to detect calls
that are stale.

The delay parameter relates to the interval between two IRQ messages
per one call, so the actual number of the IRQ messages the Gatekeeper
creates during this interval should be multiplied by the number of
ongoing calls registered dynamically.

To disable the IRQ polling, set this value to zero.

The effective IRQ interval cannot fall below three times the RAS
timeout.

IRQ messages will not be sent at a rate exceeding 20 per second.

Default The “distance” (number device-to-device hops that a call must traverse
Distance between endpoints) allowed for endpoints which are only dynamically
registered, such as an endpoint with no predefined values. This
distance is compared to the distances of the neighbor gatekeepers and
to the multicast distance in order to determine if an LRQ can be sent on
behalf of the requesting endpoint.

NOTE: The neighboring gatekeeper feature is not supported in the current
software version.

Out-of-Zone The “distance” (number device-to-device hops that a call must traverse
Distance between endpoints) allowed for an out-of-zone endpoint that is making
a call through the Gatekeeper. This distance is compared to the
distances of the neighbor gatekeepers and to the multicast distance in
order to see if an LRQ can be sent on behalf of the requesting endpoint.

NOTE: The neighboring gatekeeper feature is not supported in the current
software version.

Multicast The “distance” (number device-to-device hops that a call must traverse
Distance between endpoints) associated with sending an LRQ by multicast.

NOTE: The neighboring gatekeeper feature is not supported in the current
software version.

GK-ID The name of the Gatekeeper. The terminals identify the Gatekeeper by
this name during the discovery process. The Gatekeeper responds only
to Discovery requests that either contain a matching Gatekeeper
identifier or have no Gatekeeper identifier.

Update - Click to update information in the “Status Information” fields of the
(button) Network Parameters screen.
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Gatekeeper - Services

- Gatekeeper
The fields of the Services screen are I ndpaints
described in the table below. o

- Services -
— GK Defined Services
Prefix | Description | Default | Public |
Zone prefis 2 Add |
Zone prefis 1
Forward Edit |
Delete |
W2 GW Prefives
Prefix | Description | Default | Public | Dynamic
Add Prefis |
Edit Eretiy |
[elete Erefi |
1] | |
1| | LlJ

Services Screen Definitions

Field Name |Va|ues Description

GK Defined Services

Prefix A prefix that identifies the service.

Description A description of the service that is accessible by dialing the prefix. See “GK
Defined Service Types” section on following pages.

Default For any GK-defined service being used, the user must select either “Default” or
“Public.” When Default is selected, the service is accessible to all endpoints that
are not predefined in the zone.

Public For any GK-defined service being used, the user must select either “Default” or
“Public.” When Public is selected, the service is accessible to all endpoints that
are not part of the zone.
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Services Screen Definitions (cont'd)

Field Name | Values [ Description

V2 GW Prefixes H.323 Version 2 enables the gateway to specify prefixes that the user should
dial before the WAN number in order to make a call using a certain medium.
E.g., the user could dial the prefix 3 for voice calls or 77 for H.320 video calls.
The prefixes are defined in the RRQ message at registration. Prefix can be any
H.323 alias, including an H.323 ID & mail address.

When a terminal places a LAN to WAN call, it should add one of the prefixes to
the dialed number. The Gatekeeper identifies the prefix & routes the call to the
appropriate gateway. If more than one gateway supplies the same prefix, line
hunting is possible between the gateways.

Prefix Identifies the service. The prefix can be a numeric code, alphanumeric string,
name, or phone number that the user dials. Per H.323 Vers. 2, prefixes can also
be of URL and e-mail type. Also for H.323 Vers. 2, the type must precede the
prefix. For example, TEL: 3 or NAME: John.

Description A description of the service that is accessible by dialing the prefix.

Default Select to make the service accessible to all endpoints that are not predefined in
the zone.

Public Select to make the service accessible to all endpoints that are not part of the
zone.

Dynamic Y/N Indicates whether the service is static (essentially permanent) or timed &

conditional (dynamic). This field indicates whether the service has been added
manually (non-dynamically; field value =N) or dynamically (field value = Y) as

part of registration from endpoints.

Buttons These buttons allow you add, edit, or delete a selected service or prefix.
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Chapter 4 - Miscellaneous
Gateway Survivability Mode

A customer may wish to have some ports on the MultiVOIP gateway not be managed by CM, but rather
have them directly routed over a private IP WAN to a second MultiVOIP gateway at the side of the WAN
network. An example of this would be to send a T.38 fax call over the private IP WAN network to a fax port
on a second MultiVOIP gateway.

Create phonebook entries for optional gateway survivable mode (if chosen). In this mode, the MultiVOIP
provides survivability to local FXS/FXO ports; IP phones are not supported. If IP phone survivability is
desired, it is recommended that you configure gatekeeper survivability in Section 6 and skip this section.

MultiVOIP Phonebook: A Communication Manager Example
1. An MVP810 (eight-channel) MultiVOIP is used
2. The MultiVOIP’s first six ports are used for analog stations with extensions numbers (6001-6006).

3. The MultiVOIP’s last two ports are used for analog FXO trunks that may be reached by dialing 9
plus the local area codes of “303” or “720”.

4. The IP address of this MVP810 is 204.26.122.1.

5. The incoming PSTN trunk calls from either port #7 or port #8 will use the “AutoCall” feature and
will be routed to the first station port. This port will serve as an “attendant” during survivability.
NOTE. Normally the “AutoCall” register will have the PBX extension of 8001 that will be
forwarded up to the MultiVantage server. But in this example of survivable mode operation, the
8001 will be routed to local station port 6001 with the help of the Outbound Phonebook table.

6. The Q.931 Signaling Port value of each Outbound Phonebook entry must match the Call Signaling
port value configured for the destination voice channel in the Communication Manager Settings
screen. The MultiVOIP’s Outbound PhoneBook will be configured as illustrated in the table below.

MultiVOIP Phonebook: A Comm Mgr Example

Outbound Remove Add Prefix IP Address
Destination Prefix

Pattern

6001 204.26.122.1
6002 204.26.122.1
6003 204.26.122.1
6004 204.26.122.1
6005 204.26.122.1
6006 204.26.122.1
8001 8001 6001 204.26.122.1
9303 204.26.122.1
9720 204.26.122.1

Multi-Tech Systems, Inc. Avaya Communication Manager Guide 65



Chapter 4 — Miscellaneous

The Inbound Phonebook will be configured as illustrated in the table below.

Inbound Destination Pattern: Add Prefix Channel to direct

Filter & Remove this Prefix call toward
6001
6002
6003
6004
6005
6006
9303 303
9303 303
9720 720
9720 720

—_

([0 || |G| |W[|N

Comm Mgr Dialing Example #1: A local station-to-station call

1. The station at FXS port #1 goes off hook and received the survivable dial tone from the MultiVOIP
gateway. The client then proceeds to dial “6002”.

2. The dialed digits are conveyed, per the instructions of the “Outbound Phonebook,” to IP address
204.25.122.1 (which is the self-same MultiVOIP unit).

3. The “Inbound Phonebook” filters on the dialed string “6002” and sees that it is destined for port #2, and
ringing tone is applied to station 6002.

4. When station 6002 answers, the call is completed.

Comm Mgr Dialing Example #2: A local analog station dials outward on the local analog trunk to gain access to the
local central office.

1. The station at FXS port #1 goes off hook and receives the survivable dial tone from the survivable
gateway. The client then proceeds to dial “93035380000”.

2. These dialed digits are forwarded, per the instructions of the “Outbound Phonebook,” to IP address
204.25.122.1 (which is the self-same MultiVOIP unit).

3. The “Inbound Phonebook” filters the dialed digits because it detects the string “9303.” Acting per its
configuration, it removes “9303,” adds “303” and directs that the call be dialed out to either FXO trunk port
#7 or #8. It would have been possible to direct calls with these dialed sequences simply to one port (for
example, to port #7). Because two ports are listed, the gateway will hunt for an available port.

4. The selected trunk port activates its tip /ring loop-start interface and the digit string “3035380000” is
dialed out toward the network.

5. When the called party of 5380000 answers the call, the call is completed.
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Remote Configuration

Remote configuration provides procedures for viewing or changing the configuration of a remote MultiVOIP.
Remote configuration requires the MultiVOIP software to be loaded on the local PC. The local PC then controls
the remote MultiVOIP.

To accomplish this, a MT5634ZBA modem is included with your MultiVOIP, except on models MVP130-AV and
MVP130-AV-FXS. Two serial cables are also included, the DB25 male to RJ45 cable is used with the MultiVOIP
(MVP210 model) or the DB25 male to DB25 male (larger connectors) is used with the MultiVOIP (MVP410 and
MVP 810 models).

Note: On some MVP410 and MVP810 models, the modem is built in. On these models, connect the dial-up
line to the RJ11 modular connector labeled Command Modem.

To remotely configure a MultiVOIP, a local PC needs to be connected to a dial-up line and the MultiVOIP
software configured to call the remote MultiVOIP. The remote MultiVOIP needs to have the MT5634ZBA modem
connected to a dial-up line and the Command Port. Once the connection to the remote unit is made, you can
change the configuration as required. Once the configuration is changed, you can download the new
configuration to the remote MultiVOIP.

1. At the remote site, verify that the “Console Messages” in the Configuration Logs dialog box is disabled
before you power down the remote MultiVOIP.

2. At the remote site, remove the serial cable from the PC to the Command Port connector on the back panel
of the MultiVOIP.

3. At the remote site, connect one of the serial cables provided from the Command Port connector on the
back panel of the MultiVOIP to the RS-232 connector on the modem.

3a. Connect the modem to your local telephone line.

3b. Provide your telephone number to the person verifying your configuration.

3c. Power On the modem first to allow it to initialize. Then power On the MultiVOIP.
4. At the main site, connect your local PC to a modem that is connected to a dial-up line.

5. Install the MultiVOIP software on the local PC. When installed, click Start | Programs | MultiVOIP
9.06.XX | Configuration Port Setup.

6. The Comm Port Setup dialog box displays.

— COM Part Setup

Select Part IEDW "I
Baud Fate: I'I'IEEEIEI vI LCancel

— Modem Setup —
It Sitring |m5|:|=1 4E5$56115200%01

[nit Besponze IEIK
Diial Skring I

s

I—
o
]

Connect Response IEEINNEET

Hangup String I+++,.f_-.'T HO

MOTE:  If there iz a Dial String specified in Modem S etup, Configuration
programsz will by to initialize modem and dial this sting.

Verify that the Select Port box is set for the COM port of your local PC and that the Baud Rate is set to
115200.

In Modem Setup, the modem Initialization String, Initialization Response, and Connect Response should
be configured as shown in the above dialog box.
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10.
11.

12.
13.

In the Dial String box, enter the AT command for dialing (atdt) plus the phone number of the remote
MultiVOIP.

Click OK when you are satisfied with your selections.

Run the MultiVOIP Configuration program. Click Start | Programs | MultiVOIP 9.06.XX Configuration.
The Dialing dialog box displays while software is dialing the remote MultiVOIP.

The Reading Setup dialog box displays.

The MultiVOIP main menu displays. This is the main menu of the remote MultiVOIP.

Change the configuration of the remote MultiVOIP and then click Save and Reboot to update the
configuration. The remote MultiVOIP will be brought down, the new configuration written to the unit,
and the unit will reboot.

Close the configuration program when the downloading is complete.

If the same telephone number is not going to be used again in the immediate future, you may want to
remove it from the Port Setup dialog box.
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Information

The System Information screen displays version and addressing information on your MultiVOIP.

ARBOLEDLETAR MO @

[=)- Configuration 7
||§ ~ System Information =
Woice/Fax —Yersion Information
- Interface :

Communication Manager 5 Bl - 1.5
- SNMP Firrnware Yersion 3.06.4%
Fegional
SMTP Configuration Version:  9.06.13.05
Logs
plerentary Services Phone Book Version :  4.04
em |nformation : :

- Advanced IFM Version 10

[~ Phone Book.

[l Statistics

[#- Save Setup MAC Address : (00800504871

[#- Connection

- GateKeeper Uptime b 00:00:04:13

B Help Harcware D © MVPBI0AY rev.B[E59E]

Sernial Number
Exit |
1 | H =]

EXEXEXRE XX
|Multd/OIP Found! |Rights:Read/wiite 7

The System Information screen is a display information screen with such information as Firmware Version
level, MAC Address, and Serial Number which can be helpful in identifying your unit when contacting
Technical Support.

Boot Version: This field displays the version of the boot code running on the MultiVOIP. The boot code
operates during initial power-up and during the firmware upgrades.

Firmware Version: Displays the firmware version running on the MultiVOIP. The MultiVOIP receives
operating instructions from firmware during normal operation.

Configuration Version: Displays the version of the configuration file being used by the MultiVOIP.
Phone Book Version: Displays the version of the Phone Book file being used by the MultiVOIP.
MAC Address: Displays the MAC address assigned to the MultiVOIP’s Ethernet port.

Uptime: Displays how long the MultiVOIP has been operating since the last power-up or Save and Reboot
operation.

Hardware ID: The hardware ID determines the MultiVOIP model and features supported.

Displayed Hardware ID | Interfaces Supported | Configuration
Modem

MVP130-AV Rev 0 FXS/FXO No
MVP130-AV Rev A FXS/FXO/DID No
MVP130-AV-FXS Rev A | FXS No
MVP210-AV Rev A FXS/FXO No
MVP210-AV Rev B FXS/FXO/DID No
MVP410-AV Rev A FXS/FXO No
MVP410-AV Rev B FXS/FXO/DID Yes
MVP810-AV Rev A FXS/FXO No
MVP810-AV Rev B FXS/FXO/DID Yes
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Note: It is possible for the hardware revision printed on the packaging label and PCB (printed circuit
board) to be higher than what is displayed in the Hardware ID field in the System Information screen. In
these cases, the features supported are the same as listed for the displayed Hardware ID above.

For example, a MVP810-AV may have Revision C printed on the packaging label and PCB, but display
“MVP810-AV Rev B” in System Information. This means no new features were added in Rev C and it
supports the same features as the Rev B (FXS/FXO/DID).
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Link Management

The Link Management screen allows you to ping a remote system by entering the IP address of the remote unit in the IP
Address to Ping field. The Link Status window displays the results of the ping.

-Link Management

— Manitor Link
IP Address ta Ping

Fingz per Test

Rezponze Timeout

. 0.0.0

4

Start Mow |

Clear

I Fing Size in Bptes I32
I-”:":":I s Tirme Interval between Tests IEI

it

— Link Status

IPAddress

I Mo of Pings Sent

I Mo OF Pingz Received

brart |

Each ping test sends a user configurable number of pings to the remote unit. Configure the Time Interval
between Tests field to the number of minutes (0-30) to wait between each ping test. If this field is set to 0, only one
ping test is performed. The Ping Size in Bytes and Response Timeout values can be changed to accommodate
various packet sizes or network delay conditions. The results are displayed under Link Status and consist of IP
Address, No of Pings Sent, No of Pings Received, Round Trip Delay (Min/Max/Avg), and last Error. You can
compare the number of pings sent/received and Round Trip Delay to determine the condition of the network
between the two units. Ping tests are discontinued when you exit the Link Management screen.
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Feature Issues

Calling Party Number is not displayed on the Caller ID for FXS ports after receiving a call via CM. This

is due to CM not sending the Calling Party Number to the MultiVOIP as part of the Q.931 setup
message.

“Unknown Name” is displayed on the Caller ID for FXS ports after receiving a call from a MultiVOIP
FXO port that was routed by CM. This is due to CM sending “Unknown Name” in the Display field of
the Q.931 setup message instead of the actual Caller ID Name received by the MultiVOIP FXO port.
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AutoCall

analo@/BRI .......c.ooiiiiiiieieeeeeece e 40
AutoCall (Voice/Fax Params - analog) and Pass Through Enable

(FXS LOOP Start)...coveeuiiiieiienienieieeiieiesieeeeeieeie e 40
AutoCall/Offhook Alert field

analog/BRI ......ccoooiiiiiiiieeee e 40
Automatic Disconnection field

ANALOZ ..evveeienieeiiete ettt sttt st ne e 41
bandwidth ........ccooiiiiiiiiice e 57, 61

COAET (ANAL0OZ).....euveeerenrierieieeieeieereeieeieete st eresreeaesseenesseens 39
bandwidth, requested/approved ...........coceoeiiiineneinieeeee 58
baud rate, fax

ANALOZ ..ottt
busy tone, custom....
DUSYONES. ...ttt ettt ettt sttt saae s
Cadence 1 (custom) field........ccoceevverieiieneniiniieieeeeeeeeee 32
Cadence 2 (custom) field...
Cadence 3 (custom) field........coceevviriecienieienieieeceeeeeee
Cadence 4 (custom) field.........coceevvirieiienieieieiee e
Cadence field
CadeNCEesS, CUSTOM ......ecoiuiiieeiiieeciiieeeeiiee ettt e e e 31
Call Details (gatekeeper) screen, acCessSing ........eoeeverveeeennenne 56
Call Details button (gatekeeper Current Calls screen).............. 55
Call Details gatekeeper (Destination Info) screen fields

Additional Phone NUmbers ...........cccecevireneneniecnenenenennee 58

App. Bandwidth ................... .58

Call Signalling IP ...

Remote Extension Name....
Remote Extension Phone............ccccoveeviiceeiiiiciecieceeen, 58

Index

Req. Bandwidth .......ccoooviniiiiiiiiiniiccccce 58
Call Details gatekeeper (Source Info) screen fields

App. Bandwidth........cccoocieviieiiiiiieeciceceee e 57

Call Signalling IP....

Req. Bandwidth ........ccooieiiiiiieiieieeceeiceeee e 57
Call Details gatekeeper screen fields

Call ID SUM ... 56

Call Model

Call NO. ..o

Total BW ..o
Call Duration field

ANALOZ +.veeneeiieiieit e
Call ID Sum gatekeeper field (Call Details)
call IRQ INterval........cccuieiiiieiieiieeie et
Call IRQ Interval field (gatekeeper, Network Parameters)....... 62
Call Mode field (gatekeeper, Network Parameters) ................. 61
Call Models gatekeeper field (Call Details)
Call MOAES ...
Call Number gatekeeper field (Call Details)
Call Proceeding field (gatekeeper, Network Parameters)......... 60
Call Signaling Port (Comm Mgr Params field) & Far-end Listen

Port (Signaling Group form)

FXO...

Call Signalling Port field
Call to Out-of-Service Supplier field (gatekeeper, Network

Parameters) .......ccvevieecieeieeee e 60
Caller ID enable

FXS Loop Start
Caller ID eXamples........ccccoevueieirireneneneeieeneseseneeeenes 48, 49
Caller ID fields

Caller ID Type
FXO ottt
FXS Loop Start
Carrier Medium field............coooviiiiiiiiiic e, 16, 19
Cid Sum gatekeeper field (Call Details)........c.ccccevereeninienene 56
CLAN IP addr (IP Node Name field) & Primary Gatekeeper
(Comm Mgr Params field)
FXO ot 15,18

CLAN IP addr (IP Node Names field) & Alternate Gatekeeper
(Comm Mgr Params field)
FXO

coder (analog)
bandwidth, MaX.........ccooiieiiiiiiiiieeeeeeeee e 39
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concurrent calls

MAXIMUM NUMDET ..ottt 61
concurrent calls supported, embedded gatekeeper.................... 52
Conf. (conference) Goal gatekeeper field (Call Details)........... 57

Configuration Options gatekeeper field (Network Parameters) 59
Configuration Parameters fields (gatekeeper, Network

Parameters).......ccooeeueruieienienieneeee e 61, 62
Connect TO (time-out) field (gatekeeper Memory screen)....... 52
Consecutive Packets Lost field

ANALOZ .eevvevieiieetieierie ettt ettt e e e e enaesreenaenaeenne e 41
Copy Channel command (Interface Parameters)

ANALOZ ..ttt 43
Copy Channel command (Voice/Fax Parameters)

ANALOZ .ottt 37
Copy Channel field

ANALOZ ..ottt 37
Country/Region (tone schemes) field ..........cocceeeveririeniniecnns 30
Current Bandwidth Usage gatekeeper field (Network

Parameters).......cceevveerieeriienieeeee s 59
Current Calls (gatekeeper) fields

Call Details (button).......... .55

Disconnect All (button)........ ...55

Disconnect Call (button) ...... ...55

No (number)........ .55

ORIG ALIAS ...... .55

ORIG IP ..o 55
Current Calls (gatekeeper) screen

ACCESSING v.vvevrenrierierierieeteeteesesseesesseesessesseesseesaessesseessensenses 55
Current Loss (FXO disconnect criteria) field............ccccveeveennenne 46
Current Loss Detect Timer (FXO) field........ccooevevievvecviirianens 46
Current Loss field

FXS LOOP Start ..c..eevieiieienieeienieeierieetesieeeesie e 44
Currently Registered gatekeeper field (Network Parameters)...59
Custom (tones, Regional)field ...........cccoeeeririenieieninieieee, 31
custom DTMEF ... 31, 32,33
Custom Tone-Pair Settings definitions ..........c..ccoeeververneenen. 32,33
Custom Tone-Pair Settings fields

Frequency 1. 32,33

Frequency 2. 32,33

GaIN Lo 32,33

GAIN 2. e e e 32,33

TONE PAI.......voiiiiiieeeie e 32,33

CUSTOM tONES, SCHNG....veivrerierieierieeiereiererieeresteereeeeeeesesseens 31
Debug Level (Gatekeeper General Settings screen)
Default (Voice/FAX) field

Default button (gatekeeper Memory screen)........... .52

Default button, MultiVantage Parameters screen ... .34
default diStance............coveceeiririnienieieiinnece e 62
Default Distance field (gatekeeper, Network Parameters)........ 62
Default gatekeeper field (Services, GK Defined) ..................... 63
Default gatekeeper field (Services, V2 GW Prefixes) .............. 64
Delay Before Dial field........cccooiveienenieiniieeeeeeee 34
Delay before Dial field (Comm Mgr Params screen)................ 15
delay, packets

ANALOZ ..ottt et 41

Delete endpoints command

BALCKEEPET ...ttt 54
Delete Predefined endpoints command (Del Pre-def)

GALCKEEPET ..e.vvevveeereteeeieieeete e eetesteetae e seeebeesaenseseeensesseense e
Description gatekeeper field (Services, GK Defined)
Description gatekeeper field (Services, V2 GW Prefixes) ....... 64
Detection Range, Flash Hook Options field

FXO .o .47

FXS LoOP Start.....ccceeverieninieienieeiesieeeesieeceie e 45
Dial Access field ......cooveveeiuiiiioieiiieieeeeeeeeeee e 16, 19
dial tONEe, CUSLOM .....ccovvieeerieeceiieeeeiee et eeree e eeans 31,32
Dialing Options (FXO) fields.......c.ccocecevininenecncncnene 46, 47
QIAL-TONES ... 31
DID Interface Parameter fields

Message Waiting Indication...........ccceoeeivenenieniccncncnene 50
DID Interface Parameters..........cecvevueeeenierienienienieneeieneeienae 49
DID-DPO Interface Parameter definitions ...........cceceeveeeennene 50
DID-DPO Interface Parameter fields

Inter Digit Timer (dialing) ........cceceeeirienerenienieciieneninene 50

Start MOA@S....cvevveienieiiiiirieereeeee et 50

WINK TIMET ...t 50
DID-DPO Parameter fields

Inter-Digit Regeneration Timer (dialing)..........cccccecvverueneee 50
DID-DPO vs. DID-DPT ......coiiiiiiiiiinieienieceeeseeeeeeiee 49
DiffServ PHB (Per Hop Behavior) value

TU/ET oottt 6
direct call MOde........ccueieiiiriininiiiccicec e 61
Direct IP-IP Audio Connection field

XS e 13
Direct Mode option (gatekeeper, Network Parameters) ........... 61
direct-mode Calls .......cooeeiiiiiriiee e 56
Disconnect All button (gatekeeper Current Calls screen)......... 55
Disconnect Call button (gatekeeper Current Calls screen)....... 55
Disconnect endpoints command

GALCKEEPET ...ttt ettt ettt sttt st ee 54
Disconnect on Call Progress Tone (FXO) field...........cccecvenenn. 47
Disconnect Tone Sequence (FXO) field........ccocceverveniieiennnns 47
disconnection criteria, FXO .
QISTANCES ...ttt ettt
distances in NEtWOTKS ........ccoeeririirieieieiieiesieseee e
DTMF

EXEENACA. ..ottt 47

StANAATd. ....cvieieiieiece s 47
DTMEF frequency chart...........cccoovevieirininenenieeeeeneneneenne 47
DTMF Gain (High Tones) field

ANALOZ ©evvevvieeieiieieie et rte et ettt et e e et e et e e teereeaeenaesaees 38
DTMEF Gain (Low Tones) field

ANALOZ -.veeieiieeee e 38
DTMF Gain field

ANALOZ +vventieiieieet ettt 38
DTMF In/Out of Band field

ANALOZ .evvenveeeieieeieeie ettt ettt st sttt e 38
DTMF inband

ANALOZ ©ovvenvieeieiieiieieeie ittt et e et te e aeenaenre e 38
DTMEF out of band

ANALOZ -ttt

DTMF, custom tone pairs
Duration (DTMF) field

ANALOE ..t 38
dynamic endpoint registration (with gatekeeper) .................... 61
Dynamic gatekeeper field (Services, V2 GW Prefixes) ........... 64
Dynamic Jitter Buffer field

ANALOZ vttt 41
Dynamic Jitter fields

ANALOZ ..ottt 41
€164 Al1ASES .....oviveieiiciicii e 58

Echo Cancellation field
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ANALOZ ..ttt sttt sttt ene 39
echo, removing

ANALOZ ..evvevientieeiete ettt e e e et et e te e et et este e e beennente e 39
Enable Survivability Mode field, Comm Mgr Parameters screen

............................................................................................. 35
endpoint types, SateKeePer.........ooereruerieirerinieeeeeeeeie e 54
error correction, forward

ANALOZ .eevveeeeiieeiee et 39
Existing Endpoints (gatekeeper) fields

MISE e 54
Existing Endpoints (gatekeeper) screen

ACCESSING .vvvevrerieererreeienteetessesseenseeseessesseessesseesessasssesseessenes 53

Existing Endpoints (gatekeeper) screen commands

Disconnect

UNTE@ISTET ..ottt ettt ettt st se et aesaeeneens

UNre@ister All........oouiecierieieriieieieeeeeee e 54
Existing Endpoints screen fields

PreDef ........ccc.c.. .54

Registration IP............... .54

TTL (TimeToLive timer.... ...54

TYPC ettt 54
Extension (Station) field & Phone Number/Extension (Comm

Mgr Params field)

F XS s 12

Far-end Listen Port (Signaling Group field) & Call Signaling
Port (Comm Mgr Params field)

FXO i 15,18
F XS e 11
Far-end Node Name (Signaling Group field) & Gateway Name
(Comm Mgr Params field)
XS e 12
fast busy (unobtainable) tones ..
Fast CONNECt ......cooverieieicieiiieeeeeeeee e See Fast Start
Fast Start plus H.245 Tunneling field .........c.cocooenevneninnnnne. 35

fax baud rate, default

Frequency 1 (custom tone) field

Frequency 1 (tone pair scheme)
Frequency 2 (custom tone) field
Frequency 2 (tone pair scheme)
FRF11

ANALOZ ..ottt ettt sttt st eee 38
FXO Disconnect On fields..........ccoeeeeeviecieeiieeceecie e, 46
FXO disconnection Criteria..........c..eeveeevrecreeereeereeereeereeeeeennns 46
FXO disconnection, triggering of ..........cccccevevirenenenenene 46, 47

FXO Interface Parameter definitions...............cccvveeevveeennne. 46, 47
FXO Interface Parameter fields
CUITENE LOSS...uviriieniiiieiinicierceteeeee st 47
Current Loss Detect Timer...... .47
Detection Range (flash hook) . ... 47
Flash HoOK.......ccccovveineennninnee .47
Inter Digit Regeneration Timer... .. 47
Message Waiting Indication........ ....46
Tone DEteCtiON. .....c.eeueeeiriiriiriiieieieieenesteeeeee e 47
FXO Parameter fields
Caller ID enable..........ccooevirieniiieiiinenieieceeeeee e 47
Caller ID TYPE veevveveeeieiieierieeienteeeeieseeeieeseeseseeeaesseense e 47
FXO Current Detect TIMer .......ceovvveeneirieenriceneeneninnes 46
Tone Detection
FXO Parameters..........cccecevirenienieieieiiieeseieeeeeie e
FXS Loop Start Interface parameter definitions............c.cccue... 44
FXS Loop Start Interface Parameter fields
Caller ID enable.........cccoceveriiieininininiciccieiecee e 45
Caller ID TYPC .veevreieeeieiieieieeitesteeeeteseeeteeeetesreeeesaeenne e 45
Current Loss
Detection Range (flash hook) .........ccooceiivineieiiiiiiiiee 45
Inter Digit Regeneration Timer.........ccccocoveneneienincncnenns 44
Inter Digit Timer
Message Waiting Indication...........ccceveeveeneesienenienienienenne 44
RiNG COUNL....oouviiiiiiiieiieiieiec ettt 44
FXS Loop Start Parameter fields
Inter Digit TIMET......cccvevvieierieeieieeeee e 44
Message Waiting Light..... ....44
FXS Loop Start Parameters... ....44
Gain 1 (custom tone) field..... .32
Gain 1 (tone pair scheme) ..... ... 30
Gain 2 (custom tone) field..... .32
Gain 2 (tone pair SChEME) ......c.ecveveeruieieriirieiieierie e 31
gatekeeper
Te@IStration With ........cccoeieiiieieiiiieiecceceee e 53
gatekeeper
gatekeeper
gatekeeper
gatekeeper "After Overlapped Sending" option (Network
Parameters, Call Proceeding)..........cccocereevienieneneeneneniens 60
gatekeeper "Max Total BW" field (Network Parameters)........ 61
gatekeeper "Other Aliases
Email" field (Call Details, Destination Info)............cccceeuee 58
Email" field (Call Details, Source Info)........ccccceeeverrrecrennns 57
Trans. Name" field (Call Details, Destination Info)............. 58
Trans. Name" field (Call Details, Source Info).................... 57
gatekeeper "Registration TO (time-out)" field (Network
Parameters .........coeoveeeuiriinenicieiee et 61
gatekeeper "Remove H.245 Addr in Call Hunt" field (Network
Parameters) ......c..coveceeirineninieieieeere e 60
gatekeeper "With H.245 Addr" option (Network Parameters,
Call Proceeding) .......ccceeveeeereereeenieeeenieseeieeeenieseeesveseeaenes
gatekeeper Add-endpoints command
gatekeeper Additional Phone Numbers field (Call Details)...... 58
gatekeeper Alias Giving field (Network Parameters)............... 59
gatekeeper App. Bandwidth field (Call Details, Destination Info)
............................................................................................. 58
gatekeeper App. bandwidth field (Call Details, Source Info)... 57
gatekeeper Call Details button (Current Calls)............ccccoueneeee. 55
gatekeeper Call ID Sum field (Call Details).........ccceevervieiennne 56
gatekeeper Call IRQ Interval field (Network Parameters)........ 62
gatekeeper Call Mode fields (Network Parameters)................. 61
gatekeeper Call Model field (Call Details)
gatekeeper Call No. field (Call Details) ........ccceceeverieneneennenne
gatekeeper Call Proceeding fields (Network Parameters) ........ 60
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gatekeeper Call Signalling IP field (Call Details, Destination

INFO). et 58
gatekeeper Call Signalling IP field (Call Details, Source Info) 57
gatekeeper Cid Sum field (Call Details) .....ccoveevevreevenrieienene 56
gatekeeper Conf. Goal field (Call Details).... .57
gatekeeper Configuration Options field...........ccccoveieininnnnne. 59

gatekeeper Configuration Options field (Network Parameters) 59
gatekeeper Configuration Parameters fields (Network

Parameters).......ccoevevuieienienieeeee e 61, 62
gatekeeper Connect TO field (GK General Settings, Q.931

Parameters)........oooueeeeeeieeiieeee e 52
gatekeeper Current Bandwidth Usage field ...........cccceevveiennenne 59
gatekeeper Current Bandwidth Usage field (Network

Parameters).......c.cccveeiieieeeie et 59
gatekeeper Currently Registered field........c.coooveveneiieniniinnne 59
gatekeeper Currently Registered field (Network Parameters)...59
gatekeeper Default Distance field (Network Parameters)......... 62
gatekeeper Default field (Services, GK Defined) .................... 63
gatekeeper Default field (Services, V2 GW Prefixes) .............. 64
gatekeeper Delete-endpoints command
gatekeeper Delete-predefined-endpoints command.................. 54
gatekeeper Description field (Services, GK Defined)............... 63

gatekeeper Description field (Services, V2 GW Prefixes)........ 64
gatekeeper Direct Mode option (Network Parameters, Call

gatekeeper Endpoints fields

IMISE et
gatekeeper GK-ID field (Network Parameters)
GateKeeper IP Address column, Comm Mgr Parameters screen

............................................................................................. 34
gatekeeper IRQ Interval field (Network Parameters)................ 61
gatekeeper Line Hunting Information fields (Network

Parameters)......c.oecveeeieiienie e 60

gatekeeper Max Number of Calls field (Network Parameters).61
gatekeeper Maximum Calls field (GK General Settings,

IMEITIOTY ).ttt ettt sttt sttt st et sbe e 52
gatekeeper Maximum Registrations field (GK General Settings,
IMEINIOTY )..cnvtevtetieiieieeitete ettt te et e e st e e saeensesteensenaeennenee 52

Gatekeeper Name field .........ccooooveieneiiiniiiiecece 34
gatekeeper Name field (Existing Endpoints) .........ccccccceeruenee. 54
gatekeeper Names field (Call Details, Destination Info) .......... 58
gatekeeper Names field (Call Details, Source Info).................. 57
gatekeeper No. (number) field (Current Calls) ........... .55
gatekeeper Ongoing Calls field...........cccccevrineninicninnns ...59
gatekeeper Ongoing Calls field (Network Parameters)...... ...59

gatekeeper Online field (Existing Endpoints)...
gatekeeper ORIG ALIAS field (Current Calls).
gatekeeper ORIG IP field (Current Calls)........cccoce.....
gatekeeper Other Aliases field (Existing Endpoints) ................ 54
gatekeeper Out-of-Zone Distance field (Network Parameters).62
gatekeeper Phone field (Existing Endpoints ...........ccccccecevuenee. 54
gatekeeper Phone Numbers field (Call Details, Destination Info)

gatekeeper Phone Numbers field (Call Details, Source Info) ...57
gatekeeper PreDef field (Existing Endpoints)..........ccccceceruennee.
gatekeeper Prefix field (Services, GK Defined)

gatekeeper Public field (Services, V2 GW Prefixes)................ 64
gatekeeper RAS Port field (GK General Settings, RAS
Parameters) .......ooeevieeriienieeee e
gatekeeper Reason field (Call Details)
gatekeeper Registration IP field (Existing Endpoints)

gatekeeper Remote Extension Name field (Call Details) ......... 58
gatekeeper Remote Extension Phone field (Call Details)......... 58
gatekeeper Req. bandwidth field (Call Details, Destination Info)

............................................................................................. 58

gatekeeper Req. bandwidth field (Call Details, Source Info) ... 57
gatekeeper Response TO field (GK General Settings, Q.931

Parameters) .......ooeevieeiienieeee e 52
gatekeeper Response TO field (GK General Settings, RAS
Parameters) .......ocveevieerieeeeee e 52
gatekeeper Routed Mode option (Network Parameters, Call
MOAE) .ttt 61
gatekeeper Send Immediately option (Network Parameters, Call
Proceeding ......c.ooeevierieiieieiecieceeee e 60
gatekeeper Service Configurable Properties field (Network
Parameters) .......oceevieeiieeieeee e 60
gatekeeper State field (Call Details)........cccooeverereencnenenene. 57
gatekeeper Status Information fields ..........c.ccocevereoniiinenne. 59
gatekeeper Status Information fields (Network Parameters).... 59
gatekeeper Time-To-Live (TTL) timer field ..........cccceeeeienene 54
gatekeeper Total BW field (Call Details) .........cccoeeeevercnennee. 57
gatekeeper Type field (Existing Endpoints) ........... .54

gatekeeper Unregister-All-endpoints command..... ...54
gatekeeper Unregister-endpoints command ........... ...54

gatekeeper V2 GW Prefixes fields ................... ....64
gatekeeper, registration with ................ ...54
Gateway H.323 ID (Gatekeeper) field.........ccoceevenenienininnene 34

Gateway Name (Comm Mgr Params field) & Far-end Node
Name (Signaling Group field)

Gateway Name (Comm Mgr Params field) & IP Node Names
form field
FXO o 15,18
Gateway Name (Comm Mgr Params field) & Signaling Group
form field

FXO oo 15,18
Gateway Name field........ccccooveviiiiiiniiineeeeceee 33
Gateway Prefix (Gatekeeper) field..........coccoceneniiicninnennne. 34
gateway-suppOrted SEIVICES. ......coveveueeireirreniereeeeeeneeereneeeenes 64

Generate Local Dial Tone (Voice/FAX — AutoCall/Offhook
Alert) field
analo@/BRI.........cooiiiiiiiieee e 40

Generation Flash-Hook Options field
FXO e

GK (gatekeeper) General Settings fields......

GK (gatekeeper) General Settings screen

GK (gatekeeper) General Settings screen fields

Activity Configuration..........cceeeeeeereeeereeneesieneneenieeeenienes 51
Debug Level..........c........... .51
Memory Settings (button). .51
Registration POLICY......ccocoeriiiniinieieieencreee e 51
GK Active option (Gatekeeper General Settings screen) ......... 51
GEK AdeNtIICT ...t 62
GK-ID field (gatekeeper, Network Parameters).............ccccue.... 62
Group Type field ......ccocvininiiiiiinicceecee

H.245 Tunneling field.....

gatekeeper Prefix field (Services, V2 GW Prefixes).........cc...... 64 H.323 coder

gatekeeper PreGrant All field (Network Parameters) ............... 60 ANALOZ .ottt 39
gatekeeper Public field (Services, GK Defined)..........cccccueuenne 63 in band, DTMF

76 Multi-Tech Systems, Inc. Avaya Communication Manager Guide



ANALOZ ..ttt sttt sttt ene 38 ANALOZ .oveeneieiieieeitete ettt sttt 41
Input Gain field Network Parameters (gatekeeper) screen
ANALOZ ..evvevientieeiete ettt e e e et et e te e et et este e e beennente e 37 ACCESSING ..uvevrerreeerereesteteeeesseeseenseesaessesseenseeseensesseesessenssenes
Inter Digit Regeneration Time (FXO) field...................... ....46 Update button
Inter Digit Regeneration Time (FXS Loop Start) field.............. 44 Network Parameters (gatekeeper) screen fields
Inter Digit Timer (dialing) field After Overlapped Sending (Call Proceeding option) ........... 60
DID-DPO............. ....50 Call IRQ Interval .... . 02
FXS Loop Start ............. .44 Call Mode................ ...61
Interface field (DID-DPO).......cccovviiniieieiinieieeieeseeeeeeeiene 50 Call Proceeding..........ccccueruenenee. ....60
IP Audio Hairpinning field Call to Out-of-Service SUPPLier ........cccoevverveerireneninrenne 60
B X S s 13 Configuration Parameters ........... ..61,62
TRQ INEETVAL ..ottt ee 61 Default DiStance ........ceceeveviereesieeieieseeieeeesie e seeaees 62
IRQ Interval field (gatekeeper, Network Parameters)............... 61 Direct Mode (Call Mode 0ption) .........cccceerereeeeeeereneenne 61
TRQ POIIING ...t 62
jitter buffer TRQ Interval......cooeviiiiiiiieieceeee e 61
ANALOZ .ttt 41 Line Hunting Information ............cceceverienininnenieneniees 60
Jitter Value (Fax) field Max Number of Calls
ANALOZ ..ottt ettt sttt st eee 38 Max Total BW (KDBPS) ..eeeviriieiiiiieieniieienieeieie et 61
Jitter Value field Multicast DIStance ...........coceveveeeeerinenenieieeeeeese e
ANALOZ .eevvevreereetieie et ete e et e ste et et e et et e s re et et besraenresaeenae e 41 Out-of-Zone Distance
jitter, dynamic Registration TO (HME-0UL) ....cc.eoveueieireniirieieieieeee e 61
ANALOZ ... 41 Routed Mode (Call Mode option)...........ccocerereeeeeeereneneene 61
Line Hunting Information field (gatekeeper, Network Send Immediately (Call Proceeding option) .........c.ccceeueee. 60
Parameters).........eevueeieiieniiienieeee e 60 Service Configurable Properties (Line Hunting Information)
lost packets, CONSECULIVE ettt ettt e 60
With H.245 Addr (Call Proceeding option).... ...60
Network Parameters (gatekeeper) screen fields: ..........ccccoenen. 60
Network Parameters gatekeeper screen fields
AAS GIVING .ottt 59
Current BW Usage........ ...59
Currently Registered..... ...59
Max Number of Calls field (gatekeeper, Network Parameters) 61 Ongoing Calls................ ....59
Max Total BW field (gatekeeper, Network Parameters)........... 61 PreGrant All.....c..ccooiinininiiiiiincccecceeee ... 60
Maximum Calls field (Gatekeeper General Settings, Memory)52 No (number) field (gatekeeper Current Calls screen)............... 55
Maximum Jitter Value field No endpoints option (Gatekeeper General Settings screen) ..... 51
ANALOZ ..evveveeireetieie sttt et te et e et e et e e b e s re s e saeenne e 41 OFfhOOK ALETT....eeevieiieieeiieieeeeie et 40
maximum number of concurrent calls .........c.cceevveriecieniencnennnns 61 Ofthook Alert (Voice/Fax Params) and Intercept Tone (Regional
Maximum Registrations field (Gatekeeper General Settings, Params) .....cc.eoeieieiei e 40
IMEIMOTY ).ttt ettt 52 Ofthook Alert Timer (Voice/FAX -- AutoCall/Offhook Alert)
Memory (Gatekeeper General Settings) screen fields field
GK Memory Values ........coceverienenienienienieneeieseeeesieeie e analog/BRI........cooiiiiiiiiiii e 40
Maximum Calls.......coeceririeniiieinieeeeee e Ongoing Calls gatekeeper field (Network Parameters) ............ 59
Maximum Registrations Online field (gatekeeper)
Q.931 Parameters .......cecveeveriereenrieieieseenieeeeaeseeesesneenenns ORIG ALIAS field (gatekeeper Current Calls screen)............. 55
RAS POt .nvieiiiciieie ettt ae e ORIG IP field (gatekeeper Current Calls screen)...........c..eu..... 55
Response TO (time-out, RAS) ..coooveieiiiiiiiceceee 52 Other Aliases
Memory (Gatekeeper General Settings) secondary screen ....... 52 Email gatekeeper field (Call Details, Destination Info)....... 58
Memory Settings button (Gatekeeper General Settings screen)51 Email gatekeeper field (Call Details, Source Info) .............. 57
Message Waiting Indication (DID-DPO).........ccceeereenienennene 50 Other Aliases field (gatekeeper)........coceverierinienieneenieneeiee 54
Message Waiting Indication field out of band, DTMF
DID-DPO ..ottt ANALOZ .evvenvieiieie ettt ettt sttt st ee 38
FXO..oooiiiiins 0ut-0f-Zone diStaNCe ......ccevvivveriiiiirieiirieereeee e 62
FXS Loop Start Out-of-Zone Distance field (gatekeeper, Network Parameters) 62
Minimum Jitter Value field Output Gain field
ANALOZ ..ot 41 ANALOZ ..ttt 37
Mode (Fax) field output level, fax tones
ANALOZ .ottt 38 ANALOZ +.veeneeiieieeit e et 38
multicast packets, consecutive lost
QISTANCE. ..ottt sttt st ee 62 ANALOZ +evvenveeiieieeieete ettt sttt bbb ee 41
Multicast Distance field (gatekeeper, Network Parameters).....62 Parallel H.245 field ......cccceovieierieiieiicieieceeeeeee e 35
Multiplexed UDP field .......ccccovirienieienieeieieeiee e 35 Pass Through Enable (FXS Loop Start interface) and AutoCall
Name field (gatekeeper) ........cooeverereiieineieeeeeeeeee 54 (VOiCe/Fax Params) .........cccevveeeienrieeeriesieeieeeesieseevesseenens 45
Names gatekeeper field (Call Details, Destination Info) .......... 58 patents
Names gatekeeper field (Call Details, Source Info).................. 57 Phone field (gateKeeper).........coceviveieirerenenieceerceeeee 54
neighbor gatekeePers .......c..ccuvirirerieieiriiieceeee e 62 Phone Number (Voice/FAX — AutoCall/Offhook Alert) field
Network Disconnection field analo@/BRI.........oooiiiiiieeee e 40
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Phone Number/ Extension field..........cccoecveeierieienenieniinieene 34 FXS LoOP Start......cceverieriinieiesieeieeieeeesieeeie st 44
Phone Number/Extension (Comm Mgr Params field) & NG tONE, CUSTOM...cuvieuiieieiienieeiiereeenieteeteseeeneesteeeeeeeeneenees 31,32
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