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Customer Service

Customer Service provides a variety of options for obtaining information about Lucent
products and services, software upgrades, and technical assistance.

Finding information and software on the Internet

VisittheWeb siteat ht t p: / / www. ascend. comfor technical information, product
information, and descriptions of available services.

Visitthe FTPsiteat f t p. ascend. comfor software upgrades, release notes, and addenda to
this manual.

Obtaining technical assistance

You can obtain technical assistance by telephone, email, fax, modem, or regular mail, as well
as over the Internet.

Enabling Lucent to assist you

If you need to contact Lucent for help with a problem, make sure that you have the following
information when you call or that you include it in your correspondence:

Product name and model.

Software and hardware options.

Software version.

If supplied by your carrier, Service Profile Identifiers (SPIDs) associated with your line.

Your local telephone company’s switch type and operating mode, such as AT&T 5ESS
Custom or Northern Telecom National ISDN-1.

Whether you are routing or bridging with your Lucent product.
Type of computer you are using.
Description of the problem.

Calling Lucent from within the United States

In the U.S., you can take advantage of Priority Technical Assistance or an Advantage service
contract, or you can call to request assistance.

Priority Technical Assistance

If you need to talk to an engineer right away, call (900) 555-2763 to reach the Priority Call
gueue. The charge of $2.95 per minute does not begin to accrue until you are connected to an
engineer. Average wait times are less than three minutes.

Advantage Services

Advantage Services is a comprehensive selection of services. Installation services help get
your Lucent Wide Area Network (WAN) off to the right start. Ongoing maintenance and
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support services provide hardware and software solutions to keep your network operating at
peak performance. For more information, call (800) 272-3634, or access the Web site at
www. ascend. comand select Services and Support, then Advantage Services.

Other telephone numbers

For a menu of Lucent’s services, call (800) 272-363. Or call (510) 769-6001 for an operator.

Calling Lucent from outside the United States

You can contact Lucent by telephone from outside the United States at one of the following
numbers:

Telephone outside the United States (510) 769-8027
Austria/Germany/Switzerland (+33) 492 96 5672
Benelux (+33) 492 96 5674
France (+33) 492 96 5673
ltaly (+33) 492 96 5676
Japan (+81) 3 5325 7397
Middle East/Africa (+33) 492 96 5679
Scandinavia (+33) 492 96 5677
Spain/Portugal (+33) 492 96 5675
UK (+33) 492 96 5671

For the Asia Pacific Region, you can find additional support resources at
http://apac. ascend. com

Obtaining assistance through correspondence

Lucent maintains two email addresses for technical support questions. One is for customers in
the United States, and the other is for customers in Europe, the Middle East, and Asia. If you
prefer to correspond by fax, BBS, or regular mail, please direct your inquiry to Lucent’'s U.S.
offices. Following are the ways in which you can reach Customer Service:

e Email from within the U.S.—support@ascend.com

« Email from Europe, the Middle East, or Asia—EMEAsupport@ascend.com
+ Fax—(510) 814-2312

e Customer Support BBS (by modem)—(510) 814-2302

Write to Lucent at the following address:

Attn: Customer Service
Lucent Technologies

1701 Harbor Bay Parkway
Alameda, CA 94502-3002

viii
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Notices and known issues
Notice about MAX TNT TAOS 8.0.1 and 8.0-103

Notices and known issues

Notice about MAX TNT TAOS 8.0.1 and 8.0-103

The core and extended features availablein MAX TNT TAOS 8.0.1 areincorporated in TAOS
8.0-103. Details about using TAOS features, other than MultiVoice, may be found inthe MAX
TNT True Access™ Operating System (TAOS) 8.0.1 Addendum

Notice of modified RADIUS port and ID space defaults

Note: This modification could cause authentication failures with RADIUS servers that do not
support distinct UDP source ports. If your RADIUS server does not support authentication
reguests from multiple source ports, you must reset the modified parameters to their previous
values.

The default settings for User Datagram Protocol (UDP) source ports and 1D spaces for
communication with a RADIUS server have been changed from single to multiple. Following
are the relevant parameters, shown with the new default settings:

[ EXTERNAL- AUTH|
rad-i d-space = distinct
rad-i d- source-uni que = port-uni que

MAX TNT units can use either a single global source UDP port for al slot cards, or a unique
port for each card. Similarly, aunit can use one ID space for both authentication and
accounting requests, or a distinct space for each type of request.

Previous TAOS versions recommended the use of multiple source ports and ID spaces for
performance reasons, and because use of asingle source port and ID space reduces the number
of simultaneous requests that the unit can generate. However, the default settings configured a
single global source port and ID space to ensure compatibility with all RADIUS servers.

In this release, the default settings have been changed to the recommended values.
If the system was already using the recommended settings, this change will have no effect.

Systems that used the previous default settings will respond as follows:

« If the RADIUS server supports distinct source ports, the system will experience a slight
improvement in performance.

« If the RADIUS server does not support distinct source ports, the system will experience
problems with RADIUS authentication and accounting.

To communicate with RADIUS servers that do not support distinct source ports, you must

modify the External-Auth profile as follows to restore the parameters to their previous values:

adm n> read external -auth
EXTERNAL- AUTH r ead

adm n> set rad-id-space = unified

adm n> set rad-id-source-uni que = system uni que
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admin> wite
EXTERNAL- AUTH written

Notice of modified behavior during IPDC negotiation

In previous releases, the MAX TNT unit’s system address was used during IP Device Control
(IPDC) protocol negotiation. In previous releases, if the System-IP-Addr parameter was null,
the shelf controller IP address was used.

Since MAX TNT TAOS 8.0.1, the MAX TNT unit requires a valid System-IP-Addr setting to
complete IPDC negotiation. For example, the following commands explicitly set the system
address to the shelf controller IP address:

adm n> get ip-int { {1 c 1} 0} ip-address

i p-address = 10.2.3.4

adm n> read i p-gl obal
| P- GLOBAL read

adm n> set systemip-addr = 10.2.3.4

admin> wite
I P-GLOBAL written

Note: If the System-IP-Addr setting is null, the system terminates PPP connections during the
IPCP negotiation phase.

Notice of discontinuance of software support

Software support has been discontinued for the MAX TNT Ethernet-0 slot card
(TNT-SL-E10), the Fast (100 MB) Ethernet-1 slot card (TNT-SL-E100), and the older MAX
TNT Hybrid Access slot cards (TNT-SL-HA 128 and TNT-SL-HA192).

Notice about upgrading slot cards

If you replace a MAX TNTFast (100 MB) Ethernet-1 slot card (TNT-SL-E100) with a newer
Ethernet cardTNT-SL-E10-100 or TNT-SL-E100-V-C), you must write new Ethernet profiles
for the new card. The old Ethernet profiles do not carry forward.

If you replace an older MAX TNHybrid Access slot card (TNT-SL-HA 128 or
TNT-SL-HA192) with a newer Hybrid Access card (TNT-SL-HDLC2 or
TNT-SL-HDLC2-EC-C), and if you replace a MAX TNT Series56 modem card
(TNT-SL-48MOD-S56) with a newer Series56 card (TNT-SL-48MOD-S-C or
TNT-SL-48MODV3-S-C), you must write new profiles for the new cards.

If you replace a Series56 modem card (TNT-SL-48MOD-S56, TNT-SL-48MOD-SGL,
TNT-SL-48MOD-S-C or TNT-SL-48MODV3-S-C) with a MultiDSP card (TNTP-SL-ADI-C,
TNTV-SL-ADI-C, or APX8-SL-96DSP), you must write new profiles for the new cards.

For any slot whose card type is being changed, you should perfrmta- r command
after downing ¢! ot - d) or removing the existing card prior to inserting a new card type.
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Known issues in this release

« LAN-Modem profiles contain entries for 96 devices. For the 96-port MultiDSP card, all
96 entries in the profile are used. For 48-port modem cards (Series56 modem card
(TNT-SL-48MOD-S56), Series56 Il (TNT-SL-48MOD-S-C), and Series56 |ll
(TNT-SL-48MODV3-S-C) cards), only the first 48 entries are used. For the 48-port
MultiDSP card (TNTP-SL-ADI-C or TNTV-SL-ADI-C), every other entry in a
LAN-Modem profile is used (odd ports only, from 1 to 95).

e Incompatibility with MultiVoice Access Manager Release 2.x.

— Dynamic call control and multiple logical gateways are only supported in MultiVoice
networks running TAOS Release 8.0-103 on the gateways and MVAM Release 3.0
on the gatekeepers. These features are not supported in MultiVoice networks where
gatekeepers are running Release 2.x of the MultiVoice Access Manager.

— New parameter definitions are added to the Non-Standard data messages (such as,
trunk/DSO0 reporting, non-standard call failure codes) sent by a MultiVoice Gateway
to the MultiVoice Access Manager.

e Change in Call-logging packet format

In releases prior to 7.2.0, the format of Call-logging packets are identical to RADIUS
Accounting packets. With the introduction of 7.2.0, Call-logging will no longer be
compatible with RADIUS, although Lucent’s NavisAccess product fully supports
MultiVoice Call-logging. The MAX TNT continues to support RADIUS accounting,
SNMP and SYSLOG functionality.

Because of the proprietary nature of and potential modification to call-logging packets,
you should not use call-logging packets with any application other than Lucent's
NavisAccess.
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Upgrade and downgrade procedures
Requirements and recommendations

Upgrade and downgrade procedures

This section shows how to upgrade and downgrade the TAOS software of aMAX TNT unit.

Note: Digital subscriber loop (DSL) functionality is not supported in this release. See “Notice
of discontinuance of MAX TNT support for DSL” on page 14.

Requirements and recommendations

These recommendations for upgrading MAX TNT units help ensure a smooth upgrade. If you
must downgrade from this release to a previous one, please see “Downgrade instructions” on
page 6.

Obtaining the MAX TNT TAOS 8.0-103 software

The MAX TNT TAOS 8.0-103 software consists of the following files:

Filename Descriptions

tntsrb. bin The boot loader. Both T1 and E1 loads use the same boot loader
software. Lucent recommends that you always install a new boot
loader when upgrading to a release.

tntrel.tar Tar file (T1 load) that contains images for the shelf controller and
all MAX TNT slot cards.
tntrele.tar Tar file (E1 load) that contains images for the shelf controller and

all MAX TNT slot cards.

You can obtain the files you need from the anonymous FTP server ftp.ascend.com. If you need
technical assistance, see “Customer Service” on page 3.
Local access to the unit recommended

Whenever you install system software, Lucent recommends that you access the unit through
the shelf controller serial or LAN port rather than a slot card port.

32-MB JEDEC DRAM card required for this release

For this release, the MAX TNT requires a 32-MB JEDEC DRAM card (model number TNT-
SP-DRAM-32). New MAX TNT units now ship standard with the 32-MB DRAM card.

The 32-MB JEDEC DRAM card isot hot swappable. To install the card, you must turn off
power to the MAX TNT, insert the card and then power on the MAX TNT. For additional
information about the card, contact your service representative.

Flash size limitations for this upgrade

Because the MAX TNT supports many different slot card types, the tar files containing slot-
card code images can be too large to load on an 8-MB flash card. TAOS 7.0.0 introduced a new
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Load-Select profile type that prevents loading the entire set of slot-card images. The profile
causes the system to determine which card types are present and load only those images. For
details about the Load-Select profile, see the MAX TNT Reference Guide.

In addition, in thisrelease, thet nt base. t ar andt nt basee. t ar filesarelessthan 8-MB
in size and are guaranteed to fit on an 8-MB flash card.

If neither of the small tar files are appropriate for your systems, to load this release to 8B
flash, make sure that all parametersin the Load-Select profile are set toaut o and that the
combined binaries required to run the system and its cards do not exceed 8MB. Following are
the approximate sizes of each binary in the tar file:

Tablel. Approximate sizes of shelf controller and card binaries

System component
Shelf controller (T1)

Binary filename

tntsr/tntsr.ffs

Approx. size (KB)
1800

Shelf controller (E1) tntsre/tntsre.ffs 1800
8T1 tnt8t1/tnt8t1.ffs 275
UTI (Frameline) tntutl/tntutl. ffs 825
8E1l tnt8el/tnt8el.ffs 260
UEL (E1 Frameline) tntuel/tntuel.ffs 810
T3 tntt3/tntt3.ffs 310
Ethernet-2 tntenet2/tntenet2.ffs 240
Ethernet-3 tntenet3/tntenet3.ffs 355
HDLC-2 tnthdl c2/tnthdl c2.ffs 1005
HDLC-2EC tnt hdl c2ec/tnt hdl c2ec. ffs 1000
SWAN tntswan/tntswan. ffs 725
UDS3 tntuds3/tntuds3.ffs 730
DS3-ATM tntds3atmtntds3atmffs 735
OC3-ATM tntoc3atmtntoc3atmffs 730
Analog modem tnt amdn? t nt amdm ffs 700
56K modem t nt mdnb6k/ t nt mdnb6k. f s 850
Seriesh6 |/ Seriess6 |1 tntcsnx/tntesnx. ffs 990
Seriess6 11 tntcsnBv/tntcsnBv. ffs 980
MultiDSP tnt madd/ t nt madd. ffs 1300
STM-0 tntstnD/tntstnD. ffs 300

Saving the system configuration

Asageneral practice, always save the system configuration before upgrading or downgrading
system software. You can then restore the configuration along with earlier system software if
anything unexpected occurs during the upgrade or downgrade. If you use TFTP to save the
system configuration, the target file must exist on the TFTP server and you must have
permission to writeit. For example, the following commands executed on a TFTP server create
atarget file and set its permissions:

$ touch /tftpboot/config/testcfg.1l
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$ chnod a=rw /tftpboot/config/testcfg.1

Before you save the system configuration, you must enable the Allow-Password permission in

the MAX TNT User profile to save the configured passwords. If you do not have Allow-

Password permission enabled, you will be prompted to confirm that you wish to save the
configuration without passwords. If you do so and then restore the saved configuration, all
passwordsin the configuration are wiped out. The following commands executed on the MAX

TNT save the system’s configuration to the target file on the TFTP server and then restore the
saved configuration:

adm n> save -a network 10.10.10.10 /tftpboot/config/testcfg.1
adm n> | oad config network 10.10.10.10 /tftpboot/config/testcfg.1

Upgrade instructions

These instructions show how to upgrade to MAX TNT TAOS 8.0-103 from TAOS version
7.0.0 or later. If you are not sure which version the system is running, entertieon
command. For example:

adm n> ver si on
Software version 7.2.0

If the system is running a software version earlier than 7.0.0, please upgrade to 7.0.0 first and
then follow the instructions in this note. For information about upgrading to 7.0.0, you can
access the MAX TNT TAOS 7.0.0 release note at http://www.ascend.com/doclibrary.

Note: Under certain conditions, theoad t ar command might recognize no slot cards and
load only the shelf controller image during the upgrade procedure. If this occurs, reset the
system and load the tar file again. The sedomdd t ar command will load the appropriate
slot-card images for the system.

If you are upgrading from MAX TNT TAOS 7.0V

MAX TNT TAOS 8.0-103 introduces a DOS-compatible general-purpose file system. If you
are upgrading to MAX TNT TAOS 8.0-103 from a TAOS 7.0V release and you intend to use
the new file system format, you must first reformat the flash card to the old format. This is
required. For example:

adm n> format -o flash-card-1

After formatting the flash card to the old format, follow the upgrade instructions in the next
section or in “Upgrading a multishelf MAX TNT unit” on page 4.

The initial format operation erases the card’s contents, including all voice announcements
stored on the card. When the upgrade is complete, you must reload the voice announcements.
For example, the following command loads a voice-announcement file famsgd au from

a TFTP server at 10.10.10.10 to theur r ent directory on flash card 1 (flash card 1 is the
default):

adm n> load file network 10.10.10.10 busy. au

For more information details about loading voice announcements, see “Storing voice
announcements in the FAT-16 flash memory file system” on page 268.
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Upgrading a standalone MAX TNT unit

To upgrade a standal one unit with 8M B flash, proceed as follows:

1 Loginto the system and save its configuration to a TFTP server. This step is optional but
strongly recommended. For details, see “Saving the system configuration” on page 2.

2 Verify that the combined binaries required to run the system and its cards do not exceed
8MB. See “Approximate sizes of shelf controller and card binaries” on page 2.

3 Verify that the Load-Select profile is configured to automatically load only required
binaries. All parameters in the profile must be setubo.

4  Format the flash card. For example:
adm n> format flash-card-1
5 Load the boot loader. For example:
adm n> | oad boot-sr network 10.10.10.10 tntsrb.bin
6 Load the tar file. For example:
adm n> | oad tar network 10.10.10.10 tntrel.tar
7 Reset the system. This step is required. For example:
adm n> reset

8 Telnet into the system via the serial connection. Verify that the shelf controller IP address
is set. For example:

adm n> get ip-interface { { 1 ¢ 1} 0} ip-address
[in I P-INTERFACE/{ { shelf-1 controller 1 } O }:ip-address]
i p-address = 10.10. 10.2/ 24

If the address is not set, open the IP-Interface profile for the shelf controller and set the
address. For example:

adm n> read ip-interface { { 1 ¢ 1} 0}
| P- I NTERFACE/ { { shelf-1 controller 1} 0} read

adm n> set ip-address = 10.10.10.2/24

admin> wite
| P- 1 NTERFACE/ { { shelf-1 controller 1} 0} witten

9 Load the system configuration. This step is optional, but recommended. For example:
adm n> | oad config network 10.10.10.10 /tftpboot/config/tntconfig
10 Format the flash card again. For example:
adm n> format flash-card-1
11 Load the tar file again. For example:
adm n> | oad tar network 10.10.10.10 tntrel.tar
12 Reset the system. This step is optional, but recommended. For example:
adm n> reset

Upgrading a multishelf MAX TNT unit

If you are upgrading a multishelf system, you must propagate the new boot loader to the slave
shelves by using the Loadslave command. (The version tfither b. bi n file on the

master shelf must match thet sr b. bi n version on the slave shelves. Otherwise, the slave
shelves cannot load code from the master shelf.) In addition, you must propagate a link to a
redundant image of the tar file located in onboard flash.
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To upgrade a multishelf unit with 8MB flash, proceed as follows:

1

10

n

12

13

14

Log into the master shelf and save the configuration to a TFTP server. This step is optional
but strongly recommended. For details, see “Saving the system configuration” on page 2.

Verify that the combined binaries required to run the system and its cards do not exceed
8MB. See “Approximate sizes of shelf controller and card binaries” on page 2.

Verify that the Load-Select profile is configured to automatically load only required
binaries. All parameters in the profile must be sefubo.

Format the flash card. For example:

adm n> format flash-card-1

Load the boot loader. For example:

admi n> | oad boot-sr network 10.10.10.10 tntsrb.bin

Propagate the new boot loader to the slave shelves. For example, the following command
propagates the boot loader to a slave shelf with a rotary-switch setfing of

admi n> | oadsl ave 2 boot - sr

Load the tar file. For example:

adm n> | oad tar network 10.10.10.10 tntrel.tar
Reset the system. This step is required. For example:
adm n> reset -a

Telnet into the system via the serial connection. Verify that the master shelf controller IP
address is set. For example:

adm n> get ip-interface { { 1 ¢ 1} 0} ip-address
[in IP-INTERFACE/{ { shelf-1 controller 1 } 0 }:ip-address]
i p-address = 10.10. 10. 2/ 24

If the address is not set, open the IP-Interface profile for the shelf controller and set the
address. For example:

adm n> read ip-interface { { 1 ¢ 1} 0}
| P- I NTERFACE/ { { shelf-1 controller 1} 0} read

adm n> set ip-address = 10.10.10.2/24

adnmin> wite
| P- I NTERFACE/{ { shelf-1 controller 1} 0} witten

Load the system configuration. This step is optional, but recommended. For example:
adm n> | oad config network 10.10.10.10 /tftpboot/config/tntconfig
Format the flash card again. For example:

adm n> format flash-card-1

Load the tar file again. For example:

adm n> | oad tar network 10.10.10.10 tntrel.tar

Use the Loadslave command to propagate a link tortlage 2 file, which is a redundant
image of the tar file created in onboard flash. For example, the following command
propagates the image to a slave shelf with a rotary-switch setthg of

adm n> | oadsl ave 2 i nmage2
Reset the system. This step is optional, but recommended. For example:

adm n> reset -a
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Downgrade instructions

Because releases are not necessarily backward compatible, Lucent recommends that you
always restore a backup configuration made under the previous version or one of its
predecessors.

If you have enabled extended profiling and then must downgrade to an earlier software
version, see “Additional onboard memory for extended profiling” on page 92, for important
information.

Note: Serial access to the MAX TNT unit is required for downgrading to a previous
release from MAX TNT TAOS 8.0-103. Because of the new profiles and functionalit
introduced in MAX TNT TAOS 8.0-103, you must initialize the system by clearing th
onboard nonvolatile random access memory (NVRAM) when performing a downgrg
When you clear NVRAM, the initialized system starts up unconfigured, just as it wa:
when you first installed it, with no IP address assignments.

o 0 <

Downgrading a standalone MAX TNT unit

To restore an earlier system software version, proceed as follows:

1

Log into the MAX TNT and save the current configuration to a TFTP server. This step is
optional, but recommended.

Reformat the flash card to the old format. This is required. For example:

adm n> format -o flash-card-1

Load the previous version of the boot loader. For example:

adm n> | oad boot-sr network 10.10.10.10 tntsrb.bin

Load the previous version of the tar file. For example, to load via TFTP from a local host:
adm n> | oad tar network 10.10.10.10 tntrel.tar

Clear NVRAM. This step is required when downgrading. For example:

admi n> nvram - f

Telnet into the system via the serial connection. Open the IP-Interface profile for the shelf
controller and set the address. For example:

admn> read ip-interface { { 1 c 1} 0}
| P- I NTERFACE/{ { shelf-1 controller 1} 0} read

adm n> set ip-address = 10.10.10.2/24

adnmin> wite
| P- I NTERFACE/{ { shelf-1 controller 1} 0} witten

Load a backup configuration made under the restored software version or one of its
predecessors. For example:

adm n> | oad config network 10.10.10.10 /tftpboot/config/ 7x-config
Reset the system. This step is optional, but recommended. For example:

adm n> reset
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Downgrading a multishelf MAX TNT unit

If you are downgrading a multishelf system, you must propagate the restored boot loader to the
slave shelves by using the Loadslave command. (The version of thet nt sr b. bi n fileon the
master shelf must match thet nt sr b. bi n version on the slave shelves. Otherwise, the slave
shelves cannot load code from the master shelf.) In addition, you must propagate alink to a
redundant image of the restored tar file. To restore an earlier system software version, proceed
asfollows:

1

10

Log into the master shelf and save the current configuration to a TFTP server. Thisstep is
optional, but recommended.

Reformat the flash card to the old format. Thisis required. For example:
adm n> format -o flash-card-1

Load the previous version of the boot loader. For example:

adm n> | oad boot-sr network 10.10.10.10 tntsrb.bin

Propagate the boot |oader to the slave shelves. For example, the following command
propagates the boot |oader to a slave shelf with arotary-switch setting of 2:

admi n> | oadsl ave 2 boot - sr

Load the previous version of the tar file. For example, to load via TFTP from alocal host:
adm n> | oad tar network 10.10.10.10 tntrel.tar

Clear NVRAM. This step is required when downgrading. For example:

admi n> nvram - f

Telnet into the system viathe serial connection. Open the I P-Interface profile for the shelf
controller and set the address. For example:

adm n> read ip-interface { { 1 ¢ 1} 0}
| P- I NTERFACE/{ { shelf-1 controller 1} 0} read

adm n> set ip-address = 10.10.10.2/24

admin> wite
| P- I NTERFACE/{ { shelf-1 controller 1} 0} witten

Load a backup configuration made under the restored software version or one of its
predecessors. For example:

adm n> | oad config network 10.10.10.10 /tftpboot/config/7x-config

Use the Loadslave command to propagate alink to thei nage?2 file, which is aredundant
image of thetar file created in onboard flash. For example, the following command
propagates the image to a slave shelf with arotary-switch setting of 2:

adm n> | oadsl ave 2 i nmage2
Reset the system. This step is optional, but recommended. For example:
adm n> reset -a
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MultiVoice features in MAX TNT TAOS 8.0-103

Modem manager

Firmware versions for digital modems

The Conexant firmware versionsfor MAX TNT Digital Modem cards include support for
V.90, K56flex, K56plus, and all slower, standard modem speeds. This release includes the
following Conexant firmware:

» Series56 Digital Modem cards (also called CSM/1, TNT-SL-48MOD-S56) support
V2.0982-K56_2M_DLP_CSM firmware.

e Series56 Il Digital Modem cards (also called CSM/3, TNT-SL-48MOD-SGL and TNT-
SL-48MOD-S-C) support V5.817 firmware.

e Series56 Il Digital Modem cards (also called CSM/3V, TNT-SL-48MODV3-S-C) support
V5.8173 firmware.

The V5.817 and V5.8173 firmware include a fix for synchronization rate failures with some
PCtel chipset modems. The V5.8173 firmware also provides a fix for synchronization failures
observed with some Lucent winmodems.

Firmware versions for MultiDSP cards

This release includes the following Lucent firmware versions for MultiDSP cards:

e 48-port MultiDSP cards (TNTP-SL-ADI-C or TNTV-SL-ADI-C) support Lucent
V0.1614.1 firmware.

e 96-port MultiDSP cards (APX8-SL-96DSP) support Lucent V0.1614.1 firmware.

Series56 Il modem card support

The Series56 Il Digital Modem card (TNT-SL-48MODV3-S-)a single-dot 48-port card
that isthe functional equivalent of the Series56 |1 card. Ongoing support continuesin parallel
for the Seriesb6, Seriesb6 |1, and Seriess6 |11 modules.

The new Series56 Il has the same installation and configuration procedures as the Series56 I
card, described in thdAX TNT Hardware Installation Guide. The procedures are also

described in the Series56 Il guide, which you can access online after registering at
http://www.ascend.com/doclibrary.

The output of the Show command identifies the Series56 Il Digital Modem cashas
car d, as shown in the following example:

adm n> show
Shelf 1 ( standal one ):
{ shelf-1 slot-14 0 } uP csnv-card
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Expanded MultiDSP card support

In addition to the 48-port MultiDSP card (TNTP-SL-ADI-C or TNTV-SL-ADI-C) a 96-port
MultiDSP card (APX8-SL-96DSP) is now available.

Modem service is now supported and enabled by default on both MultiDSP cards.

With the appropriate software licenses, services currently supported on the 48-port MultiDSP
card are: modem (for example, V.90), ISDN (HDLC), V.110, PHS, and VoI P (voice). The 96-
port card does not support PHS or VolP in this release.

PHS functionality now supports afixed datarate of 32Kbps (PIAFS 1.0), or afixed datarate of
either 32Kbps or 64Kbps for the duration of acall (PIAFS 2.0), or adatarate that switches
between 32K bps and 64K bps during a call, depending on what the wireless bandwidth permits
(PIAFS 2.1). The PIAFS 2.1 functionality requires a separate license

The 48-port MultiDSP card supports 48 ports of any service and handles up to two different
services per card. In this release, when running two services per card, the services can be used
only in one of the following combinations:

e Data (modem/ISDN) with V.110

« Data (modem/ISDN) with PHS

e Data (modem/ISDN) with \oIP

The 96-port MultiDSP card currently supports 96 ports of data (modem/ISDN) and/or V.110
service, and handles up to two different services per card. When running two services per card,

one service must be data and the other must be V.110. The 96-port card does not support PHS
or VoIP in this release.

In this release, the following configuration restrictions apply:

e The 96-port and 48-port MultiDSP card cannot be used together in the same unit.

e The dual-port Series56 card (TNT-SL-48MOD-S56) cannot be used in the same unit with
MultiDSP cards.

Multiple 48-port MultiDSP cards can be used in the same unit, and the Series56 Il (TNT-SL-
48MOD-SGL and TNT-SL-48MOD-S-C) and Series56 Il (TNT-SL-48MODV3-S-C) cards
can be used in the same unit as a MultiDSP card.

For further details on the MultiDSP cards, see the MultiDSP guide at
http://www.ascend.com/doclibrary. After you register, you can view or download the guide.

MultiVoice operations

Support for MultiVoice operations was introduced with limited availability in earlier TAOS 7.x
releases, and was made generally available in MAX TNT TAOS 8.0.2Lirhited

Availability Release contains new features and corrections introduced in the True Alcess
Operating System (TAOS) for the MAX TNT™, supporting the MultiVoice feature set.

MultiVoice functionality includes Voice over IP (VoIP) and a transparent data mode that
enables users to run a modem on a VolP channel. With a separate license on both ends of the
transmission, MultiVoice also supportsl-time fax over IP.

10
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Note: Thisrelease note provides an overview of MultiVoice functionality and describes new
MAX TNT TAOS 8.0-103 features that are not documented in the MultiVoice for the MAX
TNT Configuration Guide. For details about MultiVoice configuration, see the guides at
http://www.ascend.com/doclibrary.

In MAX TNT TAOS 8.0-103, the following MultiVoice software licenses can be enabled:

* VolP, which enables the MAX TNT to act as an H.323v2 MultiVoice Gateway for
transmission of real-time voice calls and transparent modem calls across IP networks.

« VWoIP and SS7, which enables the MAX TNT to act as a MultiVoice Gateway that
communicates with an SS7 signaling gateway to transmit real-time voice calls and
transparent modem calls from an SS7 network across IP networks.

* Real-time fax (T.38) over IP, which uses the VoIP framework for call establishment, fax
detection, and fax initiation.

For information about using MultiVoice for basic long-distance service and 800 service, and
with overlapping coverage areas and multizone call routing, sééuilti&/oice for the MAX
TNT Configuration Guide at http://www.ascend.com/doclibrary.

System requirements for VolP

To operate as a MultiVoice Gateway, a MAX TNT unit must have the following equipment and
licenses:

*  \oIP software licenses

« Sufficient MultiDSP cards to process VoIP calls

« Sufficient T1, T3, or E1 trunks to process VoIP calls
- Sufficient Ethernet-3 cards to process VoIP calls

If the MAX TNT unit will operate in an H.323 environment, it must also have an IP connection
to a workstation running the MultiVoice Access Manager (MVAM) software.

If the unit will operate in an SS7 environment, the SS7 software license must also be enabled
so that the system can perform IPDC packet processing.

Ethernet requirements for VolP processing

MAX TNT units do not support routing of VoIP calls through the shelf controller Ethernet

port. Ethernet-3 (TNT-SL-E100-V-C) cards are required for VoIP. The Ethernet-3 card is a high
performance Ethernet module with one 100-MB interface designed for demanding applications
such as VoIP.

Full-duplex mode required

When using the Ethernet-3 card to support VoIP call processing, the card must operate in full-
duplex mode. The card operates in full-duplex mode by default, as specified in the setting of
the following parameter:

[in ETHERNET/{ any-shelf any-slot 0 }]
dupl ex-node = full - dupl ex
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Compatible configuration in connecting port of hub or router

The 100-MB interface on the Ethernet-3 card is not autoconfigurable and L ucent does not
recommend connecting it to a hub or router port that has been autoconfigured. Connecting it to
an autoconfigured port can have negative effects on Vol P calls, including poor voice quality
for connected calls and increased instances of initial call failures.

To ensure the best performance and quality for Vol P calls, make sure that the hub or router port
that connects the Ethernet-3 card to the packet network complies with the following
recommended configuration:

« Port autoconfiguration must be disabled.
« Port speed must be configured to operate at 100 Mbits only.
« Port must be configured for full-duplex transmission

Please refer to the manufacturer-provided documentation for your particular network hub,
router or switch for specific instructions on configuring its Ethernet ports.

Note: It is not necessary to apply the recommended configuration to ports providing the
outbound connection from the hub or router to the rest of the IP network. This configuration is
required only for the port connecting to the Ethernet-3 card.

Overview of VolIP call routing

When a VoIP license has been enabled, the system creates a new Call-Route profile for each
installed MultiDSP card that supports VolP. The new Call-Route profile sets the Call-Route-
Type parameter teoi p- cal | -t ype, as shown in the following sample profile for a

MultiDSP card in shelf 1, slot 3:

admn> get call-route { { { 130} 0} 3}

[in CALL-ROUTE/ { { { shelf-1 slot-3 0} 0 3 }]
index* = { { { shelf-1slot-3 0} 0} 2}
trunk-group = 0

phone- nunber = ""

preferred-source = { { any-shelf any-slot 0 } 0}
call-route-type = voip-call-type

Thevoi p- cal | -t ype setting enables the system to route VoIP calls to the MultiDSP card.
When the MAX TNT receives a VoIP call on a network line (such as T1 or E1), it routes the
traffic internally on its time-division multiplex (TDM) bus to the MultiDSP card, which

handles VolP-related functions such as audio coder/decoder (codec) processing, RTP and UDP
processing, and so forth.

The MultiDSP card then forwards the packetized traffic on the system’s packet bus to an exit
(egress) interface such as Ethernet or another T1 line. The example path shown in Figure 1
provides a simplified picture of how VoIP calls are routed through the MAX TNT.
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Figurel. Smplified view of VOIP call routing within the MAX TNT
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For details about Vol P call routing and how to fine tuneit, see the MultiVoice for the MAX TNT
Configuration Guide at http://www.ascend.com/doclibrary.

Overview of VoIP in an H.323v2 environment

MultiVoiceis compliant with the ITU-T H.323 standard for the transmission of real-time voice
communications across | P networks. H.323 systems use the IETF standard Real-Time
Transport Protocol (RTP) with codecs for voice and other communications over the Internet.

Vol P-enabled MAX TNT units operate as M ultiVoice Gateways. Callersdial into alocal MAX
TNT through the PSTN. The MAX TNT then communicates with a MultiVoice Gatekeeper to
establish communication channels to afar end MultiVoice Gateway. Workstations running
MVAM software operate as H.323 MultiVoice Gatekeepers, which handle al call control
functions, including bandwidth control, authentication, call-detail recording (CDR), and alias
trandlation.

In the example Gateway and Gatekeeper configuration in Figure 2, two Gateways connect
Caller A to Caller B. A system running MVAM performs the H.323 Gatekeeper functions.
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Figure 2. Example diagram of MultiVoice in H.323 environment
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When Caller A dias Caller B, events such as the following occur:

1 Cadller A dias Gateway 1, and enters his or her PIN authentication (if required) and
Caller B's telephone number.

2 Gateway 1 establishes a session with the Gatekeeper, and then forwards the telephone
number and PIN authentication to the Gatekeeper.

3 The Gatekeeper authenticates Caller A and, if authentication is successful, forwards the IP
address of Gateway 2 to Gateway 1.

4 Gateway 1 establishes a session with Gateway 2.
5 Gateway 2 forwards the call request to Caller B.

6 When Caller B answers the telephone (goes off-hook), voice traffic is tunneled in IP
packets by means of RTP, between Gateway 1 and Gateway 2.

Overview of VoIP in an SS7 IPDC 0.12 environment

In an SS7 environment, VolP-enabled MAX TNT units are MultiVoice Gateways that
communicate with an SS7 signaling gateway to establish communication channels to a far-end
MultiVoice Gateway.

The SS7 signaling gateways initiate and manage call setup and release, and execute call
routing. The signaling gateway communicates call setup information to the MAX TNT using
IPDC 0.12. IPDC message tags define voice encoding type, packet loading, IP and RTP ports,
and other variables used for processing VoIP calls

In the example MultiVoice Gateway and signaling gateway configuration in Figure 3, the
Gateways support VoIP calls controlled by IPDC over intermachine trunks (IMTs) for SS7
calls originating from the PSTN.
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Figure 3. Example diagram of MultiVbice in SS7 environment
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When Caller A dias Caller B, the following events occur:

1

Caller A dials the number for their SS7 service provider plus Caller B's telephone number.
For example, Caller A dials a number such as 10-10-999-1-888-555-1212.

The signaling gateway assembles call routing information, and other information required
to connect the call, such as user authentication and call reporting information.

The signaling gateway then sends an SS7 message to the PSTN to ring Caller B’s
telephone.

The signaling gateway uses IPDC to initiate an RTP/IP connection across the packet
network between Gateway 1 and Gateway 2. The signaling gateway simultaneously sends
IPDC setup information to both Gateway 1 and Gateway 2.

When Caller B answers the telephone (goes off-hook), the signaling gateway converts the
SS7 signals into IPDC packets, and voice traffic is tunneled in IP packets between
Gateway 1 and Gateway 2 by means of RTP.

Gateway 2 passes the IPDC packets to the signaling gateway at the far end, which
converts the IPDC packets to SS7 messages and routes the call across the appropriate
signaling links to Caller B.

In an SS7 environment, values in IPDC message tags override corresponding call management
settings in the default VoIP profile.

General system configuration for VoIP support

Lucent recommends certain IP and call-handling configurations for processing VoIP calls.
Global settings that are required for VoIP communication are also described in this section.

Note: For details about recommended IP settings and routes, deieltiéice for the MAX
TNT Configuration Guide at http://www.ascend.com/doclibrary.

Disabling ICMP Destination Unreachable packets for VoIP calls

For Voice over IP (MolP) calls, UDP for-me packets can arrive at a rate of 200 packets per
second for each direction of each call. If the MAX TNT is not listening on a port for the for-me
packets while setting up or tearing down a call, it returns ICMP Destination Unreachable
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packets at the same rate. To prevent the performance penalty caused by this situation, you can
now configure the system not to send ICMP Destination Unreachable packets.

Caution: Thisfeatureisintended only for Vol P environments. Enabling this feature can
break required behavior for |Pv4 routers, such as Path MTU Discovery.

Following is the relevant parameter, shown with its default setting:

[in IP-GLOBAL]
send-i cnp- dest - unr eachabl e = yes

Par ameter Specifies
Send-1CMP-Dest- Enable/disable sending of | CM P Destination Unreachabl e packets.
Unreachable Thedefaultisyes. If settono, the MAX TNT does not send

ICMP Destination Unreachable packets. Setting this parameter to
No is recommended only for Vol P environments.

The following commands disable transmission of ICMP Destination Unreachabl e packets:

adm n> read i p-gl obal
| P-GLOBAL read

adm n> set send-icnp-dest-unreachable = no

admn> wite
| P-GLOBAL written

Preventing receipt of UDP packets until VoIP calls are set up

When two MultiVoice Gateway systems are establishing the link for transmission of a Vol P
call, both systems do not always complete the call setup at the same time. However, a Gateway
starts sending UDP packets to the other Gateway as soon its own call setup is complete. If the
receiving Gateway has not yet set up its port caches, the shelf controller receives the UDP
packets for a period of time until the call is fully set up. Now, you can prevent receipt of UDP
packets until the link is fully established. Following is the relevant parameter, shown with the
default value:

[in | P-GLOBAL]
throttl e-no-port-match-udp-traffic-on-slot = no

Par ameter Specifies

Throttle-No-Port-Match-  Enable/disable reception of UDP packets for UDP ports currently

UDP-Traffic-On-Slot unknown to the MAX TNT. With the default value of no, the
system behaves as in previous rel eases and sends the unknown
port packetsto the shelf controller for processing. If the parameter
is set to yes, the system discards UDP packets until the UDP port
isknown. The setting of yes isrecommended for MultiVoice
Gateways, to prevent overloading of the shelf controller when both
Gateways do not always complete the Vol P call setup at the same
time.

The following commands enable the system to discard UDP packets until the UDP port is
known:

adm n> read i p-gl obal
| P-GLOBAL read
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adm n> set throttle-no-port-match-udp-traffic-on-slot = yes

admn> wite
| P-GLOBAL written

System settings for VoIP operations

Lucent recommends setting the following parameters, shown with default values, to facilitate
Vol P call handling:

[in | P-GLOBAL]
systemip-addr = 0.0.0.0

[ n ANSVER- DEFAULTS: sessi on-i nf 0]
idle-tinmer =0

[in SYSTEM

max-di al out-tine = 60

paral lel-dialing = 32

country = us

Parameter Recommended Vol P settings

System-I P-Addr In an H.323 environment, set this parameter to the shelf controller

IP address. In an IPDC environment, if the system allocates its
own listen address, set this parameter to the |P address of aLAN
interface other than the shelf controller port.

Idle-Timer For real-time fax or transparent modem calls, set this parameter
should be set to 0 to disable the idle timer and prevent the fax or
modem calls from timing out.

Max-Diaout-Time To alow sufficient time for the MAX TNT to establish the
connection to the called destination, and for consistency with
internal H.323 timers, a setting of 60 is recommended.

Parallel-Dialing To decrease the instances when VoI P callers wait for a silent
interval whilethe MAX TNT completes a call that has been
gueued, a setting of 32 is recommended.

Country Setting this parameter to the appropriate value enables the MAX
TNT to generate country-specific local call-progress tones (such
asdial tone, busy signals, and so forth), based on the ITU-T
specification TSB Circular 18: Update of Supplement No. 2, ITU-T
(former CCITT) Blue Book, Fascicle 11.2 - Various tones used in
national networks. The following country-specific call progress
tones are currently supported by MultiVoice: Argentina, Australia,
Belgium, China, Costa Rica, Finland, France, Germany, Hong
Kong, Italy, Japan, Korea, Mexico, Netherlands, New Zealand,
Singapore, Spain, Sweden, Switzerland, United Kingdom, and the
United States (the default).

For example, the following commands configure the system in arecommended way for Vol P
call handling:

adm n> read answer-defaults
ANSWER- DEFAULTS r ead

adm n> set session-info idle-timer =0

adm n> wite
ANSWER- DEFAULTS written
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adm n> read system
SYSTEM r ead

adm n> set nmax-dialout-tinme = 60
32

adm n> set parallel-dialing
adm n> set country = us

adm n> wite
SYSTEM written

Call route configuration

The MAX TNT Release 8.0-103 supports simultaneous processing of voice and data calls. To
simplify routing of voice and data traffic between the MAX TNT and PSTN:

« Use DNIS-specific trunk mappings for detection of voice calls

* Process data and voice calls on different MultiDSP cards

» Use preferred source routing method (optional) for data call types
e Use trunk routing (optional) for outbound voice calls

Using DNIS-specific trunk mappings

The default VoIP profileyoi p { 0 0 },is a system-wide profile used for processing all
VolP calls. Additional VoIP profiles may be created to simplify processing and routing of VoIP
calls.

User-defined VolIP profiles are used to map incoming calls by identifying all calls associated
with a specific Dialed Number Identification Service (DNIS) string as VoIP calls. See
“Creating user defined VoIP profiles” in tiviultiVoice for the MAX TNT Configuration Guide

for details.

Examples of user defined VoIP profiles

For example, if a user created the following VoIP profiles:

adm n> dir voip
46 12/23/1998 09:48:55 { 0 0 }
31 12/18/1998 09:50:06 { 8093190 0 }
31 12/18/1998 10:07:16 { 8903190 0 }

The MAX TNT will process all calls from the PSTN with these DNIS strings as VoIP calls.
The Voip-Index subprofile distinguishes between the default VolP prebliep { 0 0 },
and any user created VoIP profiles:

adm n> |ist voip-index

[in VOP/{ 8903190 0 }:voi p-i ndex

gat eway- access- nunber = 8903190
far-end-nunber = 0
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This subprofile includes the following parameters..

Par ameter Specifies

Gateway-Access-Number  Thisisthe Dialed Number Identification String (DNIS)
passed from the PSTN associated with the in-bound tele-
phone number used to access the MAX TNT. If the MAX
TNT isconfigured to perform two-stage dialing of Vol P calls,
this would be the telephone number dialed to access the
MAX TNT from the PSTN.

Far-End-Number This value should always be set to 0.

Note: This modification is made after the MAX TNT isinitialized. Once these changes are
committed, save the new configuration to flash memory or atftp server. The saved image may
be retrieved to restore this configuration in the event that aMAX TNT must be re-initialized.

Process voice and data calls on different MultiDSP cards

To enable the simultaneous processing of voice and data calls, you must create exclusive call
routing types for each MultiDSP card. Thisis accomplished by deleting the Call-Route profiles
for call types which should not be accepted for processing by a MultiDSP card.

At startup, up to four default Call-Route profiles are automatically created to handle different
call types. Hash codes on the shelf controller determine which call route type profiles are
created. The MAX TNT uses this profile to control which calls are accepted and processed by
each MultiDSP card. Every possible destination withinaMAX TNT system has one or more
profiles of thistype.

At least four types of Call-Route profiles are created for each installed MultiDSP card, as
illustrated in the following cal | r out e command output:

adm n>cal lroute -d

devi ce # source type tg sa phone
1:03:01/0 1 0:00:00/0 digital-call-type 0 0
1:03:01/0 2 0:00:00/0 phs-call-type 0 0
1:03:01/0 3 0:00:00/0 voip-call-type 0 0
1:03:01/0 4 0:00:00/0 v110-call-type 0 0

The supported profile types for the MultiDSP card include:

Type Description

Digital-Call-Type General digital calls, including 3.1 Khz audio bearer channel calls can
be routed to a device with this call route type. Thisis a host device.
This Call-Route profile has an index of 1.

Phs-Call-Type PHS calls can be routed to a device with this call route type. This
Call-Route profile has an index of 2.

Voip-Call-Type VOIP calls can be routed to a device with this call route type. This
Call-Route profile has an index of 3.
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Type Description

V110-Call-Type Digital calls recognized as containing V.110 rate adapted bearer chan-
nels cat be routed to device with this call route type. This Call-Route
profile has an index of 4.

Depending upon whether the MultiDSP card will process voice or data calls, you should delete
the call types aslisted in the following:

For this default call type Delete the following Call-Route profiles
VoIP calls (voip-call-type) Any-Call-Type, Digital-Call-Type, V110-Cal-Type
Data calls (digital-call-type) Any-Call-Type, Voip-Call-Type

For example, if aMultiDSP card should only process Vol P calls, you would delete the Digital -
Call-Type, V110-Call-Type and the Any-Call-Type profiles for the selected MultiDSP card.

Note: For al locations except Japan, the Phs-Call-Type Call-Route profile need not be deleted
for MultiDSP cards processing voice calls. Currently, PHS calls are only supported by PSTNs

in Japan.

To remove Call-Route profiles execute the following:

1 Usetheshowcommand toidentify all the MultiDSP (madd- car d) cardsinstaled in
your MAX TNT:

adm n>show
Shelf 1 ( standal one ):

{ shelf-1 slot-1 0} uP 8el-card

{ shelf-1 slot-2 0} uP et her 3-card
{ shelf-1 slot-3 0} uP madd- car d

{ shelf-1 slot-4 0} uP madd- car d

{ shelf-1 slot-5 0} uP madd- car d

{ shelf-1 slot-6 0 } uP madd- car d

{ shelf-1 slot-7 0} uP madd- car d

{ shelf-1 slot-8 0} uP madd- car d

adm n>

2 Deletethe Call-Route profiles for each call type a MultiDSP card should not accept. To
delete the Call-Route profile for V110-Call-Type processing on the MultiDSP slot card in
slot 3, execute the following command:

adm n> delete call-route { { {1 3 0} 0} 4}
Del ete profile CALL-ROUTE/{ { { shelf-1 slot-3 0} 0} 41}? [y/n] y

CALL-ROQUTE/{ { { shelf-1 slot-3 0} 0} 4} deleted
admi n>
Repeat this procedure for each Call-Route profile associated with an excluded call type.

Note: This modification is made after the MAX TNT isinitialized. Once these changes are

committed, save the new configuration to flash memory or atftp server. The saved image may
be retrieved to restore this configuration in the event that aMAX TNT must be re-initialized.
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Configuring preferred source routing

Using preferred source routing configuresthe MAX TNT to direct calls from the designated
network device, (such as, T1 or E1 slot cards) to aspecific MultiDSP card. This may be used to
limit the calls aMultiDSP card accepts for processing to a specific T1 or E1 channel, and may
be used for routing data calls.

Thisis accomplished by assigning the address of aT1 or E1 channel to the Preferred-Source
parameter in the Call-Route profiles for each data call type configured for a MultiDSP card.
This address identifies the shelf, slot, and connection associated with a specific T1 or E1 trunk.

To configure preferred source routing, execute the following:

1 Usetheshowcommand toidentify all the T1 or E1 cardsinstalled in your MAX TNT:

adm n>show
Shelf 1 ( standal one ):

{ shelf-1 slot-1 0} uP 8el-card

{ shelf-1 slot-2 0} uP et her 3-card
{ shelf-1 slot-3 0} uP madd- car d

{ shelf-1 slot-4 0} uP madd- car d

{ shelf-1 slot-5 0 } uP madd- car d

{ shelf-1 slot-6 0 } uP madd- car d

{ shelf-1 slot-7 0} uP madd- car d

{ shelf-1 slot-8 0} uP madd- car d
adm n>

2 For each MultiDSP card, change the value assigned to the Preferred-Source parameter in
the Call-Route profile for Digital-Call-Type. To route calls received through any E1
connected on slot 1 to the MultiDSP card in slot 4, execute the following command:

adm n> read call-route { { {1 4 0} 0} 1}
CALL-RQUTE/{ { { shelf-1 slot-4 0} 0} 11} read

adm n>set preferred-source={{1 1 0} 0}

admin>wite

CALL-ROUTE/{ { { shelf-1 slot-4 0} 0} 1} witten

adm n>

You may configure arouting using all the T1 or E1 connections on the ingress card, asin
the example, or specify an individual trunk by identifying a specific port on the ingress
card, for example:

adm n>set preferred-source={{1 1 4} 0}

Repeat this procedure until all T1 or E1 trunks are mapped to MultiDSP cards.

Note: This modification is made after the MAX TNT isinitialized. Once these changes are
committed, save the new configuration to flash memory or atftp server. The saved image may
be retrieved to restore this configuration in the event that aMAX TNT must be re-initialized.

Use trunk routing (optional) for outbound voice calls

Trunk routing of outbound Vol P callsis used to control alocation of T1 or E1 trunksfor voice
calls. The MAX TNT, which connects a Vol P call to the destination telephone number, can
automatically route calls to the PSTN using atrunk group selected by the MAX TNT which
initiated the call.

To utilize automated trunk routing:
e Trunk groups must be enabled on both MAX TNTs used to connect the call
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+ Both MAX TNTSs should have the same number of T1 or E1 trunks available for
connecting VoIP calls

« Both MAX TNTs must utilize the same trunk numbering scheme

When trunk prefixing is enabled, the MAX TNT obtains the trunk group number of the ingress
T1 trunk from the r unk- gr oup setting in the T1 line profile, and prefixes it to the detected
DNIS, the destination telephone number. The MAX TNT modifies Q.931 Called Party
Number information element (IE) in an H.225/Q.931 SETUP message, sending the DNIS
number prefixed by the incoming trunk number to the MAX TNT which connects the voice
call.

When the destination MAX TNT dialsthe call, it will connect the call to the PSTN using a
trunk assigned to the requested trunk group.\

Enabling trunk groups
To enable automated trunk group processing of VoIP calls, you must configure the following:

Parameter Profile Value(s) Description

Use-Trunk-Groups System Yes This parameter enables the use of trunk
groups for all network lines. When this
parameter is enabled, all channels must
be assigned a trunk group number for
outgoing calls.

Num-Digits-Trunk-  System 1-4 This parameter sets a limit of the number

Groups of digits that may be used to designate
trunk groups. The value assigned this
parameter limits size of the values
assigned to the Trunk-Group parameter to
one- through four-place numbers.

Trunk-Group TlorE1l 1-9999 This parameter assigns a channel to a
trunk group. In a T1 or E1 profile, the
default is 9. Individual channels may be
assigned to different trunk groups.

Trunk-Prefix-Enable  Woip{xx} Yes This parameter enables outbound routing
of VoIP calls over trunk groups from the
ingress MAX TNT. The ingress MAX
TNT will send the trunk group address as
part of the dial string for the destination
telephone number.

VoIP call management and performance settings

In an H.323 environment, settings in the default VoIP profile are used for processing all VoIP
calls. In an SS7 environment, settings in the default VoIP profile are used only for settings that
are not superseded by values in IPDC messages.

For details about VoIP profile settings that are new in MAX TNT TAOS 8.0-103\esee
\oIP profile settingsin MAX TNT TAOS 8.0-103 on page 23.
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New VoIP profile settings in MAX TNT TAOS 8.0-103

The following parameters (shown with default values) are new or modified in MAX TNT
TAOS 8.0-103:

[in VOP/ { 00 }]
gk-m g-control = no
signal i ng-nodel = early-alerting

[in VOP/{ O 0 }:rt-fax-options]
packet - r edundancy = no

fi xed- packets = yes

max-rate = 9600

Parameter Specifies

Gk-MIg-Control The Gk-MIg-Control parameter enables the MultiVoice Gateway
to accept and process call-specific administration instructions
from a MultiVoice Access Manager, Release 3.0. When enabled,
the gateway may apply call-specific processing instructions, for
PIN authentication, single- or two-stage dialing, voice
announcement playback, and configuring call timers for pre-paid
billing. Values received from MVAM, or athird party billing
system, will override parameter settingsinthe Voip{ X X } profile
for processing the current Vol P call.

Rules used for performing call-specific administration are
configured on MVAM, and are used when partitioning MultiVoice
Gatewaysinto multiple logical gateways. This allows MVAM to
administer asingle physical gateway asif it were multiple
gateways, partitioning the gateway according to trunk groups,
DNIS, time of day, etc.

Signaling-Model This parameter controls processing of the H.245 startup procedure,
by defining the relationship between H.323 alert messaging and
PSTN alerting. This parameter creates avirtual inband pipeline for
call signal processing by mapping PSTN actions into H.323
actions. When enabled, the H.245 startup information delivered in
the Call Proceeding message provides for more transparent PSTN
signaling behavior.

Packet-Redundancy This parameter sets the packet redundancy scheme and jitter
buffering for Multivoi ce Real-time fax over un-managed networks
(such as, the public internet). When enabl ed, this parameter causes
aMAX TNT to append the designated number of previously sent
fax packets onto the current packet. On networks experiencing
measurable packet loss, thisimproves the reliability of the fax
transmission.

Fixed-Packets This parameter lets customers disable the jitter buffer and packet
redundancy scheme for Real-time fax calls. When packet
redundancy is disabled, a MultiVoice Gateway running a
pre-8.0-103 software rel ease can process Real -time fax callsto and
from a MultiVoice Gateway running the 8.0-103 software.
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Parameter Specifies

Max-Rate This parameter sets the maximum data transmission rate allowed
for a T.38 fax session configurable on a MultiVoice Gateway.
This provides customers with a means to regulate the bandwidth
used for fax sessions on their networks.

Configuring multiple logical gateways (MLG)

Using gatekeeper controlled multiple logical gateways is a method of performing call-specific
administration of H.323 VoI P calls. The following call control functions may be used for
partitioning one physical MultiVoice Gateway into multiple logical gateways from the
gatekeeper:

e PIN prompting

« Single-stage dialing

« Two-stage dialing

e \oice announcement playback

e Configurable call timers for pre-paid and credit card billing systems

The MultiVoice Access Manager (MVAM) analyzes call performance data (trunk group, dsO
status and call activity), received when a gateway performs periodic keep-alive registration.
When MVAM responds to subsequent call requests from each gateway, the Admission
Conformation (ACF) message will include any changes defined for the aforementioned call
administration parameters. The gateway applies the parameter changes received from MVAM
to the current call request. This information is stored as part of the non-standard data included
in registration, admission and status (RAS) messages exchanged by the gateway and
gatekeeper for each call.

Warning: Dynamic call control and multiple logical gateways are only supported in Multi-
Voice networks running TAOS Release 8.0-103 on the gateways and MVAM Release 3.0 on
the gatekeepers. These features are not supported in MultiVoice networks where gatekeepers
are running Release 2.x of the MultiVoice Access Manager.

Previously, all H.323 call management features were configured globally, on each MultiVoice
Gateway, using the values assigned in the VOIP Options profile. Now, utilizing status
information reported by MultiVoice Gateways, a gatekeeper running MultiVoice Access
Manager, Release 3.0 may send instructions to the ingress gateway which override global call
management settings. The decision to override the global call management settings may be
based upon reported ingress trunk or DSO groups, Caller ID, time-of-day, gateway, etc.

The rules used to apply overrides to H.323 call management parameters are configured on
MVAM. These parameter changes are useful when partitioning MultiVoice Gateways into
logical gatewayd.ogical gateways, defined on MVAM, treat selected trunk groups on a
MultiVoice Gateway as if they were a unique VoIP gateway. Initially, MultiVoice Gateways
must have T1, T3 and PRI trunks to support logical gateways. A MultiVoice Gateway won't
know about its logical gateways, only MVAM does. However, a gateway must be configured
to apply instructions received from MVAM when processing the current call.

Note: While BRI lines may still be used for VoIP, the multiple logical gateway features are not
supported on MultiVoice Gateways using BRI.
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MVAM may enable call-specific administration based upon the reported DNIS, ANI, trunk
group and DS0 information, or any combination of that data, which are all reported in the first
ARQ from the gateway.

Dynamic PIN authentication

When the multiple logical gateway feature is enabled on aMultiVoice Gateway, any incoming
call request will immediately send an ARQ to MVAM which includes:

. DNIS, when available
. ANI, when available
. Trunk group and DSO status changes

If the ARQ includes all the information necessary to route the call, MVAM will send an ACF
message to the gateway. The gateway will then process the call as if the following VoIP
parameters were set to these values:

vpn- node=yes
si ngl e-di al - enabl e=yes

If MVAM, or a third party billing application used with MultiVoice, requires PIN
authentication for this call, an Admission Reject (ARJ) message is issued directing the
gateway to setpn- node=no for this call. The gateway will then resume call handling as if
the call had just arrived from the PSTN, but prompt for authenticationpsifrode=no)
before continuing with call processing.

Dynamic single-stage and two-stage dialing

When the multiple logical gateway feature is enabled on a MultiVoice Gateway, any incoming
call request will immediately send an ARQ to MVAM which includes:

. DNIS, when available
. ANI, when available
. Trunk group and DSO status changes

If the ARQ includes all the information necessary to route the call, MVAM will send an ACF
message to the gateway. The gateway will then process the call as if the following VoIP
parameters were set to these values:

vpn- node=yes.
si ngl e-di al - enabl e=yes

If MVAM, or a third party billing application used with MultiVoice, requires a caller perform
two-stage dialing for this call (dialing the destination telephone number after dialing into the
MultiVoice Gateway), an Admission Reject (ARJ) message is issued directing the gateway to
setsi ngl e- di al - enabl e=no for the call. The gateway will then resume call handling as

if the call had just arrived from the PSTN, but prompt the caller to enter the destination
telephone numbes{ ngl e- di al - enabl e=no) before continuing with call processing.

Static announcement branding

When the multiple logical gateway feature is enabled on a MultiVoice Gateway, MVAM, or a
third party billing application, may select a set of voice announcements for playback from
multiple sets of voice announcements stored on the gateway. This is knbrandisg.
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By sending either an ARJ or ACF message, containing an announcement directory specifier,
the gateway will playback voice announcements from the named directory on the pc-flash card
for the current call.

Executing the branding instructions, the gateway will search for the voice announcement
directory using the value assigned to the Voice-Ann-Dir parameter. Whenvoi ce- ann-

di r=/ current (default), when MVAM requests a specific directory (brand) of

announcements for acall, the gateway will search for those announcements starting in the
/current directory. For example, if MVAM specified “italian”, the gateway would search for
announcements in the directdrgurrent/ital i an/ .

Note: It is recommended that only four “brands” of static announcements are used, due to
limitations in the announcement cache size. Using more than four will degrade announcement
quality and overall gateway performance.

Configurable call timers

This release of MultiVoice supports the use of configurable call timers, controlled by MVAM
or a third party billing application, which support timed billing plans (such as: pre-paid phone
cards, pre-paid cellular accounts).

Using an ACF message, MVAM or a third party billing application, set the following timers:

Timer Description

Call countdown timer  This timer sets the time remaining before a gateway disconnects
the current call. When this timer expires, the gateway will play an
announcement that time has expired and disconnects the call.

» By default, once the timer is set on the gateway, the
h323dr g. au announcement file is played back for the
caller upon call termination

» If the MVAM or third party billing application uses its own
countdown timer, the announcement specifier in an
Disengage Request (DRQ) massage may be used to select a
different announcement file for playback upon call

termination
Call disconnect warningThis timer specifies when a call disconnect warning
timer announcement will be played for the caller. This announcement
alerts the caller to the time remaining before this call is
terminated.

» By default, once this timer is set on the gateway, the
h323bki n. au announcement file is played back for the
caller when this timer expires

* If the MVAM or third party billing application uses its own
disconnect warning timer, the announcement specifier in an
Interrupt Request (IRQ) massage may be used to select a
different announcement file for playback when this timer
expires

26

MAX TNT TAOS 8.0-103 (MultiVoice) Addendum



MultiVoice features in MAX TNT TAOS 8.0-103
MultiVoice operations

New Trunk and Call status reporting

Each MultiVoice Gateway reports its current call processing status as part of a Registration
Request (RRQ) message to MVVAM. This message includes data on trunk, trunk group and DSO
status. The initial RRQ message, sent to MVAM when a gateway isinitialized, will contain a
full report on all the trunks used by the physical gateway. The RRQ messages sent during
keep-alive registration include only the status changes since the previous registration message.

H.323 call-specific administration messages

Call administration information is transmitted as part of the non-standard data included in
registration, admission and status (RAS) messages exchanged between the gateway and
gatekeeper for each call. This data consists of a set of parameters using URL encoding, as
described in RFC 1738, with each parameter composed of a set of attribute value pairs.

This non standard data may include the following call administration information:

« ANI/CLID
* Conference identifier
e User PIN

* Inbound or outbound trunk identification

« Enable voice announcement playback

« Select voice announcement playback

e Internal call timer and disconnect timer settings

e Callfailures

e Callresults

e Trunk group and DSO status information

« Available digital signal processors (DSPs)

* Maximum number of calls a MultiVoice Gateway may support

DSO0 Status (in-service/out-of-service)

A MultiVoice Gateway reports trunk, trunk group, and DSO information to MVAM for each
trunk. This includes:

e Trunk group
e Physical address
« DSO service status (in-service or out-of-service)

Note: A DSO is in-service for a logical gateway when it belongs to the associated trunk
group and is in the “up” state. Information regarding DSO activity (in-use, free) is not
reported via RRQ. This is handled separately. traced from the per-call trunk/DS0 reporting
mentioned below.

Trunk groups and physical address (shelf, slot, etc.) information are provided to MVAM to
allow dynamic tracking of DSO activity and trunk group assignments, and provided for future
support of DSO selection by physical-address for outbound PSTN calls.

Full trunk and DSO status reporting is performed only when necessary, enhancing gateway
performance. Full RRQ’s are used to report complete trunk and DSO0 information, usually when
a gateway is initialized or else when requested by MVAM. Lightweight RRQ’s are used to
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report only status changes for trunk and DSO0 information. MVAM may request compl ete trunk
and DSO0 information by responding to alightweight RRQ with a Registration Reject (RRJ)
message containing areject reason of Ful | Regsi trati onRequi r ed.

Note: Currently, trunk and DSO statusis not reported for BRI lines. Only the following
information is reported for MultiVoice Gateways using BRI:
*  Number of idle VOIP ports.

» value of maxCalls in VOIP profile.

Trunk and DSO reporting (per call)

For each call processed by a MultiVoice Gateway, trunk group and physical address
information for the DSO connection are reported. This information is sent from the gateway to
the gatekeeper as non-standard datain these registration, admission and status (RAS)
messages, for the following call types:

M essage Call type Trunk or DSO information

Admission Request Inbound (from PSTN) The trunk group and physical

(ARQ) address of the DS0 upon which the
cal arrived.

Bandwidth Request Outbound (to PSTN) The trunk group and physical

(BRQ) address of the DSO upon which the
call went out.

Disengage Request Inbound (from PSTN) The physical address of the DSO.

(DRQ) and Outbound (to PSTN) | For outgoing PSTN calls, the trunk
group or DSO0 information may not
be present.

Disengage Inbound (from PSTN) The trunk group and DSO

Confirmation (DCF) and Outbound (to PSTN) informati_on for gatekeeper-initiated
call terminations.

Trunk and DSO selection (per call)

Currently, MultiVoice Gateways only support trunk-group based routing for outbound PSTN
calls. To do this, using trunk groups must be enabled in the System profile of each gateway in
the MultiVoice network. Each T1 must also be assigned a trunk group.

Note: Trunk groups should only be assigned at the T1 level.

The physical address information collected by the gateway for each DSO0 is used currently by
MVAM to dynamically track DSO activity. It is currently not used for DSO to DSO linking. In
the future, both trunk group and/or physical address information will be available for DSO
selection on the gateway. When this happens, trunk groups should only be used when
processing both Vol P and data calls on the same gateway. Otherwise, only gatekeeper,
physical-address based, DS0 routing should be used.
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Usage: Thisfeatureis enabled or disabled by assigning either Yes, enabling processing of
call-specific administration instructions, or No (default), reverting global administration of
Vol P calls using the values set in the Voip { X X } profile.

The following example illustrates how to enable multiple logical gateway processing on this
MAX TNT:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set gk-ml g-control =yes

admn> wite
VOP/{ 00} witten

Dependencies. This parameter has the following dependencies:
e If gk-m g-cont rol =yes, the value of Vpn-Mode defaults k& A
e If gk-m g-cont r ol =yes, the value of Single-Dial-Enable defaultd\bA

e Changes to this parameter are effective with the next VoIP call

Location: Voip { X X}

Configuring the H.245 pipeline signal model

By tying the H.323 Alert messaging to PSTN Alerting, the gateway conveys H.245 startup
information on top of the Call Proceeding message. This creates a virtual inband pipeline for
call signal processing by mapping PSTN actions into H.323 actions.

In all cases, the H.245 connection information is included in all H.323 messages
(Call Proceeding, Alerting, and Connect). This enables a gateway to provide the support for
the following inband messaging modes:

Inband messaging mode Description

Early alerting In this mode, the H.323 Call Proceeding message is sent upon
receipt of the Admission Confirmation (ACF) from the
gatekeeper, the H.323 Alerting message is sent upon receipt of
WAN inband notification from the outdialed trunk, and an
H.323 Connect message is sent up receipt of the PSTN Connect
message.

Slow proceeding In this mode, the H.323 Call Proceeding message is sent upon
receipt of WAN inband notification from the outdialed trunk,
an H.323 Alerting message is sent upon receipt of the
PSTN Alerting message, and the H.323 Connect message is
sent upon receipt of the PSTN Connect message.

Fast proceeding In this mode, which is recommended for use over high latency
links, the H.323 Call Proceeding message is sent upon receipt
of the Admission Confirmation (ACF) message from the
gatekeeper, an H.323 Alerting message is sent upon receipt of
the PSTN Alerting message, and the H.323 Connect message is
sent upon receipt of the PSTN Connect message.
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Usage: The Signaling-Model parameter sets the inband messaging mode used by the gateway
when mapping H.323 alert messaging and PSTN alerting, and accepts the following values.

Parameter value Description

early-alerting This value (default) enables inband call signal processing on a
gateway using the Early Alerting inband messaging mode.

sl ow proceedi ng This value enables inband call signal processing on a gateway
using the Slow Proceeding inband messaging mode.

fast - proceedi ng This value enables inband call signal processing on a gateway
using the Fast Proceeding inband messaging mode.

The following example illustrates how to change the default value of the Signaling-Model
parameter.

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set signaling-nodel =f ast - pr oceedi ng

adm n> wite
VOP/{ 00} witten

Dependencies: Changes made to the Signaling-Model parameter take effect with the next
VolP call.

Location: Voip{ xx}

Enabling fax packet redundancy

Redundant packet data is defined as the last n packets transmitted appended to the current
packet. The value of nis set through the CLI using the Packet-Redundancy parameter. Once
defined, this parameter controls processing of several hundred milliseconds of packet jitter and
allows the optional transmission of redundant packet data for fax calls across networks
experiencing instances of packet 1oss and packet jitter.

Assigning the Packet-Redundancy parameter avalue (such as, packet -r edundancy = 4),
will cause MAX TNT to append that number of previously sent packets onto the current
packet. On networks experiencing measurable packet |oss, thisimproves the reliability of the
fax transmission.

Depending upon the amount of measurable packet loss for a network, the redundancy
parameter should be set accordingly:

Network condition Recommended value(s)
Packet loss occurs in frequent bursts. 1-5
Occasional packet loss (less than one 0 (default)
percent)

Occasional packet loss (greater than one 1-2

percent)
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The additional bandwidth required for each fax call increases proportionally to the level of
redundancy, adding 50 bytes of packet data per increment. To support this feature, MultiVoice
requires Real-time fax support be enabled on the MultiVoice Gateway. This may be verified by
checking the Base profile for ther t - f ax- enabl ed=yes entry.

This enhancement uses adlip buffer to :

« Allow MultiVoice Real-time fax to tolerate packet jitter

« Keep the modem fed with data, preventing modem underrun

Fixed sized packet format

The packet redundancy scheme uses a fixed-size packet format, consisting of a 49-byte
payload, a prefixed sequence number, and a length field which precedes the payload data.
When packet redundancy is enabledength payload pairs are added at the end of the packet;
wheren is the value of the Packet-Redundancy parameter. Previously, MAX TNT sent variable
length packets that were guaranteed to be zero terminated; allowing Class 1 modems to
underrun gracefully.

Usage: The Packet-Redundancy parameter accepts values from 0 through 5, directing
MultiVoice to append the designated number of previously transmitted fax packets to the
current packet, as follows:

Parameter value Specifies
0 No change from the default packet behavior.

1 Append and send the previous fax packet with the
current fax packet.

2 Append and send the two previous fax packets with
the current fax packet.

3 Append and send the three previous fax packets
with the current fax packet.

4 Append and send the four previous fax packets with
the current fax packet.

5 Append and send the five previous fax packets with
the current fax packet.

The following example illustrates how to change the default value of the
Packet-Redundancy parameter.

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set packet-redundancy=4
admin> wite
VOP/{ 00} witten
Dependencies. The following dependencies apply to this parameter:
e Once saved, packet redundancy is enabled with the next VoIP call

* This value is set tbl A whenfi xed- packet s=no.
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Location: Voip{x x} >Rt-Fax-Options

Enabling fixed-sized fax packets for backwards compatibility

The Fixed-Packets parameter disables use of redundant packets and the slip buffer for
MultiVoice Real-time fax, enabling the pre-8.0-103 rel ease fax packet scheme. When enabled,
fax calls are processed using variable length packets that are zero terminated; allowing Class 1
modems to underrun gracefully.

The packet sequence numbering introduced in Release 8.0-103 for Real-time fax required a
format change, creating high speed data packets. When these packets are absent (such as, afax
call isinitiated from a MultiVoice Gateway running a pre-8.0-103 software rel ease) the
MultiVoice Gateway interprets image data as sequence data. Also the smaller packets
forwarded by the new code rely on the slip buffer to keep the modem fed with data or it will
drop carrier.

Usage: When the value of this parameter isyes, the default, the pre-8.0-103 fax packet
scheme s enabled. When the value of this parameter is no, jitter buffering and packet
redundancy for Real-time fax processing is enabled.

The following example illustrates how to enable multiple logical gateway processing on this
MAX TNT:

adm n> read voip { 0 0}
VO P/ { 0 0} read

adm n> set fixed-packets=no

admn> wite
VOP/{ 00} witten

Dependencies. The following dependencies apply to this parameter:
e Once saved, the selected packeting scheme is enabled with the next fax call
* When this value is set §ces, thenpacket - r edundancy=n/ a.

Location: voip{x x}>rt-fax-options

Configuring the fax data transmission rate

The Max-Rate parameter allows MultiVoice to modify the rate negotiation between the
originating and destination fax terminals. This improves the reliability of the fax transmission
by reducing the number of lost or repeated packets which occur during high rate transmissions,
and reduces the required bandwidth for fax transmissions.

The fax transmission rate is regulated by modifying the content of the Digital Identification
Signal (DIS) frame transmitted from the destination fax. Upon receipt of that DIS frame, the
originating fax will use the data transmission rate specified by the Max-Rate parameter (or
slower), and a corresponding modulation type. The content of the DIS frame is defined in the
ITU Telecommunication sector standard (ITU-T) T.Bfycedures for document facsimile
transmission in general switched telephone networks.

Changing the Max-Rate parameter modifies the high speed data transmission rate reported by
the destination fax, and masks certain modulation types associated with higher fax
transmission speeds. For example, when the data rate is set for 9600 bps, V.17 and V.33 are
disallowed even though V.17 supports 9600 and 7200 bps. This implementation is used
because:
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e The DIS frame can specify only the supported modulation types for the highest selected
transmission speeds at the destination fax,

* The calling fax terminal requires “training” to match the supported modulation.

Usage: Values assigned to the Max-Rate parameter cause MultiVoice to do the following:

Parameter value Specifies

14400 Default. Mask the fax capabilities in the DIS frame
that support fax data transmission at rates higher
than 14,400 bps.

9600 Mask the fax capabilities in the DIS frame that
support fax data transmission at rates higher than
9,600 bps.

4800 Mask the fax capabilities in the DIS frame that
support fax data transmission at rates higher than
4,800 bps.

2400 Mask the fax capabilities in the DIS frame that
support fax data transmission at rates higher than
2,400 bps.

The following example illustrates how to set the fax data transmission rates:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> list rt-fax-options
[in VOP/{ 0 0 }:rt-fax-options]

adm n> set max-rat e=9600
admin> wite
VOP/{ 00} witten
Dependencies. This parameter has the following dependencies:
e This parameter is N/A whert - f ax- enabl e=no.
e Changes made to this parameter are enabled for the next VoIP call.

Location: Voip{X X}->Rt-Fax-Options

Modified E1 profile settings in MAX TNT TAOS 8.0-103

The following parameters (shown with new values) are new or modified in MAX TNT TAOS
8.0-103:

[in EZ/{ 1 1 5 }:line-interface]
signal i ng-mbde = dtnf-r2-signaling
nunber-conpl ete = 15-digits
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Par ameter Specifies

Signaling-Mode This parameter has been enhanced to allow processing of Dual
Tone Multi-Frequency (DTMF) tones over R2 signaling trunks by
MultiVoice Gateways. This modification allows the MAX TNT to
recognize and respond to either country specific R2 signaling
(MFC-R2) or DTMF signaling over trunks supporting standard R2
signaling.

Number-Complete This parameter has been enhanced to allow collection of up to 15
digits for R2 dial strings without waiting for end-of-pulse
signaling.

Enabling DTMF-RZ2 signal processing

A new option added to the Signaling-Mode parameter allows MultiVoice Gateways to support
DTMF R2 signaling generated by smaller European network switches and PBXs. MultiVoice
implements DTMF tone processing using the R2 signaling standard defined by the
International Telecommunications Union Telecommunication sector standard (ITU-T) Q.400,
Foecifications of Sgnaling System R2 Definition and Function of Sgnals-- Forward Line
Sgnals.

To support DTMF-R2 detection, MultiVoice requires the fol lowing:

e Connection to E1 trunks attached to a switch that supports the ITU-T R2 signaling
standard

« The switch must generate and/or relay the high-frequency/low-frequency tone
combinations generated by normal touch tone dialing to the MultiVoice Gateway

« E1/R2 signaling must be enabled on the MultiVoice Gateway. This may be verified by
checking the Base profile for th€- si gnal i ng- enabl ed=yes entry

Detection of DTMF R2 signals is enabled from the E1 line profile.

DTMF tone detection

When processing tones for DTMF R2 signaling, the MultiVoice Gateway will:

< Upon detection of an inbound call, allocate a DSP for detecting DTMF tones; capturing
DTMF digits as they are received from the switch.

« Upon receipt of an outbound call (from the packet network) allocate a DSP for generating

DTMF tones; sending the first DTMF tone for 70ms, followed by 70ms of silence. This
tone/silence sequence is repeated until all digits are sent to the telephone switch.

Usage: Setting the value of the Signaling-Mode parameteittof - r 2- si gnal i ng value
enables the MAX TNT to recognize and respond to the DTMF R2 signal set during voice and
data calls.

The following example illustrates how to enable multiple logical gateway processing on this
MAX TNT:

admin>read el { 117}
El/{ 1 17 } read

adm n> set signaling-nmode=dtnf-r2-signaling

adnmin> wite
El/{ 117} witten
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Dependencies. The following dependencies apply when

si gnal i ng- node=dt nf -r 2-si gnal i ng:

* Once selected, DTMF R2 detection is enabled with the next VoIP call

« DTMF R2 detection is only supported when R2 signal processing is enabled for this
MultiVoice Gateway.

Location: E1 { x x x }>Line-Interface

Collecting 15-digit dial strings

The Number-Complete parameter may now be used to configure a MAX TNT to collect 15-
digit dial strings off of E1 trunks supporting inband CMF R2. This allows a MAX TNT to
interoperate with European telephone systems that use E.164 addresses which are up to 15
digits long, without waiting for an end-of-pulse signal.

Previously, MultiVoice Gateways could be configured to collect dial strings of up to only 11
digits. For European networks using dial strings that were 12 digits or longer, a

MultiVoice Gateway could only be configured to wait for the end-of-pulse signal to confirm it
received all the dialed digits.

Usage: This parameter now accepts values fi@ndi gi t s throughl5-di gi ts, orend-
of - pul se as valid entries.

The following example illustrates how to enable multiple logical gateway processing on this
MAX TNT:

admin>read el { 117}
El/{ 1 17 } read

adm n> set nunber-conpl ete=15-digits

adm n> wite
El/{ 1 17} witten

Dependencies. The following dependencies apply to this parameter:
e Changes are applied with the next VoIP call

e This parameter defaults M} A when the Signaling-Mode parameter is assigned the
following values:

— el-kuwait-signaling
— isdn

— p7

— dpnss

— none

Location: E1 { x x x }>Line-Interface

New VoIP profile settings in MAX TNT TAOS 8.0.1

The following parameters (shown with default values) are new or modified in MAX TNT
TAOS 8.0.1:

[in VOP/{ 0 0 }]
voi ce-ann-dir = /current
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al l owg711-fall back = yes

al | ow coder-fall back = yes
choose-dsp-via = voi p-centric
t runk- qui esce-enabl e = no
earl y-ringback-enable = no
trunk-prefix-enable = no

Par ameter Specifies

Voice-Ann-Dir Location of voice announcement files on a PCMCIA flash
memory card in the MAX TNT unit. In previous releases, the
value was read-only. In MAX TNT TAOS 8.0-103, administrators
can create directories on the flash memory file system and specify
alocation for voice announcement files. See Storing voice
announcementsin the FAT-16 flash memory file system on page 36.

Allow-G711-Fallback Enable/disable selection of the G.711 codec if the Gateway is
unableto select its preferred codec. This parameter does not apply
if Allow-Coder-Fallback is set to no. For details, see Allowing
fallback to alternate codecs on page 37.

Allow-Coder-Fallback  Enable/disable selection of an alternate codec if the Gateway is
unableto select its preferred codec. For details, see Allowing
fallback to alternate codecs on page 37.

Choose-DSP-Via Not currently supported.

Trunk-Quiesce-Enable  Enable/disable deactivation of a T1 PRI line when a Gateway is
unavailable. For details, see Deactivating trunks used for Vol P
calls on page 37.

Early-Ringback-Enable  Enable/disable generation of an early ringback tone on networks
experiencing long call setup times. If the parameter isset toyes,
the near-end Gateway plays aringback toneto the caller as soon as
acall connection is established with the far-end Gateway.

Trunk-Prefix-Enable Enable/disableidentification of the entry (ingress) trunk number to
the exit (egress) Gateway or call signaling entity by prepending
the ingress trunk number to the DNIS number.

Storing voice announcements in the FAT-16 flash memory file system

By default, MultiVoice callers are notified of call progress by DTMF-based tones. The tones
report easily recognized call states such as ringback, busy signal, and so forth, as well as tones
specific to MultiVoice, such as PIN prompt, which are not as easily recognized by callers. In
previous MultiVoice releases, the MAX TNT introduced support for the playback of custom
voice announcementsto callers to indicate call progress. For details about how voice
announcements work, and for information about managing them in the MAX TNT, seethe
MultiVoice for the MAX TNT Configuration Guide at http://www.ascend.com/doclibrary.

With MAX TNT TAOS 8.0-103, you can create directories on the flash memory file system
and specify alocation for voice announcement files. After creating the directory on aflash card
and moving voice announcement filesinto it, specify the pathname in the Voice-Ann-Dir
setting. For example, the following commands create a directory named nessages and a
subdirectory named announce on the flash card in dot 1:

adm n> nkdir 1/ messages

adm n> nkdi r 1/ messages/ announce
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The following command |oads a voi ce-announcement file named busy. au fromaTFTP
server at 10.10.10.10to the/ cur r ent directory on flash card 1 (flash card 1 is the default):

adm n> load file network 10.10.10.10 busy. au

The following command movesthe busy. au file to the new subdirectory on flash card 1:

adm n> mv 1/ current/busy. au 1/ messages/ announce/ busy. au

The following commands inform the M ultiVoice subsystem of the location of the voice
announcement files:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set voice-ann-dir = /messages/announce

admn> wite
VOP/{ 00} witten

You can specify a pathname up to 40 characters long. When the system receives a request to
play an announcement, it looks in the specified directory on the flash card in slot 1. If the card
is not present or the voice announcement file is not found, the system looks for the specified
directory on flash card 2.

Allowing fallback to alternate codecs

Voice is transmitted across an | P network as compressed audio frames. The Packet-Audio-
Mode parameter in the default Vol P profile specifies the preferred audio codec used by the
Gateways to compress and uncompress anal og speech and digital audio frames.

In MAX TNT TAOS 8.0-103, you can set the following parameters (shown with default
values) to specify how the system behaves when the preferred codec is not supported:

[inVOP{ 00 }]
al  ow-g711-fall back = yes
al | ow coder-fall back = yes

Normally, an H.323 stack advertises alist of supported audio codecs. If the preferred codec is
present on alist received from afar-end Gateway, that codec is always selected. Otherwise, the
system selects an alternate codec that matches one from its supported list.

The Allow-Coder-Fallback parameter can be set to no to override the default system behavior
and force the Gateway to reject the call if it is unable to select its preferred codec. If this
parameter is set to no, the Allow-G711-Fallback parameter has no effect.

If Allow-Coder-Fallback parameter is set to yes, you can set the Allow-G711-Fallback
parameter to no to prevent the system from selecting the G.711 codec when selecting an
alternate codec. In this case, the system terminatesthe call if G.711 isthe only available choice
and it is not the preferred code. This setting affects Vol P, fax, and transparent modem calls.

Deactivating trunks used for VoIP calls

Thetrunk deactivation feature enables M ultiVoice Gateways to automatically deactivate trunks
used for VoI P calls when a Gateway becomes unavailable. This feature allows Gatekeepersin
the MultiVoice network to route calls to other available Gateways, to use network resources
more efficiently and improve service quality for users.
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Note: Inthisrelease, only T1 trunksthat use ISDN PRI signaling and have been configured
for Vol P can be deactivated system-wide by using this feature.

Trunk deactivation prevents the PSTN switch from routing subsequent calls to the trunks
configured for Vol P. Current calls remain active until those calls are terminated by the caller or
PSTN. When trunk deactivation is enabled, trunks configured to accept Vol P calls are made
unavailable to the PSTN under the following conditions:

* A Gateway cannot register with either a primary or secondary Gatekeeper.

« A Gateway’s trunk connection with the PSTN is unavailable, so that Gateway is forced to
unregister itself from its Gatekeepers.

Previously, when a Gateway could not register with the primary and secondary Gatekeeper, the
caller heard a fast busy signal because the PSTN switch continued to route calls to the trunks
on that Gateway. Deactivating the trunk changes the trunk state to inform the PSTN switch
aware that those trunks are not available.

Previously, when a VolIP call could not connect because a trunk was not operating, the caller
heard a fast busy signal, because the Gatekeeper continued to route calls to that Gateway as
long as it remained registered. Deactivating the trunk forces the Gateway to unregister from all
known Gatekeepers, which causes the Gatekeepers to reroute new calls to other Gateways.
When any one of the Gateway’s trunks comes back in service, that Gateway starts registering
itself with one of its known Gatekeepers. The Gatekeeper then begins to route calls to this
Gateway.

The following commands enable trunk deactivation for T1 PRI lines configured for VolIP:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set trunk-qui esce-enable = yes

adm n> wite
VOP/{ 00} witten

Enabling early ringback

For certain VolIP network configurations, such as satellite IP networks, wireless networks, or
networks using channel-associated signaling (CAS) trunks, call setup times can be quite long.
Callers might hang up before the call completes because they hear no call progress tones until
RTP carries ringback from the far end PSTN. Early ringback allows the MAX TNT to generate

a ringback tone locally, as soon as the call is started on the far-end Gateway.

Note: Early ringback is intended for use only on networks that experience long call setup
times. Its use for other network configurations is not recommended, and might result in
erroneous ring-to-busy and ring-to-failure announcements.

The following commands enable early ringback:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set early-ringback-enable = yes

adm n> wite
VOP/{ 00} witten
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Trunk prefixing

Trunk prefixing enablesthe MAX TNT to identify the entry (ingress) trunk number to the exit
(egress) gateway or call signaling entity by prepending the ingress trunk number to the DNIS
number. Trunk groups must be in use system-wide.

When trunk prefixing is enabled, the system obtains the trunk group number of theingress T1
trunk from thet r unk- gr oup setting inthe T1 line profile, and prependsit to the detected
DNIS number. The Q.931 Called Party Number information element (IE) in an H.225/Q.931
SETUP message then contains the DNIS number prefixed by the incoming trunk number. The
destination address value of the SETUP user-to-user information element (UUIE) is not
currently encoded.

For example, the following commands enable trunk prefixing, beginning with the next Vol P
cal the MAX TNT receives:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set trunk-prefix-enable = yes

adnmin> wite
VOP/{ 00} witten

Real-time fax

MultiVoice real-time fax uses the Vol P framework for call establishment, fax initiation, and
detection of anincoming fax call.

Note: Real-time fax communications require guaranteed quality of service between the two
fax-capable Gateways. The packet loss on the network must be less than 1%.

Real-time fax calls begin when a Vol P call is placed from an originating fax machine to the
answering machine. If the MAX TNT is configured to perform out-of-band dual tone
multifrequency (DTMF) signaling, a DSP automatically enablesinband DTMF signaling at the
start of the fax call. When the destination fax machine picks up the call and sends an answer
tone, known as a CED tone, the destination Gateway detects this tone and initiates a
switchover to real-time fax on both itself and the Gateway at the other end of the call. When
the switchover is complete, the fax transmission proceeds normally.

You must create the appropriate coverage areas on the MultiVoice Access Manager to ensure
that fax calls are routed between Gateways that are fax capable. For details, see the MultiVoice
Access Manager User’s Guidehttp://www.ascend.com/doclibrary.

Overview of real-time fax settings

Following are the parameters (shown with default values) for enabling and improving the
performance of real-time fax processing. Changes to these parameters take effect with the next
VolIP call.

[in VOP/{ O 0 }:rt-fax-options]
rt-fax-enable = no

ecm enabl e = yes

| ow-| at ency- node = yes

conmand- spoof = yes

| ocal -retransnit-|sf = yes
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Par ameter Specifies

RT-Fax-Enable Enable/disable Real -time fax call processing. When the parameter
isset to no (the default), fax tones are passed as if they were
normal voice samples, and the other parametersin the subprofile
are not applicable. When the parameter valueis setto yes, this
MAX TNT switches over from voice session to fax upon detection
of a CED tone or V.21 HDLC flag.

ECM-Enable Enable/disable error correction mode (ECM) for real-time fax
calls. When the parameter is set to yes (the default), fax frames
can be retransmitted in the event that aframeis not received
correctly. ECM frames are relayed end to end between terminals.
Setting the parameter to no disables ECM, so fax frames
containing errors are not corrected.

Low-Latency-Mode Enable/disable low latency mode for real-time fax operations over
networks with low packet loss and low latency characteristics.
Low latency mode allows operation on networkswith lessthan 2.5
seconds or less of aggregate latency between pages. When the
parameter is set to no, aminimum of 10 seconds delay is added to
processing fax callsto alow interpretation of T.30 frames and
implement spoofing.

Command-Spoof Enable/disable spoofing of certain fax commands. Command
spoofing is a method of improving performance and reducing fax
errors on low latency networks.

Local-Retransmit-LSF  Enable/disable local retransmission of alow speed fax frameif no
response is detected from the destination fax. Thisis designed to
reduce fax transmission errors on low packet 0ss networks

In an SS7 environment, values in IPDC messages override corresponding call management
settings in the default VoI P profile.

Example real-time fax configuration

For exampl e, the following commands enable Real-time fax call processing and leave all
performance parameters enabled:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set rt-fax-options rt-fax-enable = yes

adnmin> wite
VOP/{ 00} witten

Transparent modem

MultiVoice supports a transparent data mode that enables users to run a modem on a Vol P
channel, regardless of the audio codec that isin use.

Overview of transparent modem settings

Following is the parameter for enabling the transparent modem features, shown with the
default setting:
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[in VOP{ 00 }]
g711-transparent-data = no

Parameter Specifies

G711-Transparent-Data Enabl e/disable transparent modem mode. When the parameter
issettoyes, when the MAX TNT detects a modem in a \VoIP
channel, the unit transparently requests end-to-end G.711
encoding and bandwidth for the call, in a process similar to
that used by real-time fax . The echo cancelers are disabled
when the MAX TNT enters this mode, thus providing
transparent G.711 encoding. The data is encoded transparently
as an audio-mode type, either G.711 p-law (64Kbps) or G.711
A-law (64Kbps). Settings take effect with the next incoming
PSTN call. A separate license is not required for this feature.

In an SS7 environment, valuesin IPDC messages override corresponding call management
settings in the default Vol P profile. For information about |PDC support for transparent
modem, see IPDC message support for fax and transparent modem on page 43.

Example transparent modem configuration

The following commands enabl e the transparent modem feature on Vol P channels:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set g7l1l-transparent-data = yes

adnmin> wite
VOP/{ 00} witten

Using transparent modem with real-time fax

If the MAX TNT has been licensed for real-time fax, users can run either a high-speed modem
with speeds greater than 2400 bps or afax terminal in the Vol P channel. This capability
provides afallback for real-time fax transmissions. Both fax terminals and high-speed modems
transmit a single tone when they answer a call, but each type of equipment uses a different
tone. The MAX TNT detects the type of equipment in use on the basis of its answer tone.
When it detects the equipment answering the call, the MAX TNT sends H.245 request-mode
messages to request a switchover from the current audio codec to either G.711 with no echo
canceler (for transparent modem) or fax data mode (for real-time fax).

Transparent data is encoded as an audio-mode type, either G.711p-law (64Kbps) or G.711 A-
law (64Kbps). Real-time fax (if supported) is encoded as a fax data-mode type.

Note: Transparent data mode introduces an H.245 regquest-mode message that is not backward
compatible with the real-time fax feature provided by previous MultiVoice releases. To
interoperate with a Gateway using transparent mode, all Gateways must be upgraded to MAX
TNT TAOS 8.0-103.

Example real-time fax and transparent modem configuration

The following commands enable both real-time fax and the transparent modem feature for
high-speed modems:
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admn> read voip { 0 0}
VOP/{ 00} read

adm n> set rt-fax-options rt-fax-enable = yes
adm n> set g7l1l1-transparent-data = yes

adnmin> wite
VOP/{ 00} witten

Limitation for low-speed modems

Real-time fax cannot be used concurrently with low-speed modems (2400bps or |ess) because
these modems use the same answer tone as fax terminals. If alow-speed modem is used on a
Vol P channel that is enabled for real-time fax, the Gateway detects afax answer tone and
requests T.38 encoding. Theingress Gateway (typically the Gateway on which the modem call
originated) can accept the T.38 encoding request or reject the request, which causes the egress
Gateway to terminate the call.

IPDC message support for modifying parameters

With MAX TNT TAOS 8.0-103, MAX TNT units provide limited support for IPDC messages
used to modify the following values for Vol P calls. The request modify packet pass-through
call (RMCP) message (0x0015) and accept modify packet pass-through call (AMCP)
message (0x0016) alow modification of the following values for Vol P calls.

e VolP encoding type (G.711p-law, G.711A-law G.729, or G.723).

e Packet loading rate in frames per packet (value depends on VoIP encoding type)

* Source port type (currently, only tiS€N value is supported).

« Destination port type (currently, only tRFP value is supported).

* Listen IP address.

e Listen RTP port number.

e Send IP address.

e Send RTP port number.

The MAX TNT can allocate its own system IP address as the listen IP address and RTP port
and can specify its own send address and RTP port. For VoIP calls, you must avoid routing
RTP traffic through the MAX TNT shelf controller. For that reason, when allowing the MAX
TNT Gateway to allocate its own address, you must set the System-IP-Addr parameter in the
IP-Global profile to an interface address other than the shelf-controller Ethernet port. For

example, the following commands set the system address to the address of a port on an
Ethernet card in slot 12:

adm n> get ip-interface { { 1 12 1 } 0} ip-address
[in IP-INTERFACE/ { { shelf-1 slot-12 1 } 0 }:ip-address]
i p-address = 1.1.1.1/24

adm n> read i p-gl obal
| P- GLOBAL read

adm n> set systemip-addr = 1.1.1.1/24

adm n> wite
| P-GLOBAL written
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In addition, you must make sure that Vol P calls can always find a route to the next-hop
Gateway on the path to the destination Vol P Gateway. The route can be learned dynamically or
configured as a static route. Many sites choose to configure default routes for Vol P traffic, so
that RTP packets are never dropped due to lack of routing information. For example, the
following commands configure a default route named Vol P to a next-hop Gateway at 2.2.2.2:

adm n> new i p-route voip
| P- ROUTE/ voi p read

adm n> set gateway = 2.2.2.2/24

admn> wite
| P- ROUTE/ Vol P written

IPDC message support for fax and transparent modem

Previously, transparent data for fax and modem calls was available only in an H.323
environment or for IPDC calls running G.711 codecs for VoI P. In this release, IPDC message
reguest packet pass-through call (RCCP), accept packet pass-through call (ACCP), request
modify for packet pass-through call (RMCP), and accept modify packet pass-through call
(AMCP) messages enable an SS7 signaling gateway to direct the MAX TNT to enter T.38 fax
mode or transparent modem mode on the basis of tone detection. In addition, the signaling
gateway can control echo cancelation by disabling it or setting it to 32 milliseconds on a per-
cal basis.

The notify tone (NTN) message is used to notify the signaling gateway when an asynchronous
fax or modem toneis detected. The MAX TNT sends this message to the signaling gateway if
either fax or modem tone detection is enabled and the unit seesthe tone. The MAX TNT
detectsfax toneif rt - f ax- enabl e isset toyes in the default Vol P profile or if it receives
the relevant IPDC message from the signaling gateway.

The MAX TNT detects modem toneif g711-t r anspar ent - dat aissettoyes inthe
default VoI P profile or if it receives the relevant IPDC message from the signaling gateway.

For an introduction to the real-time fax feature, see “Real-time fax,” on page 39. For an
introduction to the transparent modem feature, see “Transparent modem,” on page 40.

New trunk features for VolP calls

With MAX TNT TAOS 8.0.1, MAX TNT units provide a configurable timer for T1 lines that
use inband signaling, a true connect feature to avoid charges for VoIP calls, and a calling line
ID (CLID) generated by the MultiVoice Access Manager (MVAM).

Configurable interdigit timer for T1 inband signaling

When a T1 line uses inband signaling, you can enable Collect-Incoming-Digits to cause the
DSP to decode the calling and called DTMF digits on the line, making DNIS and CLID
information available for authentication and accounting. Following is the relevant parameter,
shown with a sample setting:

[in T1/{ any-shelf any-slot O }:line-interface]
collect-incomng-digits = yes

In previous releases, when this feature was enabled, the T1 DSP always waited for 3 seconds
after collecting the last digit before considering DNIS or automatic number identification
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(ANI) collection complete. This 3-second timeout slowed down call setup times, and was
unnecessary when a switch or PBX was generating the DTMF DNIS/ANI information with
digit and interdigit times much smaller than 3 seconds. To improve call setup times, especially
for Vol P calls with single-stage-dial, you can now configure the timeout for collecting
incoming digits. Following is the relevant parameter, shown with its default value:

[in T1/{ any-shelf any-slot O }:line-interface]
tl-inter-digit-timout = 3000

Par ameter Specifies

T1-Inter-Digit-Timeout ~ Number of milliseconds the T1 DSP waits between digits before
considering DNIS/ANI collection complete. For backward
compatibility, the default is 3 seconds. The valid rangeis 100 to
6000 milliseconds. The setting takes effect with the next incoming
call.

Specifying alower value improves call setup times. Thisis
especially important for Vol P calls with single-stage-dial.

This parameter does not apply unless Collect-Incoming-Digitsis
settoyes.

For exampl e, the following commands specify atimeout of half a second:

admin>read t1 { 12 3}
T1/{ shelf-1 slot-2 3 } read

adm n> set line-interface collect-incomng-digits = yes
adm n> set line-interface tl-inter-digit-timout = 500

admin> wite
T1/{ shelf-1 slot-2 3 } witten

Delaying charges until call is answered (true connect)

In earlier releases, incoming Vol P calls from the PSTN were connected at the near end
Gateway before any H.323 signaling was sent to the far end Gateway. Asaresult, aPSTN
charge wasincurred at the time of connection to the near-end Gateway, before the called party
received and answered the call from the far-end Gateway.

Now, you can change this behavior by enabling true connect. When this feature is enabled,
alerting and connect messages sent to the PSTN switch are delayed to match the equival ent
H.323 signaling to avoid incurring charges before a Vol P call has been answered.

The true connect feature requires a default call type of VolP on T1 or E1 trunks accepting
incoming Vol P calls. Following are the relevant parameters, shown with sample settings:

[in VOP { 00 }]
true-connect -enabl e = yes

[in T1/{ shelf-1 slot-10 1 }:line-interface]
default-call-type = voip

[in E1/{ shelf-1 slot-11 1 }:line-interface]
default-call-type = voip
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Parameter Specifies

True-Connect-Enable Enable/disable delay of PSTN alerting and connect messages to
match the equivalent H.323 alerting and connect messages. The
default setting i®o0, which results in the caller incurring a PSTN
charge at the time of connection to the near-end Gateway, before
the called party has received and answered the call from the far
end Gateway. If set tpes, an alerting message is sent to the
ingress PSTN switch only when an H.323 alerting message is
received on the ingress VoIP Gateway. Similarly, a PSTN connect
message is sent only when the H.323 VoIP call has been answered.
This ensures that no charges are incurred for incomplete calls. The
setting takes effect with the next incoming call. It has no effect on
outbound calls.

Default-Call-Type Must be set to VoIP for T1 or E1 trunks with incoming VolIP calls
that require true connect. Note that setting this parameter to VolP
causesll calls received on the trunk to be mapped to VolIP.

For example, the following commands enable delayed PSTN a erting and connect messages on
trunk lines configured with adefault VoIP call type:

admn> read voip { 0 0}
VolP { 0 0} read

adm n> set true-connect-enable = yes

admn> wite
VolP { 00} witten

Note: For ISDN trunks, Lucent recommends that you set the T310 timer on the telephone
company switch or PBX to 30 seconds or greater when using the true connect feature. because

the T310 timeout value includes the time that the called party’s telephone is ringing, a 10-
second timeout can cause the near-end Gateway to disconnect the call too soon.

When the true connect feature is enabled and a \oIP call fails before the PSTN call is fully
connected, the Gateway is still able to send an appropriate tone or voice announcement to the
caller.

Gatekeeper CLID substitution

When MultiVoice Gateways are connecting VoIP calls, they can transmit a calling line 1D
(CLID) generated by the MVAM software on the Gatekeeper instead of the PSTN-generated
CLID collected on the trunk line. CLID substitution allows the MultiVoice network to provide
the appropriate E.164 address for both the called and calling telephone numbers to the
respective PSTN, and for use by external applications.

In certain configurations in which the Gateways connecting the call reside in different area
codes or countries, the CLID received from the PSTN must be changed to provide the
appropriate calling number information to the local carrier, or to call management and billing
applications.

When the MVAM receives the CLID from a Gateway, it translates the CLID to the appropriate
dial string, adding or removing country codes and area codes as appropriate for the respective
locations of the callers. The Gatekeeper then reports the revised CLID to the Gateways as part
of the admission confirmed (ACF) message.

MAX TNT TAOS 8.0-103 (MultiVoice) Addendum 45



MultiVoice features in MAX TNT TAOS 8.0-103
MultiVoice operations

RT-24 (proprietary) codec support

The RT-24 codec is a L ucent Technologies proprietary audio codec that compresses speech
samples from 64K bps pulse code modulation (PCM) to 2.4Kbps, reducing the effective
bandwidth required for transmission across the | P network.

This codec uses a 22.5-millisecond audio frame, and encapsulates audio at 8 bytes per frame.
The decoder produces 180 samples of audio from the 8-byte encoder output. The RT-24 codec
is available for both H.323 Vol P calls and SS7 Vol P calls.

When the RT-24 codec is selected, the M ultiVoice Gateway attemptsto determine if that codec
is supported by the other Gateway during H.245 capability negotiation. If both sides agree to
use RT-24 as the preferred codec, both Gateways enable RT-24 on the allocated DSPs to
compress and decompress audio after the H.245 open logical channel message is exchanged.

Note: RT-24 isaLucent Technologies proprietary codec, which is available only on
MultiVoice Gateways running MAX TNT TAOS 8.0-103. MultiVoice cannot use this codec
when communicating with a third-party Vol P gateway.

To enable RT-24 audio processing, set the packet-audio-mode parameter in the default Vol P
profile to the selected codec asillustrated by the following:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set packet-audi o-npde = rt24

adnmin> wite
VOP/{ 00} witten

G.728 codec support

G.728 isalLow-Delay Code Excited Linear Prediction (LD-CEL P) based audio codec that
provides toll-quality audio at a bit-rate of 16Kbps. With aframe size of only 2.5 milliseconds,
G.728 also has avery low delay. Although the MultiVoice implementation of G.728 uses a
frame size of 5 milliseconds, the bitstream from the audio codec is the same as described in the
ITU-T standard and can thus be decoded by any G.728 decoder.

Each MultiDSP card supports a maximum of 48 simultaneous G.728 callsfor both H.323 Vol P
and SS7 Vol P call processing.

When the G.728 codec is selected, the MultiVoice Gateway attemptsto determine if the G.728
codec is supported by the other Gateway during H.245 capability negotiation. If both sides
agree to use G.728 as the preferred codec, both Gateways use G.728 to compress and
decompress audio after the H.245 open logical channel message is exchanged.

Note: Although MultiVoice uses a 5-millisecond frame for G.728 processing, it is compatible
with any third-party G.728 decoder. However, if a MultiVoice Gateway attempts to
communicate with a third-party Vol P gateway transmitting an odd number of 2.5 millisecond
frames per | P packet, the call will fail.

When you enable G.728 audio processing in this release the Silence-Det-Cng parameter must
be set to no (its default value). The following commands enable G.728 processing:

admn> read voip { 0 0}
VOP/{ 00} read

adm n> set packet-audi o-npde = g728
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adm n> set silence-det-cng = no

adnmin> wite
VOP/{ 00} witten

SNMP: Support for the VolP MIB (ascend 28)

The Vol P MIB enables network management stations to monitor MultiVoice Gateway
operations using SNMP. Attributes in the MIB can be obtained by SNMP Get and Get-Next
operations. The MIB uses the following object identifiers for identifying MultiVoice Gateway
or Gatekeepers to a network manager:

e voi pCf gG oup (voipGroup 1)
e voi pCf gGkG oup (voipCfgGroup 1)
e voi pCf gGMG oup (voipCfgGroup 2)

The MIB uses the following tables for identifying MultiVoice Gatekeeper and Gateway
functions.

voi pCf gGkTabl e OBJECT- TYPE (voi pCf g&kG oup 1)
SYNTAX SEQUENCE OF Voi pCf gGkEntry
ACCESS not - accessi bl e
STATUS mandat ory
DESCRI PTION A list of entries for H323 network Gatekeeper.

voi pCf gGkEntry OBJECT- TYPE (voi pCf gGTabl e 1)
SYNTAX Voi pCf gGkEntry
ACCESS not - accessi bl e
STATUS mandat ory
DESCRI PTI ON An entry hol ding information about the Gatekeeper for
the system
I NDEX (voi pCf gGkl ndex)

Voi pCf gG&kEnt ry:
SEQUENCE :
voipCfgGkindex—INTEGER
voipCfgGkStatus—INTEGER
voipCfgGklpAddress—IpAddress)

voipCfgGkindex OBJECT-TYPE ( voipCfgGKEntry 1)
SYNTAX INTEGER
ACCESS read-only
STATUS mandatory
DESCRIPTION This number uniquely identifies the Gatekeeper.

voipCfgGkStatus OBJECT-TYPE (voipCfgGKEntry 2)
SYNTAX INTEGER:
registered(1)
not_registered(2)
ACCESS read-only
STATUS mandatory
DESCRIPTION This value indicates whether the gateway is registered
with the Gatekeeper.

voipCfgGklpAddress OBJECT-TYPE (voipCfgGKkEntry 3)
SYNTAX IpAddress
ACCESS read-only
STATUS mandatory
DESCRIPTION The IP address of the Gatekeeper.
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voi pCf gGwWpnhode OBJECT- TYPE (voi pCf gGAMGoup 1)
SYNTAX | NTEGER:
no (1)
yes(2)
ACCESS read-only
STATUS nandat ory
DESCRI PTION Virtual Private Network Toggle Switch.

voi pCf gGwPkt Audi oMode OBJECT- TYPE (voi pCf gGMG oup 2)
SYNTAX | NTEGER:
ot her (1)
g711_ul aw( 2)
g711_al aw( 3)
g723(4)
g729(5)
g723_6_4kps(6)
ACCESS read-only
STATUS nandat ory
DESCRI PTI ON Audi o Coder to be used for voice packetization.

Thevoi pCf gGwWpnhode and voi pCf gGMPkt Audi oMbde objects can be accessed
using index O because they are separate leavesin the MIB tree.

Thevoi pCf g&kl ndex, voi pCf gGkCurrent andvoi pCf gGkl pAddr ess objectsare
located inthevoi pCf gGkTabl e table. They can be obtained using voi pCf gGkl ndex as
anindex.

SNMP: Traps for VolP-related conditions

With MAX TNT TAOS 8.0.1, Vol P-enabled MAX TNT units can generate traps for the
following MultiVoice Gateway events:

e Change in the call logging server
e Change in configured Gatekeeper for VolP
e Change in state of a WAN line

For the traps to be sent, traps must be enabled in the system and the individual trap conditions
must be set tges. For details about enabling traps, seeNtfeX TNT Administration Guide.
Following are the relevant parameters (shown with default values) for enabling the individual
trap conditions:

[in TRAP/""]

call -1 og-serv-change-enabl ed = no
voi p- gk- change- enabl ed = no

wan- | i ne- st at e- change- enabl ed = no
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Parameter Specifies

Call-Log-Serv-Change-  Enable/disable trap generation when the call-logging server

Enabled changes. If the call-logging server index is changed or if the IP
address of the active call-logging server is changed, thistrap sends
the following information to the SNMP manager:

* The new call logging server index (callLoggingServerindex)

» The IP address of new call logging server
(callLoggingServerlPAddress)

* The absolute time to show when the server change occurred
(sysAbsoluteCurrentTime) (Ascend Trap 38)

Voip-GK-Change- Enable/disable trap generation when the registered Gatekeeper

Enabled changes. If a new Gatekeeper is registered with the Gateway, a
register request (RRQ) message is sent from the Gateway to the
new Gatekeeper. When the Gateway receives the admission
request (ARQ) message from the new Gatekeeper, this trap sends
the following information to the SNMP manager:

* The new Gatekeeper index (voipCfgGkindex)
* The IP address of new Gatekeeper (voipCfgGklpAddress)

* The absolute time to show when the Gatekeeper change
occurred (sysAbsoluteCurrentTime) (Ascend Trap 39)

WAN-Line-State- Enable/disable trap generation if the state of an E1 or T1 line
Change-Enabled changes. This trap sends the following information to the SNMP
manager:

e The T1 or El line interface index (wanLinelfinde )

» The line usage (wanLineUsage). This usage is reported as
trunk, qui esced, ordi sabl ed.

* The absolute time to show when the line state changed
(sysAbsoluteCurrentTime) (Ascend Trap 40)

NavisAccess support for VolIP call reporting

MAX TNT TAOS 8.0.1 supports basic Vol P call reporting using NavisAccess. This includes
the capability to generate Start records, Stop records, and Call Progress records for both Vol P
and fax calls. These records allow NavisAccess to monitor Gateway resource usage and
provide information to create billing records. Each Vol P call can generate two or more records.

Start records

A Start record reports the point in the call where a speech communications is established. Start
records can provide the following information:

Attribute Specifies

Ascend-Call-Direction  Direction of the call between the Gateway and PSTN. The
reported values are Ascend-Call-Direction-Incoming (0) and
Ascend-Call-Direction-Outgoing (1). (Ascend Trap 48)

NAS-Port Encoded NAS port used for this call. (RFC Trap 5)
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Stop records

Attribute
NAS-Port-Type

NAS-IP-Address
Session-1d

Ascend-Modem-PortNo

Ascend-Modem-SlotNo

Ascend-Modem-ShelfNo

Called-Station-1d (DNIS)
Ascend-Dial ed-Number
Service-Type

Ascend-H323-
Destination-NAS-ID

Ascend-H323-
Gatekeeper-1P

Ascend-Global-Call-1d

Ascend-H323-
Conference-ID

Ascend-H323-
Presession-Time

Ascend-H323-Dialed-
Time

Ascend-Session-Type

Specifies
Encoded NAS port used for this call. The value 7 for this attribute
identifies a Vol P call. (RFC Trap 61)

NAS | P address associated with this call. (RFC Trap 4)

NAS session index recorded in the session table for thiscall. (RFC
Trap 44)

DSP/modem port allocated for processing thiscall. Thisvalueis
part of the resource count information, and is repeated each time it
isallocated for acall. (Ascend Trap 120)

Slot where the DSP/modem card associated with the reported
Ascend-Modem-PortNo is located. Thisvaueis part of the
resource count information, and is repeated each timeitis
alocated for acall. (Ascend Trap 121)

Shelf where DSP/modem card allocated for processing thiscall is
installed. Thisis part of the resource count information, and is
repeated each time it is allocated for acall. (Ascend Trap 122)

Dialed number string reported by the Gateway for the called
destination. (RFC Trap 30)

Dialed number string used by the Gateway to compl ete the call.
(Ascend Trap 24)

Requested type of service, the value of the Type of Service byte,
for this call. (RFC Trap 6)

NAS IP address used to route the call to the connecting Gateway.
(Ascend Trap 22)

I P address of the Gatekeeper used to route the call. The Gateway is
registered with this Gatekeeper. (Ascend Trap 19)

| P address used by the Gatekeeper to identify the connecting
Gateway for this call. (Ascend Trap 20)

| P address used to identify the called destination. (Ascend Trap
21)

Time from the moment the caller finishes dialing the destination
telephone number until the moment the speech path is established
to the called destination. (Ascend Trap 198)

Time the user spends dialing the destination telephone number.
Thisvalue will be zero for call originating from the LAN. (Ascend
Trap 23)

Audio codec used for processing the call. (Ascend Trap 18)

A Stop record is generated at the moment when MultiVoice begins to tear down the speech
path or when an incoming call to a Gateway fails to connect. A Start record can contain

following information:
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Attribute
Acct-Session-Time

Ascend-Connect-
Progress

Ascend-Disconnect-
Cause

Ascend-H323-Inter-
Arrival-Jitter
Ascend-Dropped-Octets
Ascend-Dropped-Packets
Acct-1nput-Octets
Acct-1nput-Packets

Acct-Output-Octets

Acct-Output-Packets

Call Progress records

Specifies
Time from the moment the speech path is established to the called

destination until the moment MultiVVoice beginsto tear down the
speech path. (RFC Trap 46)

A number that represents the call connect state at the time the call
was terminated. (Ascend Trap 195)

A number that reports the H.323 call disconnection reason.
(Ascend Trap 196)

Estimated interarrival jitter for voice packets received by a
Gateway. (Ascend Trap 25)

The number of voice frames (in bytes) dropped by a Gateway
during call processing. (Ascend Trap 26)

Number of voice packets dropped by a Gateway during call
processing. (Ascend Trap 26)

Number of voice frames (in bytes) received by a Gateway during
thiscall. (RFC Trap 42)

Number of voice packets received by a Gateway during this call.
(RFC Trap 47)

Number of voice frames (in bytes) sent by a Gateway during this
call. (RFC Trap 43)

Number of voice packets sent by a Gateway during thiscall. (RFC
Trap 48)

A Call Progress record can be generated during a Vol P call when a change in resource occurs
for afax or transparent modem call. For fax calls, this record includes the modem speed and
modulation. A progress message contains all the information included in a Start record.
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