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Along with the basic and supplementary calling features (e.g. Call Waiting, Call
Forwarding, Call Transfer, Caller ID, Anonymous Calls Blocking, Outgoing Call
Barring etc.), PW2000 also supports:

a
Q

Q

Q

Complete Prepaid Calling Card (Refill Card) Application

Access Charge. Automatic charging of prepaid subscriber for any given
amount periodically (for any given period counted in days) for the phone
service

Blocking (after any given number of days) incoming calls to (along with
outgoing calls from) subscribers, who have already exhausted their prepaid
balances

“Black-List” and blocking any calls (from entering into the switch) from any
numbers/prefixes listed in the list

Read Balance. By dialing a special feature access code subscribers can listen
to their account balance information

Call Queuing. If all members of a group is busy then another incoming call
will be put in a queue until any member is available

Customized Announcements for calling parties while in queue

PW2000 supports the following types of POTS? and Broadband terminal
equipment, Fixed Wireless Subscriber Units (SU) - customer premises equipment:

Q

00000

O

Single, supports one phone line, also available with Pay-phone support
Dual, supports two phone lines, also available with Pay-phone support
Quad, supports four phone lines, also available with Pay-phone support
Octal, supports eight phone lines, also available with Pay-phone support
10BaseT, Broadband Subscriber Unit, supporting up to one Mbps data port
and up to two phone lines

V.35, supports up to 256 kbps leased line and up to two phone lines

X.21, supports up to 64 kbps data port and up to two phone lines

3 Plain Old Telephone Service
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Prime Wave 2000™ Network Configuration

The diagram below depicts a simple PW2000 network configuration.
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Figure 1

In the configuration shown in Figure 1, PW2000 acts in four roles simultaneously:
1. Local Exchange supporting both, wireless and wire-line subscribers,
2. Tandem/Transit Switch,
3. Wireless DLC and
4. Wire-line DLC.

PW2000 Fixed Wireless Voice Subscribers (attached to POTS type of SU*s and
Telephony ports of 10BaseT SUs) and wire-line subscribers access PSTN and/or
TCP/IP networks (via dial-up) using SS7, R2 and V5.2 protocols.

Fixed Wireless Data Subscribers, attached to V.35 or X.21 n x 64 Kbps data ports
connect in leased line mode via cross-connections made within the Network Interface
Unit. In this mode the NIU can be utilised for data circuit aggregation and grooming.

PW2000 Fixed Wireless Subscribers attached to data port of 10BaseT type of SUs
access TCP/IP networks directly from Radio Base Units (RBUs).

* Subscriber Unit
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Example 2

The example below depicts a configuration in which NIU plays a VolP Media
Gateway role in transit switch mode: traffic is exchanged among the local exchange,
PSTN/ISDN and voice over networks via SS7/R2 and VolIP protocols.

Remote Digital
. SIP
Terminals H.323
V5.2 AN ’

1 NIU; MGCP
Exchange NIU
F\ NIU, 4\1 SS7/R2
' PSTN/ISDN
' ! and/or TCP/IP

Voice over
1P
Networks

Note, this configuration is further sophistication of Example 1 by addition of the
interface to PSTN/ISDN networks.

Example 3

The example below depicts a configuration in which NIU plays a VoIP Media
Gateway role in transit-local exchange mode: traffic is exchanged among the local
exchange, PSTN/ISDN and voice over networks via SS7/R2 and VolIP protocols.

Remote Digital

Terminals SIP

V5.2 AN H.323

‘ NIU; MGCP
E/ | Local SSTR2 | Nyu | MEGACO
Exchange

Voice over
1P
Networks

F\ NIU, 4\1 SS7/R2 ‘

PSTN/ISDN
and/or TCP/IP

Note, this configuration is further sophistication of Example 2 by addition of Radio
Base Stations with wireless subscribers connected to VoIP Gateway NIU.

©Copyright 2006 L-3 Communications, GNS, All rights reserved



(B

communications

Global Network Solution
1519 Grundy’s Lane, Bristol, PA 19007. Tel.: 215-957-3700; Fax: 215-957-3790, www.GNS.L-3com.com

Example 4

The example below depicts a configuration in which NIU plays multiple VoIP Media
Gateways role:

e In transit-local exchange mode: traffic is exchanged among the local
exchange, PSTN/ISDN and voice over networks via SS7/R2 and VoIP
protocols.

e In local exchange — access network mode. Note, in this mode part of
subscribers are assigned to local exchange and another part is assigned to NIU
(as a local exchange) within the same NIU.

SIP
V5.2 AN H.323
NU Local MGCP Voice over
SS7/R2 MEGACO
Exchange NIU 11\}’ vork
V5.2 AN etworks
NIU, — |
SS7/R2
SIP SS7/R2 PSTN/ISDN
H.323 and/or TCP/IP
MGCP

MEGACO
Voice over
1P

Networks

Note, this configuration is further sophistication of Example 3 by deploying NIU:
e As V5.2 Access Network node (assigned to the Local Exchange) and
simultaneously
e Asalocal exchange by itself connected to PSTN/ISDN and VoIP Networks.

The above examples are only a fraction of possible combinations of NIU capabilities
as a Universal Voice and Data Switching platform and VoIP Media Gateway
supporting all deployed protocols.
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cPCI VolP Board

General Description

The cPCI VoIP communication board used for VoIP implementation in PW2000 is an
ideal building block for deploying high-density, high availability VoIP and wireless
enterprise systems.

The cPCI VoIP card is capable of delivering up to 480 simultaneous calls (16 x E1’s),
and supports all necessary functions for voice and fax streaming over IP networks.

The cPCI VoIP card supports a broad selection of voice processing related algorithms,
including G.711, G.723.1, and G.729A Vocoders, G.168-2002 compliant echo
cancellation, T.38 real-time Fax over IP, a wide selection of In-band and Out-of-band
tone detection and generation, as well as signaling protocol support, including ISDN
PRI, SigTran (M2UA, M3UA, IUA) and CAS.

One or two packet processors (depending on the board's capacity) handle packet-
streaming functions through two redundant integral 10/100 Base-TX interfaces. Each
processor implements the industry-standard RTP/RTCP packet-streaming protocol,
advanced adaptive jitter buffer management, and T.38 fax relay over IP. The basic
configuration includes an H.110 interface. An E1/T1 trunk interface module is
provided for 16-T1, or 16-E1, or 16-J1 trunks, allowing for full gateway streaming
functions in a single cPCI slot.

The cPCI VolIP card board complies with industry-standard network control protocols
including MGCP, MEGACO (H.248) and, optionally, SIP (RFC 3261) or H.323 (ITU
ver. 4). The board may also be remotely controlled by TPNCP (proprietary TrunkPack
Network Control Protocol). These protocols allow for the implementation of a
distributed Media Gateway and media server architecture that separates call
processing functions from media processing functions, resulting in enhanced
redundancy, greater scalability and higher system availability.

VolIP card Features

The cPCI VolIP card is an ideal building block that will offer the telecommunications
operator an accelerated time-to-market incorporated with higher density and reduced
costs. The cPCI VoIP card supports a comprehensive feature set, where users can
quickly design a wide range of solutions for PSTN and VoIP networks.

The cPCI VoIP card has the following features:

1. Vocoder configuration options:

PCM/ADPCM, G.723, G.729A, GSM-FR and NetCoder
2. Upto 16 EI/T1 digital spans
3. Independent vocoder selection per channel

4. Extensive media processing functions
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13.

14.
15.
16.
17.
18.

19.

20.

21

26.
27.
28.
29.
30.
31.
32.
33.

RTP stream multiple destination connection (i.e., to TDM, other RTP
channels and PCI channels (for recording))

Packet telephony standard compliant

PSTN protocol termination support

Open architecture

Flexible deployment and multiple density options

. Superior, high quality VolIP calls and FolP transmissions
. VoIP packet streaming (RTP/ RTCP) per RFC 3550/3551
. TPNCP (proprietary TrunkPack Network Control Protocol), MGCP (RFC

3435), MEGACO (H.248) and optional H.323 and SIP standards-based control
protocols

Real-time Fax over IP/T.38 with superior performance (round trip delay of up
to 9 sec)

Integral Announcement support towards PSTN/TDM and IP
IP to IP Mediation capabilities

IP to IP Transcoding (G.711 to and from LBR)

Tone detection and generation (MF, DTMF, RFC 2833)

Packet interface: Dual 10/100 Base-TX link ports (for redundancy) or cPSB
back plane (PICMG 2.16) interface

(G.168-2002 compliant Echo Cancellation with a 32, 64* or 128* msec tail
(* May reduce channel density)

Silence Suppression supporting VAD (Voice Activity Detection) and CNG
(Comfort Noise Generation)

. Automatic Fax Bypass modes
22.
23.
24,
25.

DTMF detection and generation according to TIA 464B
DTMF Relay according RFC 2833
PSTN Signaling: CAS, ISDN PRI and V5.2 AN

Transport of SS7 signaling, with the use of SigTran; MTP-3 and higher layer
messages are relayed using M2UA, M3UA via SCTP over IP

MF-R1, MFC-R2 and Call Progress Tone detection and generation
PICMG 2.1 for Hot-swap support

cPSB (PICMG 2.16) support

PICMG 2.5 for H.110 support

Rear Transition Module (RTM)

Management Interfaces: SNMP V2, Embedded Web Server

API control via cPCI or IP (‘hostless’ mode)

Single-slot Hot-swappable compactPCI" (cPCI) 6U card
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VolIP card Protocols
The ¢cPCI VoIP card software supports the following Protocols.
Call Control Protocols:

MGCP (Media Gateway Control Protocol)
MEGACO (Media Gateway Control)
TPNCP (TrunkPack Network Control Protocol)

VoPLib over ¢PCI - The 142-1800-001 can be controlled directly through
its cPCI interface by a proprietary API.

Sl S

Management Protocols:
1. SNMP
2. Embedded Web Server
3. Telnet
4. VoPLib

©Copyright 2006 L-3 Communications, GNS, All rights reserved



	Introduction
	Prime Wave 2000™ Network Configuration
	Triple-Play Support
	Voice over IP
	Network Interface Unit as Media Gateway
	CPE as Media Gateway
	PW2000 VoIP Media Gateway Examples
	Example 1
	Example 2
	Example 3
	Example 4

	cPCI VoIP Board
	General Description
	VoIP card Features
	VoIP card Protocols



