


Annexure III

Technical Specifications

1.0
VIDEO CONFERENCING Multipoint  Control Unit (MCU)
a. MCU should be a chassis based system with atleast 6 slots.

b. MCU System Capacity : MCU should be equipped to connect min. 24 video sites @ Min. 384 Kbps on H.323 on the same chassis from day one. MCU should be able to hold multiple simultaneous video conferences and should support ISDN on the same chassis without any additional gateway.

c. MCU System Capacity Scalability: MCU should be upgradeable to support more than 100 sites on IP in the same chassis. MCU should be capable of upgrading to V.35 network on the same chassis.

d. Network Interface: The MCU should support for 3/4 nos. connectivity for ISDN PRI line and RJ45 for IP from day one. 

e. MCU should be able to connect multiple calls in any combination of IP and ISDN.

f. Video Support : H.261, H.263, H.264, 25/30 frames per second, 50/60 fields per second.

g. Audio Support : G.711, G.722, G.728. 

h. Live Video Resolution : MCU should have following Live Video resolutions: 

1. Native PAL:QCIF (176 x 144 pixels), CIF (352 x 288 pixels), 4CIF (704 x 576 pixels) 

2. Native PC resolutions: VGA (640 x 480 pixels), SVGA (800 x 600 pixels), XGA (1024 x 768 pixels) 

i. Transcoding : The MCU should allow participants to connect to the conference at upto 8 different bandwidths of 128kbps to 2 Mbps in the same conference.

j. Security : MCU should have the feature of Password protected conference. 

k. Management & scheduling Software : The MCU should come with the management & scheduling software having following features 

1. Management software to maintain the MCU bridge

2. MCU & Management software must be from same OEM 

3. Scheduling & managing of Video Conferencing sessions. 

4. Should provide diagnostic reports, call duration, CDR, bandwidth usage, type of network and the number of incoming and outgoing calls. 

l. Gatekeeper for H.323 endpoints (VC), registering with all endpoints with names and alias numbers (E.164) and should operate in multiple IP zones, Support for NAT & Firewall, bandwidth management. Support for minimum 45 end points with capability & scalability to add more end points. Any Server Hardware, if required has to be supplied along with the Gatekeeper Software.

m. Other Features : The MCU should have following features: 

1. Support for H.323 & H.320 ITU standard, SIP from day one.

2. Dynamic layouts wherein, the layout keeps on adjusting based on the participants joining the conference. 

3. Continuous presence with minimum 16 participants in single screen with Transcoding (all at min. 8 different bandwidth). 

4. MCU should support active speaker indication & coloured borders for easy view. 

5. MCU presentation capabilities: Voice activated mode and toggle between voice activated & continuous presence mode during a call. 

6. The MCU should support changing of layouts on the fly, without having to disconnect the conference. 

7. The MCU should have the capability to add participants into an ongoing conference whether on IP or ISDN network. The additional site/participant can either dial-in to the MCU or the MCU can either dial-out to the participant. 

8. The MCU should be rack mountable.

9. The MCU should come with all necessary power cords, adapters, data cables, connectors, CDs, manuals, accessories, etc, required for installation and commissioning of the equipment. 

10. The MCU should Support for H.239 for sharing of video with content. 

11. The MCU should have AES encryption.

12. The MCU should support dial-In, dial-out for ISDN / IP conferences. 

13. Speeds support from 64 kbps to 384 Kbps with standard call rates such as 2x64, 128, 256, 384. 

14. The MCU should support different speed users in the same conference (speed matching) from 64k to 768 Kbps including bonding and nx64 calls. 

15. The MCU should Support conferences in H.320 only & H.323 only conferences separately. 

16. The MCU should have Capability to specify what speed to invite end point in a speed matching enabled conference. 

17. The MCU should Support for minimum of 6 different layouts for continues Presence Conferences such as Quad, Panoramic, Voice. 

18. The MCU should support Activated and Auto selection of CP layout with 24 sites. 

19. The MCU should Support lecture/Broadcasting mode and auto-rolling of sites. 

20. The MCU across chassis and modules should support the same Operating System and software. The upgrade to new software on the MCU should be possible through the GUI/Web based interface.

21. The MCU should be able Hold at least 3 numbers of simultaneous conferences. 

22. Drag and drop features to move different participants to different windows during an ongoing conference. 

23. The MCU should have H.221 for supporting nx64 speeds on ISDN connection, and Bonding 1 calls for ISDN endpoints. 

24. The MCU should support for VoIP integration with MCU. 

25. The MCU should also support customizable IVR messages to enable easy entry and exit into the conference.

26. All the modules of the MCU must be hot swappable. Any module should be able to take any slot i.e. there should be no constraints on any particular slot being able to take any card.

27. Operating conditions: Should work with on 230V/50 HZ AC power supply under Indian conditions/standards.

2.0
VIDEO CONFERENCING ENDPOINTS (CODEC) 

(a) Video End Points should be totally integrated all-in-one unit (including the PTZ) camera for simple installation with a TV / Plasma for use over RJ-45 IP network H.323 upto 2 Mbps speed & should support H.320 ISDN BRI network up to 512 kbps and ISDN PRI upto 2 Mbps. 

(b) Should also support V.35 Interface up to 2Mbps.

(c) Should support SIP upto 2Mbps from day one.

(d) Should have auto/manual focus and brightness with 10x Zoom, +/- 90 degrees PAN and at least 10 near-end camera presets with capability to operate in normal room illumination conditions support. 

(e) System must be equipped with omni directional mic. 

(f) Should be H.323 & H.320 standards compliant. 

(g) Should have H.261, H.263 & H.264 video coding support.
(h) Should have G.728, G.722, & G.711 audio coding support and 14KHz audio.

(i) Should have Live video resolution 4CIF, SIF, 4SIF. 

(j) Should give 25 frames per second at 256Kbps & above. 

(k) Should come with easy to use infra-red hand held remote control with operating distance of at least 15 feet.

(l) Should have hardware/software to show PC presentation / application screens / PC Content (without using VGA-PAL converter). 

(m) Video Codec should support 4:3 & 16:9 format for TV & Plasma screen. 

(n) Video Codec should have ability to connect projector with XGA resolution for PC presentation. 

(o) Should come with all the power & communications cables necessary for the above features. 

(p) System must have support for 4 sites multiparty conference. 

(q) System must support H.239 for sharing of video and graphics content during the video call with minimum CIF (352 x 288 pixels). 

(r) System must have AES encryption for ISDN and IP calls. 

(s) Built -in Acoustic echo canceller and Noise reduction. 

(t) 25/30 frames per second at 256 Kbps.

(u) Support for easy software upgrades through LAN or any other interface. 

(v) Operating conditions: 230 volts, 50 Hz and PAL video standard. 

(w) Should have H.264 in a H.239 call. 

(x) It should be possible to add a multipoint participant on the fly without the need of defining the Multipoint call before actual dialing. 

(y) Both near and far site Video on one monitor.

(z) It should be possible to see both the near and far site on One Screen thus making most efficient use of a single display area.

*Note: The endpoints and MCU should be TEC approved and should be of the same Make.

3.0
Audio Conferencing Unit
Display

• High-resolution backlit graphical LCD

Caller ID

• Bellcore type 1 

Keypad

• 12-key telephone keypad

• On-hook/off-hook, conference, mute, volume up/down keys, menu, navigation keys

• 3 content-dependent soft keys including redial, hold

Console loudspeaker

• Frequency response: 300 to 3300 Hz in narrowband mode, 260 to 7000 Hz in wideband mode

• Volume: adjustable to 89 dB (peak) external PA/record out/OFF

Telco interface

• Network connection: 2-wire RJ-11 analog PBX or PSTN interface

• Speech mode

- Bandwidth 300 Hz to 3.3 kHz or 80 Hz to 7 kHz (point-to-point)

• Network requirements: compatible with standard PSTN and PBX networks, analog or G.711 encoded

• Software download mode

- Download protocol: V.34 compatible

- Connection rates: to 33 Kbps, depending on line quality

Treble/bass controls

• Adjustment range: ± 6 Db

Console microphones

• 3 cardioid microphones 80 Hz - 14 kHz

Console interface

• RJ-45: proprietary P8 interface-to-interface module

• RJ-11: 32 Mbps serial link for future expansion

• 2 EX microphone connections

Extension microphones

• 2 cardioid extension microphones (included), 80 Hz-7 kHz

Audio enhancements

• Automatic Gain Control (AGC)

• Dynamic Noise Reduction

• Gated microphones with intelligent microphone mixing

• 80 Hz to 7 kHz VTX wideband audio

Auxiliary audio

Input

• Style: phono jack

• Softkey configurable setup menus

Output

• Style: phono jack

• Function: switchable between subwoofer/ external PA/record out/OFF

• Softkey configurable setup menus

4.0
PLASMA SCREEN (42”) 

1. Technology PLASMA 

2. Effective Screen Size 42” (Diagonal) and above. 

3. Video Inputs: DVI, Analog RGBHV, RGB inputs for PC, Composite (RCA), S-Video 

4. Audio Inputs: Composite (RCA), Stereo 

5. TV/RF (antenna/cable) input with TV tuner for TV channels 

6. Video Inputs: Composite (RCA), S-Video 

7. Native Resolution 1024 X 768 pixels. 

8. Number of Pixels: 1024 (Horizontal) X 768 (Vertical) 

9. Compressed Mode PC Resolution: 1280 X 768 or more 

10. Color Reproduction: more than 20 Million Colors. 

11. Video System: NTSC, PAL, SECAM and its variants 

12. Simultaneous viewing of any 2 inputs in various modes (Picture– in– Picture, Split screen etc.) 

13. Plasma Screen should support 4:3 picture format, XGA & WXGA, Full & Panoramic Views. 

14. Audio: 8 + 8 W RMS stereo amplifier 

15. Stereophonic speakers with necessary cables 

16. Normal Operating Voltage/Frequency: AC 230V, 50Hz Raw Power. 

17. All Cables required for interfacing (Minimum Length 10 Mtrs.) 

18. Full function Infra-Red Remote control 

19. Should comply to all Safety Regulations & EMI Regulations 

20. Wall Mount (Tilt / Flat) 

21. Ceiling/wall Mounting Kit 

5.0
PLASMA SCREEN (55”) 

1. Technology PLASMA 

2. Effective Screen Size 60” (Diagonal) and above. 

3. Video Inputs: DVI, Analog RGBHV, RGB inputs for PC, Composite (RCA), S-Video 

4. Audio Inputs: Composite (RCA), Stereo 

5. TV/RF (antenna/cable) input with TV tuner for TV channels 

6. Video Inputs: Composite (RCA), S-Video 

7. Native Resolution 1024 X 768 pixels. 

8. Number of Pixels: 1024 (Horizontal) X 768 (Vertical) 

9. Compressed Mode PC Resolution: 1280 X 768 or more 

10. Color Reproduction: more than 20 Million Colors. 

11. Video System: NTSC, PAL, SECAM and its variants 

12. Simultaneous viewing of any 2 inputs in various modes (Picture– in– Picture, Split screen etc.) 

13. Plasma Screen should support 4:3 picture format, XGA & WXGA, Full & Panoramic Views. 

14. Audio: 8 + 8 W RMS stereo amplifier 

15. Stereophonic speakers with necessary cables 

16. Normal Operating Voltage/Frequency: AC 230V, 50Hz Raw Power. 

17. All Cables required for interfacing (Minimum Length 10 Mtrs.) 

18. Full function Infra-Red Remote control 

19. Should comply to Safety Regulations & EMI Regulations 

20. Wall Mount (Tilt / Flat) 

21. Ceiling/wall Mounting Kit 

6.0
IP Telephony (IP  PBX) System and IP Telephones
i) IP Telephony Systems

a. The IP Telephony system will be deployed in a clustered fashion across ERNET Delhi and ICAR HQ for 500 users scalable to 1000 users without any additional hardware/software/licensing. The cluster over here would mean the active redundancy provided by the IP telephony system over the distance (between ERNET and ICAR HQ). 

b. The IP Telephony system at the ICAR/ERNET HQ should be redundant solution capable of providing 1:1(server to server) redundancy to all IP phones in the network. This would ensure reduction in downtime for the end devices/phones. The bidder should provide a detailed description of the call flow of their system.

c. If the primary appliance(s) of the IP Telephony system at Site #1 fails or if Site #1 becomes unavailable because of any WAN link outages, all end points (IP and analog phones) should automatically register themselves with the backup appliance(s) at Site #2 of the IP Telephony System without any manual intervention.

d. No existing calls should be dropped during the switchover mentioned in the above point if the link is alive between them (2 sites on call).

e. The telephony user shall not do anything/any configuration (no manual intervention) to revert to the active server from the failed server.

f. There should be a provisioning for fax communication also across the State for sending the printed documents. All the offices should have provision for one analog port for Fax machine connectivity.

g. The IP Telephony solution must ensure that per call bandwidth consumed over the WAN is not more than 14Kbps on E1 links. The bidder should provide a detailed description of the mechanisms deployed to achieve the desired per call bandwidth.

h. Should provide the directory of all users of the region so that the users can search the using their IP Phones on the directory by first name or last name and can make calls to them. 

i. The users should be able to configure their own settings for their phone like speed dials, call forward settings etc through web interface without the intervention of the administrator.

j. Should provide Secure HTTP (HTTPS) support for management interface and user interface through which user changes his own settings.

k. Should support configuration of an authorization code that has to be entered by user prior to extending a call to a specific route pattern for enhanced security and to prevent toll frauds. The CDR should capture the details of the authorization code usage.

l. Should provide QoS statistics on a per call if needed.

m. The IP telephony solution should have CODEC support for G.711@64kbps, G.729A/B@8kbps. The compression codecs will be required for efficient utilization of the bandwidth resources.

n. Shall support all signaling standards/Protocols: Out-of-band dual tone multi-frequency (DTMF) signaling over IP, Q.SIG, H.323, SIP. 

Administrative Features:

a. Call detail records

b. CDR Analysis and Reporting Tools

c. Centralized, replicated configuration database, distributed Web based management

d. Configurable Call Forward Display

e. Database automated change notification

f. Date and time display

g. Lightweight Directory Access Protocol (LDAP) Version 3 directory interface to selected vendor’s LDAP directories          

1. Active Directory

2. Netscape Directory Server

h.   Debug information to common syslog file

i. Device-downloadable feature upgrades—Phones, hardware transcoder resource, hardware conference bridge resource, VoIP gateway resource

j.   Dynamic Host Configuration Protocol (DHCP) block IP assignment— Phones and gateways

k.   Dialed Number Analyzer (DNA)

l.   Dialed number translation table (inbound and outbound translation)

m.   Dialed number identification service

User Features
a.
Abbreviated Dial

b. Answer and answer release

c. Barge

d. Callback busy, no reply to station

e. Call connection

f. Call coverage

g. Call forward—all (off net and on net)

h. Call forward—busy

i. Call forward—no answer

j. Call hold and retrieve

k. Call Join

l. Call park and pickup

m. Call pickup group-universal

n. Call status per line (state, duration, number)

o. Call waiting and retrieve (with configurable audible alerting)

p. Calling Line Identification

q. Calling Line Identification Restriction call by call

r. Calling party name identification

s. Conference Barge

t. Conference List and Drop any party

u. Direct inward dial (DID)

v. Direct outward dial (DOD)

w. Directory dial from phone—corporate, personal

x. Directories—missed, placed, received calls list stored on selected IP phones

y. Distinctive rings

z. Distinctive ring per phone

aa. Drop last conference party (ad-hoc conferences)

ab. Extension mobility support

ac. Hands-free, speakerphone

ad. Immediate Divert to voicemail

ae. Last numbers redial

af. Malicious Call ID and Trace

ii)
IP Phone

a)
802.1af POE (15.4W) and Power Adapter Options for power.

b) Ten interactive/programmable soft keys.

c) High-resolution grayscale pixel-based LCD (min of 300 x 200).

d) Support for XML-based Services.

e) Internal 2-port 10/100BaseT Ethernet switch.

f) Support for G.711µ and G.729a audio compression codecs.

g) Support differentiated services code point (DSCP) and 802.1Q/p standards.

h) Phone should support manufacturing-installed digital certificates, device authentication, and encryption.

i) It should be possible to assign IP address statically configured or configured through the DHCP client.

j) Comfort-noise generation and voice activity detection (VAD) programming.

k) The phone should support SCCP or H.323 or SIP.

l) Video telephony Support.

iii) IP Video Phone 

a) The IP Video phone should provide integrated audio and video interfaces to user and should work with the Call Control System.
b) The video phone should be integrated with the Lightweight Directory Access Protocol Version 3 (LDAP3) standard directory.

c) The user should be able to adjust display contrast, select background images and select ringer sounds through.
d) It should support address leasing from Dynamic Host Configuration Protocol (DHCP) server and Trivial File Transfer Protocol (TFTP) for firmware download. 
e) The IP Video phone should avail the Call Control redundancy features.
f) It should support XML based applications for productivity enhancement.
g) The IP Video phone should have a 2-port Ethernet switch to connect a co-located PC. Should support 802.1Q VLAN tagging for assigning the PC to data and phone to the voice VLAN.
h) The phone should shave high quality full duplex speakerphone with microphone mute facility.
i)  The phone should connection of external headset.
j) The user should be able to see the local and remote video while making a video call.
k) The IP Phone should be able to receive power down the LAN from 803.3af Power over Ethernet (PoE) compliant Ethernet switch. Alternatively it should be possible to power it up with external power adaptor.
l) It should support G.711 and G.729a/b audio compression codecs.

m) Should support Comfort-noise generation and voice activity detection (VAD) and echo cancellation.
n) It should support the following video standards - H.261, H.263, H.263+, and H.264.

o) The video functionality should support 30 frames per second using H.263 when using 256 kbps (or more) for video.

p) The video functionality should support 30 frames per second using H.264 when using 128 kbps (or more) for video.

q) Should support 4CIF (704 x 576 pixels), QCIF (176 x 144 pixels) and SQCIF (128 x 96 pixels) in PAL mode.
7.0
Central Router

a. The Central Router should have the four 2 Mbps links, ISDN PRI and Security features of Firewall, Intrusion Detection and IPSec with 3DES.

b. The four parallel links (2Mbps) running PPP between two locations that shall be possible to be aggregated together using data link layer protocols to ensure higher performance. Such implementation on the router should be standard based and should conform to RFC 1717 (Multilink PPP).

c. The Router to be provided with ISDN PRI support to make sure that the backup connectivity is automatically provisioned to the remote sites, without any manual intervention in the event of primary link failure. When the primary link comes back, the router should be able to terminate the backup connectivity automatically to ensure optimized functionality of the network.

d. The router must support firewall services, support IDS and IPS services, support IPSec 3DES & AES VPN services on the routers to enable the VPNs for encryption of application traffic for enhanced security. Also, should have the feature of preventing Denial of Service attacks.

e. The Router should have atleast four free slots, shall support additional of atleast ten 2 Mbps links & Two Gigabit/ four Fast Ethernet ports and router should be provided with the redundant power supply for power redundancy. 

f. Must have support for field-upgradeable modular cards and interfaces allowing for quick, easy and low cost maintenance.

g. The router should be rack mountable in 19” rack specifications.

h. The router should support routing protocols such as RIP(V1&V2), RIPng, OSPF, OSPFv3 for IPv6 BGP, static and policy based routing, IS-IS etc.

i. The router should have inbuilt ports for in band configuration & management purposes and one port for out-of-band N/W management.

j. The router should support protocols such as IP, IPv6, MPLS, PPP, MLPPP, X.25, Frame Relay, ISDN etc.

k. The router should have 64 MB Flash with support for a maximum of 256 MB system flash memory.

l. The router should have 256 MB RAM with support up to a maximum of RAM of 1GB.

m. The router should support security features such as NAT, Access list, IPSEC, Firewall, IPS, DoS, DdoS, PPP authentication (CHAP and PAP), etc.
n. The router should have performance of at least 400 Kpps.

o. The router should be scalable to support VPN functionalities based on IPSec protocols.

p. There should be support for optional Redundant Power Supply (RPS). Router should support redundant load sharing AC Power Supplies. It should be possible for a single Power supply to support a complete loaded chassis.

q. The router should be capable of booting from a remote node, where the router image is present.

r. Dial-Backup, Dial-on-Demand, Bandwidth on Demand, IP RTP header compression, pay load compression, load balancing on WAN ports features should be supported.

8.0
Ethernet LAN Switch (POE)

a) The proposed device should provide Layer 2 switching functionality 

b) Minimum switching capacity of the device should be 8.8Gbps 

c) Minimum of 6.6 Mpps throughput

d) Minimum of 24-port 10/100Mbps Fast Ethernet autosensing ports with two uplink slots supporting gigabit ports such as 1000Base-Sx, 1000Base-Lx, and 1000Base-T

e) 19-inch Rack-Mountable 

f) Should support Power over Ethernet for all 24 ports

g) Switch Management Capabilities: SNMP, Web, CLI, 4RMON groups

h) Support for minimum 8000 MAC addresses

i) Support for 4 hardware based queues per port with configurable threshold employing queues management techniques, type of service/class of service (ToS/CoS) mapping mechanism.

j) Security and network management support: RMON, SNMP,etc.

k) IEEE compliant for 

• IEEE 802.1d Spanning Tree Protocol

• IEEE 802.1p Class of service (CoS) classification

• IEEE 802.1q VLAN

• IEEE 802.1s

• IEEE 802.1w Rapid Convergence Spanning Tree Protocol

• IEEE 802.1x Port Access Authentication

• IEEE 802.3ad Link Aggregation Control Protocol (LACP)

• IEEE 802.3af Power over Ethernet

• IEEE 802.3x full duplex on 10BASE-T, 100BASE-TX, and 1000BASE-T ports

• IEEE 802.3 10BASE-T

• IEEE 802.3u 100BASE-T/TX

• IEEE 802.3ab 1000BASE-T

• IEEE 802.3z 1000BASE-X

• IGMP (v1, v2, and v3) snooping

• Per VLAN Spanning Tree

• Per VLAN Spanning Tree Plus

• Per VLAN Rapid Spanning Tree Plus

• Secure Sockets Layer (SSL)
9.0
UPS
I.
10KVA 
	TECHNOLOGY
	Microprocessor controlled True On-line using IGBT as switching devices.

	User Interface
	LED display for: 

UPS on

 Line on

Battery operation

Inverter overload

	POWER RATING
	10KVA

	ELECTRICAL  INPUT

	Rated Voltage
	Single Phase 230 VAC

	Voltage Range
	150~270V

	Frequency Range
	46Hz~54Hz

	Power Factor
	>=0.85

	Efficiency Overall
	>85%

	ELECTRICAL  OUTPUT

	Voltage
	230VAC , 230 selectable

	Frequency
	50Hz +/- 0.2Hz

	Crest Factor
	3:1

	Voltage Distortion
	<=3% total harmonic with 100% linear load

	Overload Capacity
	105% for 10 minutes

125% for 1 minute.

	PROTECTIONS
	a) Input Over / Under Voltage

b) Phase Fail

c) Overload at the Output

d) Output AC Over/Under Voltage

e) Battery Short Circuit

	ALARMS
	a) Mains Fail

b) Low Battery

c) Overload

	BATTERY

	Type
	Sealed lead acid battery, maintenance free with steel rack for battery housing.

	Backup Time
	Two Hours



	AMBIENT PARAMETERS

	Operating Temperature
	0 to 40C

	Humidity
	20 to 90%

	Audible Noise
	Less than 45 db

	DIMENSIONS & WEIGHT
	Light Weight Smaller Footprint

	Quality Standard
	ISO certification


II.
UPS 1 KVA

· Online UPS with 30 minutes backup using SMF batteries.

· Protection to overload/over voltage and battery undervoltage

· Indicators for battery charging, inverter on and battery low

· Operating temperature 0-40c

