Upgradation & Expansion of EPABX System for Tezpur University

Existing EPABX Setup

EPABX Details

Make: AVAYA

Model:Definity G3Si R9 Simplex System (Single Cabinet) 

Present System Configuration

Along with Processor and Control cards 

24 Port Digital Line Card  
- 01
(24 Ports Total)

24 Port Analog Line Card 
- 11
(264 Ports Total)

8 Port CO Trunk Card      
- 02 
(16 Port Total)

Operator Console

- 01 

DMKT Phone


- 02

Wintap Call Charge Software
- 01 
Float Cum Boost Charger(FCBC) Details

Charger Make: Amraraja

Charger Capacity: 20A+20A

Battery Bank: 2 x 4 Nos. Sealed Maintenance Free Batteries (12V 65AH)

All extension lines both analog and digital are drawn from single unit located at the EPABX room

PART 1: REQUIREMENT FOR THE EPABX SYSTEM

The solution should be IP based comprehensive and modular including racks, cards, cabinets, servers, etc. The vendor may use the existing cards/ cabinets etc or give a buy back offer for the existing solution. However, the total solution will have to be under comprehensive warranty for a period of three years.

System Architecture-

· The Communication Architecture should be of Server-Gateway type to facilitate a distributed architecture with central call control over the IP network.

· The Gateway system should be 19” rack mountable & have Universal slot for line/trunk. Wherein any peripheral card can be inserted in any slot of the shelf, thereby enhancing the flexibility of the configuration.

· The Server should be an industry-standard server with Latest processor based architecture.

· The server should use an open-source operating system from Linux family.

· The system should be expandable up to 2500 ports with same initial Server. The stations that will be supported would be a combination of digital, analog and IP endpoints.

· The Single Server should support to connect up to 100 different location via Gateways over IP Backbone.

· The Server should have a Busy Hour Call Completions (BHCC) of at least 1,00,000.

· The Server & Gateway should not be in the same Unit sharing the same Active Backplane/ Motherboard (so as to prevent total failure of entire system during Motherboard failure)

· The Server must have remote-access capability over standard PSTN networks for maintenance.

· Security features like Real-time Media Encryption, Access Security Gateways, and Malicious Call Trace should be supported.

· To ensure security of IP voice packets, end-to-end Media Encryption must be supported. The encryption employed should be strong and Standards based. 

· The offered system should be modular in design. The architecture of the IP-PBX should be capable of seamless migration to its maximum capacity by simply adding peripheral cards on the same set of control box without compromising on any function /features of this system or any degradation of service.

· All components should be rated for continuous operation of the system and should be designed in such a way that any damage in circuit/ subassembly/ assembly should be self containing and should not be propagated to other parts of the system.

· The system design should be immune to noises from various sources like power supplies, equipments, lightning flashes, external signals, etc.

Central Processing Unit(CPU):

· The CPU of the IP-PBX should be Server based(Simplex) with Pentium Class(or higher) Processor, 512MB(or higher) Memory and 40GB(or higher) HDD space and should have redundancy and backup features. CDROM Drive for easy installation of Softwares and Patches.    

· The operating system of the server should be open sourced like Linux. Any other proprietary OS is not acceptable.

Media-Gateway for PBX Building as per existing capacity-

The offered system should support/comply the following: 

· Remote shelf (19” Rack Mountable) should be supported on IP protocol run over Optical Fiber. 

· The gateways should have modular architecture with the ability to stack multiple gateways in a single location. One or more such stacks should be placed in each location under the same server / processor’s control.

· Gateway to Server connection should be secure if it is connected via the local LAN/WAN.

· Should provide a hybrid endpoint mixture, i.e., both IP as well as TDM (analog/digital) endpoints. Inter-conversion between TDM and IP endpoints should be simultaneous.
· Tone-generation and tone-detection resources should be local to the gateway.

· The gateway should have option for both AC and DC power supplies.

· Support redundant power-supplies in each gateway cabinet. 
· High voice quality for IP-based access points based on mechanism such as Echo cancellation, Voice Compression G.729A with 8 kbps, and Silence Suppression, QoS support via IP Network by traffic prioritization: IEEE 802.1 d/q and IETF DiffServ.

· It should be possible to provide real time encryption on all IP phones for Security. 

· Remote shelves should be centrally administrable from the host system.

Remote Gateway for Administrative Building, Chemical Sciences Building, Energy Building & Residential Area

· The Gateway must be 19” rack-mountable solution with a universal-slot architecture for flexibility in putting in any type of circuit-pack/circuit-card.

· The Remote Gateway should contain at least 60 VoIP resources, a layer 2 switch, and a standard based connectivity for traditional trunk and stations.

· The Remote Gateway should support G.711 and G.729 codecs.

· Each Remote Gateway should support minimum of 60 @G.711 single channel calls or 30 @G.729A calls.

· The Remote Gateway should have Intel based controller & minimum of 3 slots.

· It should also support additional VoIP resource modules if required.

· The Remote Gateway should support Modules that allow support for traditional interfacing of service provider network access solutions such as T1/E1, International ISDN BRI, Loop Start/Ground Start Trunks, as well as connections to TDM based endpoints such as digital phones, analog phones and tip/ring devices.

· There should be no limit on distance at which gateway can be placed.

· All the tone generation and tone detection should be local to the gateway.

· The Remote Gateway should provide support for 100% IP or 100% TDM or blended endpoints.
· The local Gateway should have Alternate Connectivity to the Server in case of Primary Link Failure.

· To ensure security of IP voice packets, end-to-end Media Encryption must be supported. The encryption employed should be strong and standards based.

· System should have a LED board that indicates system-level status.

· Gateway Should communicate with Server over H.248.

· System should have a LED board that indicates system-level status.

· The Remote Gateway should have internal fans to provide cooling for internal components.

· The Remote Gateway should have in-built H.323 Gatekeeper.

· The gatekeeper should support a 10/100-Base-T connection with TCP/IP connectivity between the existing IP telephony server at FCC and an IP endpoint.

· It should provide services as per H.323v2 protocol stack. This means the voice packets should be carried via UDP.

Quality of Service requirement

The offered solution must provide a standards based mechanism for QoS implementation. There are 3 parts to it

· At Layer 2, Ethernet 802.1p/Q standards define the bit markings of Ethernet packet header which are used to prioritize packets at Layer 2.

· At Layer 3, IP standard DiffServ defines bit markings in the Type-of-Service (TOS) fields in the IP header, which will identify a packet to be associated with a specific service. On IP equipment end-to-end, these services can be administered.

· At Layer 4, it should support UDP port-prioritization.
General Requirement & Scope of Supply:

1. The system shall be capable of use as a local, tandem, transit exchange (which require additional software) or combination of these. System shall be capable of working as transit switch, local switch, data circuit switch, packet, and switch in both digital and analog environment.

2. The single Server Base system should support to connect up to 100 different location via Gateways connected over IP Cloud

3. The quoted exchange should be equipped to support all existing stations plus new and should be expandable up to 2,500 ports on the same initial Processor. 

4. The quoted system will be distributed over different existing locations (PBX Building, Administrative Building, Chemical Sc. Building, Energy Building & Residential Area) connected over IP Link via OFC cable to be provided by Tezpur University.

5. The Main Server located at PBX Building should be equipped with:

· 264 nos Analog extension ports with CLI facility with both name & number display on analog CLI phones

· 24 nos Digital Extension ports

· 16 nos Analog CO Trunk Ports

· Operator Console with DSS

· VoIP resources for 64 simultaneous speech path between this location to other locations over IP Backbone

· 6 Party inbuilt/external audio bridge for 100 simultaneous conference facility

· Integrated or PC Based Announcement Resource used for Auto-Attendant, Call Forward, DND, MOH, Wake-Up calls etc for 256 simultaneous caller.

· LAN port for Management, Call Billing etc.

· Main Distribution Frame(MDF) for above no. of lines.

6. The remote gateway located at Administrative Building & equipped with:

· 60 nos Analog extension ports with CLI facility with both name & number display on analog CLI phones
· VoIP Ready with all necessary cards

· Integrated IP Gateway card (60 channel)

7. The remote gateway located at Chemical Sc. Building & equipped with:

· 40 nos Analog extension ports with CLI facility with both name & number display on analog CLI phones
· VoIP Ready with all necessary cards

· Integrated IP Gateway card (60 channel)

8. The remote gateway located at Energy Building & equipped with:

· 40 nos Analog extension ports with CLI facility with both name & number display on analog CLI phones
· VoIP Ready with all necessary cards

· Integrated IP Gateway card (60 channel)

9. The remote gateway located at Residential Area & equipped with:

· 100 nos Analog extension ports with CLI facility with both name & number display on analog CLI phones
· VoIP Ready with all necessary cards

· Integrated IP Gateway card (60 channel)

10. The system should have the facility of Out calling/Call Forwarding i.e notification to external /internal device Ringer, Programmed Phone number, local extension, Pager, Cell Phone number etc. in case of emergencies.

11. The EPABX shall be capable of PULSE to TONE conversion and vice-versa to enable correct operation in originating and receiving calls.

12. There must be protection of EPABX from high voltage / current transient occurring in junction lines to the Exchange.

13. The EPABX shall be suitable for operation on either 230VAC(+/- 10%), 50Hz(+/- 2 Hz) Uninterruptible Power Supply(UPS) source or  48VDC Float Cum Boost Charger(FCBC) source. Exact power requirement for the quoted Server and Gateways should be clearly indicated.

14. The remote gateways shall be capable of working in a suitably ventilated non-air-conditioned environment. However, at the central unit consisting of server there will be provision for air-conditioning.

Expandability Options

With above IPPBX solution, vendors have to quote following optional items which may be necessary for further expandability of the system to new location(s). 

1. Media Gateways
· Media Gateway VoIP ready for 60 Voice Channels with different slot capacity for further expansion (20, 40, 60, 80, 100 & 200 Port Capacity). Vendors must give nearest matching Media Gateways to configure above port capacities. 

· Analog Port Card 

· Digital Port Card

· CO-Trunk Card

· IP Gateway Card (if any)

· DS1/E1 Connectivity for 30 Channels

· Any other card(if any)

2. Different IP Hard-Phone models with features and specifications.

3. IP Soft-Phone with features, specification and licensing options.

4. Different Digital-Phone models with features and specifications.

5. Termination and Connectivity Solution including Racks, Patch Panels, Patch Cords, MDF, Jumpers, etc.

Features and Facilities Required-

The servers should provide the following features as a part of its telephony functions

· Call coverage - min 5 independent coverage paths for various incoming call

· Authorization Codes – 5-7 digit authorization code to make outgoing calls thereby ensuring no misuse of the system

· Call pickup within the group as well as outside the group

· Account Codes – It should be possible to enter account codes before or during a call. Users may be forced to enter account codes based upon their class of service.

· Alternate Routing – Automatically re-route calls which encounter a busy trunks on the initial route. Automatic digital translation is carried out by the system. Provides the possibility of reaching external destinations via different routes.

· Call Detail Recording – Records detailed call information on all incoming and outgoing calls on specified trunk groups and stations, including those administered for intra-switch recordings, and send this information to any printer or other CDR security device.

· Class of Restriction – Defines different call origination and termination privileges. There should be support upto 50 CORs in the system. 

· Class of Service - Defines whether or not voice terminal users may access the following features and functions: Automatic Callback, Call Forwarding All Calls, Call Forward Busy/Don’t Answer, Data Privacy, Extended Forwarding All, Extended Call Forward Busy/Don’t Answer, Priority Calling, Restrict Call Forwarding Off-Net, Personal Station Access, Trunk-to-Trunk Transfer Restriction Override, Off-Hook Alert, Console Permission, and Client Room.

· Direct Inward Dialing – The proposed system must support direct inward dialing for external parties to call in.

· Direct Inward Station Access – This feature must be optionally available, allowing an outside caller to access switch features by dialing a special telephone no. Without attendant assistance, it should permit remote access to the server and long-distance facilities from off-premise stations. For security, there should be the option of turning off this feature.

· Day/Night Trunk Control – To reduce cost and improve system security it should be possible to restrict the access to certain trunks depending on time of day.

· Distinctive Ringing – The system should provide audibly different ringing patterns between internal, external and special feature calls.

· Flexible numbering plan – Support up-to 10 Digit for an extension number & Allow phone number assigned to a station to be changed through software. 

· Music on Hold – The system must provide music and/or a recorded announcement to callers on hold.

· Least Cost Routing – It must be possible to use private networks and alternate public networks from different Service Providers to optimize your communications traffic in terms of both access and cost. 

· System Traffic Reports - Traffic statistics should be provided on incoming and outgoing trunk groups, attendant consoles, station hunt groups, and individual stations. The information reported must include the number of calls and call duration. The Tenderers must describe the proposed system’s traffic reporting capabilities.

· System Abbreviated Dialling – The system should have the ability to store a list of frequently called numbers that will be available on a system-wide basis to all users. Bidders must state the capacity limitations of the system including maximum digits per entry.

· Uniform Numbering Plan - The system shall permit a uniform numbering plan (Closed Numbering Plan) system to be used to simplify access to all extensions of the network. The system must be able to implement a uniform numbering plan based on 7 digit extension numbers for all sites.

· Dynamic Locking Facility – The system must allow users ability to lock their phones to prevent unauthorized outgoing calls. There must be audio and/or visual indication on a locked station. Activation/deactivation on station must be easy.

· Meet-me conferencing – The system must have in-built ability to have meet-me conferencing between 6 parties with the conferencing parties being a mix of both internal and external. Further it should support 100 such conferences simultaneously.
· CLI (Caller Line Identification) facility:  Name & Number should be displayed on all analog extensions (FSK support phone) if the caller is from another IP-PBX extension located within a radius of 6 kms. For external calls, number should be displayed.
· Integrated Announcements – The system should provide the callers (internal/external) with recorded announcements for situations like call forwarding, wakeup-call registration/cancellation, MOH etc. (max 120 announcements & 256 simultaneous caller).
· Personal Station Access - This feature allows you to transfer your telephone station preferences and permissions to any other compatible telephone. This includes the definition of telephone buttons, abbreviated dial lists, and class of service, and class of restrictions permissions
· System should offer In-Built/External Help-Desk software to support Automatic Call Distribution feature for complaint logging/emergency reporting etc
· Call Forwarding: Any extension shall be able to transfer all incoming calls temporarily to another pre-selected extension. Such requests shall be registered by dialing a code followed by the extension no. Facility also exists for cancellation of a request registered earlier. This facility should be available throughout the network.

· Call Transfer: Any extension user must be able to transfer call to another extension without the help of attendant.

· Call Diverting: On Busy, On No Response, After Specific No. of Rings, etc

· Call Bridging:  Bridging Calls from extension to cell phone.

· Auto Call Disconnection: The System should facilitate to fix the time of call beyond which it will be automatically disconnected.

System Administration and Maintenance Facilities-

· The system shall provide an administrative console for all administrative tasks like add/ remove/ modify and and features programming.

· It shall be possible to use a PC with terminal emulation software loaded onto it to access the console interface.

· It should be possible to perform initial configuration tasks, maintenance tasks, rudimentary administration tasks etc. via web pages. For this use, there should be a built-in web-server inside the telephony server.

· The system should allow remote access over LAN/ WAN or PSTN for maintenance functions – for both software and hardware of the server.

· The system shall continuously run self-tests and log any kind of alarm immediately. The fault information data may be displayed on the system terminal, and may raise an alarm both on an external alarm or a pre-defined extension or cell-phone.

· The system shall allow multiple administrators to log in simultaneously, both locally and/or remotely.

· The system shall maintain a history of commands executed.

Attendant Console

· 1 x 40 character LCD display

· Support Handset/Headset connectivity

· Support min 14 fixed buttons, 19 programmable feature buttons

· 12 fixed Direct Trunk Group Select buttons

· Extension/Trunk fault Verify feature

· Jack for connecting optional DSS (Direct Extension Select & Dialing with LED Visual Indication)

· Audio-Visual Indication for incoming calls

· Supports optional DSS

Billing Software-

· The billing software should be web-based as well as GUI based. Users should be able to check his/her bills extension wise immediately after a call is made. There should be protection mechanism so that he/she can not view other’s call details except by the system administrator. 

· The software should provide the administrator facility to generate monthly or periodically  for all/selected extensions at a time.

· The billing software should have capability to get the Extension to Extension calls 

Manuals & Guides

Following Manuals and Guides have to supplied along with the system-

· Operation and Maintenance Manuals 

· Trouble-shooting guide

Training

All training related to System Administration, Configuration, Maintenance and Operation has to be arranged at the site of installation for at least two peoples.

PART B: REQUIREMENT FOR VOIP NETWORKING
The switching solutions are required to be setup for the Voice and Data Convergence. The switching solutions should be of any reputed manufacturing company which may or may not be from same company as the IP-PBX solution. All the solutions must comply with the above proposed voice solution architecture where traffic prioritization is of at most concern for high quality voice communication.
The Present Data switching is based on 10/100 based with Managed Layer-3 Switching Products without using any Core Switching Component

Vendor has to quote following switches along with technical literatures. Also, compatible add-on modules/ transceivers/ patch-cords wherever not specified has to be quoted along with the base product.

	Sl No.
	Specification
	* Quantity

	1a
	Layer 3 Managed rack mount switch

· 10/100/1000 Base TX RJ45 Ports-24

· 1000 Base LX(SM) uplink SFP based ports-4

· 19” Rack Mountable

· Min. 48Gbps backplane speed

· 35.7Mpp(64 Byte Packet)

· MAC Address Table-12K

· VoIP Support 

· 256 VLANs

· Network Access Control based on Access Control List

· SNMP Support

· Web based management access
	Quantity will be based on solution

	1b
	Optional: Mini GBIC LX Transceiver (Supporting 2Km)   
	Quantity will be based on solution

	1c
	Optional: SC-SC/LC/MTRJ SM Patch Cords             
	Quantity will be based on solution

	2a
	Layer 2 Managed rack mount switch-Type-A

· 10/100 TX RJ45 Ports -24

· 1000 Base LX(SM) uplink SFP based ports-4

· 19” Rack Mountable

· Min. 8.8Gbps backplane speed

· 6.6Mpps(64 Byte Packet)

· MAC Address Table-12K

· VoIP Support 

· 64 VLANs

· Network Access Control based on Access Control List

· SNMP Support

· Web based management access
	Quantity will be based on solution

	2b
	Optional: Mini GBIC LX Transceiver (Supporting 2Km)   
	Quantity will be based on solution

	2c
	Optional: SC-SC/LC/MTRJ SM Patch Cords             
	Quantity will be based on solution

	3a
	Layer 2 Managed rack mount switch-Type-B

· 10/100 TX RJ45 Ports-24

· 100 Base FX SC Ports (MM)-4

· 19” Rack Mountable

· Min. 8.8Gbps backplane speed

· 6.6Mpps(64 Byte Packet)

· MAC Address Table-12K

· VoIP Support 

· 64 VLANs

· Network Access Control based on Access Control List

· SNMP Support

· Web based management access
	Quantity will be based on solution

	3b
	Optional: FX  100BASE-T Transceiver
	Quantity will be based on solution

	3c
	Optional: SC-SC/LC/MTRJ MM Patch Cords             
	Quantity will be based on solution

	4a
	Layer 2 Managed rack mount switch-Type-C

· 10/100/1000 TX RJ45 Ports-24

· 100 Base FX SC Ports (MM)-4

· 19” Rack Mountable

· Min. 8.8Gbps backplane speed

· 6.6Mpps(64 Byte Packet)

· MAC Address Table-12K

· VoIP Support 

· 64 VLANs

· Network Access Control based on Access Control List

· SNMP Support

· Web based management access
	Quantity will be based on solution

	4b
	Optional: FX  100BASE-T Transceiver   
	Quantity will be based on solution

	4c
	Optional: SC-SC/LC/MTRJ MM Patch Cords             
	Quantity will be based on solution

	5a
	Layer 3 Fiber Switch

· SFP Slots  - 12

· Min 10/100/1000 BASE Ports –  4

· 19” Rack Mountable

· Min. 24Gbps backplane speed

· 17.86 Mpps(64 Byte Packet)

· MAC Address Table-16K

· VoIP Support 

· 256 VLANs

· Network Access Control based on Access Control List

· SNMP Support

· Web based management access
	

	5b
	Optional: SFP Transceiver 1000BASE-SX to Support 2Km over 62.5Micron   MM OFC 
	Quantity will be based on solution

	5c
	Optional: SFP Transceiver 1000BASE-SX to Support 550m over 62.5Micron   MM OFC
	Quantity will be based on solution

	5d
	Optional: SFP Transceiver 100BASE-FX to Support 2Km over 62.5Micron   MM OFC
	Quantity will be based on solution

	5e
	Optional: SFP Transceiver 100BASE-FX to Support 550m over 62.5Micron   MM OFC
	Quantity will be based on solution

	5f
	Optional: SFP Transceiver 1000BASE-LX to Support 2Km over Single Mode OFC
	Quantity will be based on solution

	5g
	Optional: SC-SC/LC/MTRJ SM/MM Patch Cords  as per above transceivers             
	Quantity will be based on solution


* Final Bill of Material has to be finalized after site survey by the selected party

PART C: CABLING, TELEPHONES AND OTHER ALLIED SERVICES
The Tenderer must quote following items and Services for Analog/ Digital/ IP Hard Phone Extension installation. 

	Sno.
	Item
	* Qty(Approx)

	1a.
	Analog Telephone 

· Tone and Pulse Switchable 

· All Push Button Type
· Redial Button
· Hold Button 
· Conference Button
· TEC Approved
	200

	1b
	Analog Telephone with speaker phone

· Tone and Pulse Switchable 

· All Push Button Type
· Redial Button
· Hold Button 
· Conference Button 
· TEC Approved
	20

	1c
	Analog Telephone with CLI 

· Tone and Pulse Switchable 

· All Push Button Type
· Redial Button
· Hold Button 
· Conference Button 

· TEC Approved
	20

	1d
	Analog Telephone with CLI and speaker phone

· Tone and Pulse Switchable 

· All Push Button Type
· Redial Button
· Hold Button 
· Conference Button

· TEC Approved
	20

	2
	Line Patch Panel as per solution 19” Rack Mount Option
	Price Per Unit

	3
	Patch Cords RJ45 to RJ45 (1 Mtr. )
	Price Per Unit

(Approx. Qty 240 Nos.) 

	4
	PVC Line Cable 2-Pair
	Price Per Unit Metre

(Approx 15000 Mtrs)

	
	Underground Jelly Filled Armoured Cable 2-Pair
	Price Per Unit Metre

(Approx 7500 Mtrs)

	
	Underground Jelly Filled Armoured Cable 10-Pair
	Price Per Unit Metre

	
	Underground Jelly Filled Armoured Cable 20-Pair
	Price Per Unit Metre

	
	Underground Jelly Filled Armoured Cable 50-Pair
	Price Per Unit Metre

	
	Underground Jelly Filled Armoured Cable 100-Pair
	Price Per Unit Metre

	7
	Patch Cords RJ11 to RJ11 (1 Mtr. )
	If Required

	8
	Patch Cords RJ11 to RJ11 (2 Mtr. )
	If Required

	9
	Patch Cords RJ11 to RJ11 (3 Mtr. )
	If Required

	10
	I/O Wallmount Box for Telephone RJ11 Type
	240

	
	DP Box 10 Pair Populated with Krone Modules
	Price Per Unit

	
	DP Box 20 Pair Populated with Krone Modules
	Price Per Unit

	
	DP Box 50 Pair Populated with Krone Modules
	Price Per Unit

	
	DP Box 100 Pair Populated with Krone Modules
	Price Per Unit


Installation Services

	Option 1

	1a
	Indoor 2-pair  Line Laying (excluding cap-on-casing pipes) 
	Price Per Unit Metre

(Approx 15000 Mtrs)

	1b
	Indoor cap-on-casing 1 inch Laying 
	Price Per Unit Metre

(Approx 5000 Mtrs)

	Option 2

	2
	Indoor 2-pair  Line Laying including supply of cap-on-casing pipes
	Price Per Unit Metre

(Approx 15000 Mtrs)

	Option 3

	3
	Indoor 2-pair  Line Laying per point basis including supply of cap-on-casing
	Price Per Unit Metre

(Approx 15000 Mtrs)

	Underground Cable installation including 3” Trench Digging, Laying using sand Filling and Brick Lining

	4
	Under Ground Jelly Filled Armoured cable installation 2-Pair
	Price Per Unit Metre

(Approx 15000 Mtrs)

	
	Under Ground Jelly Filled Armoured cable installation 2-Pair
	Price Per Unit Metre



	
	Under Ground Jelly Filled Armoured cable installation 10-Pair
	Price Per Unit Metre



	
	Under Ground Jelly Filled Armoured cable installation 20-Pair
	Price Per Unit Metre



	
	Under Ground Jelly Filled Armoured cable installation 50-Pair
	Price Per Unit Metre



	
	Under Ground Jelly Filled Armoured cable installation 100-Pair
	Price Per Unit Metre




* Final Bill of Material has to be finalized after site survey by the selected party

GENERAL TERMS & CONDITIONS

1. No separate tender paper will be issued from the office; one should only download the specifications from the web site.

2. The quotations have to be submitted in properly sealed covers superscribed clearly as “QUOTATION FOR UPGRADATION AND EXPANSION OF EXISTING AVAYA DEFINITY G3Si-R9 EPABX SYSTEM AT TEZPUR UNIVERSITY”.

3. Quotations should be for nationally/ internationally reputed brands of EPABX system.

4. Validity of the offers should be at least 180 Days.

5. The offers should be in two bid system i) Technical bid and ii) Financial bid.

6. All Bid Documents must be accompanied by an EMD(in the form of Call Deposit) amounting to Rs. 20,000/-(Twenty Thousand Only) pledged in favour of  the Registrar, Tezpur University, payable at Tezpur. 

7. Copies of Up-to-date VAT clearance certificates, indicating TIN number etc. should be enclosed.

8. Copy of Manufacturer/ Distributorship/ Dealership Certificate has to be enclosed with the offer.

9. Bidders should clearly state the existing after Sales Service & Support Network and Customer base in North-East India.

10. Rates quoted should be on F.O.R. Tezpur University, Tezpur basis with following breakups-

Basic Price

(+) Central Excise Duty(CED)

(+) Packaging & Forwarding Charges(P&F) (if any)

Sub-total Price (Including CED and P&F Charges)

(+) VAT/CST (Sub-total Price (Including CED and P&F Charges)

Sub-total Price (Including CED +P&F+VAT/CST)

(+)Freight & Insurance Charge(If any)

(+) Installation & Commissioning Charge(including Service Tax)(if any)

Grand Total*(F.O.R. Tezpur University) Price

(*Assam Govt. Entry Tax @4% on the total Invoice Value is required to be paid by this Institute on CST Billed items)

11. The University is exempted from payment of Central Excise & Customs Duty.

12. The supplier should be in a position to deliver and install the ordered items within the stipulated time mentioned in the supply order.

13. The University reserves the right to accept or reject any or all the quotations without assigning any reason.

14. Applications should be forwarded to the Registrar for release of call deposit against unaccepted quotations.

15. Three Years Comprehensive On-site warranty from the date of successful installation has to provided. 

16. The Annual Maintenance Contract(AMC) rate after Three Years warranty will have to be clearly stated.

17. Vendors must not quote any product whose end of sale tenure has reached. 

***







