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  Warranty and sample Policies

       Chima's Warranty Policy  
 

For all of Chima's Dealers, resellers, Distributors, Chima offers 

a warranty of ONE year.  

>>> Expire date be from the date of receipt of shipment by client.  

>>> Regular Replacements to be shipped with the shipment of re-orders.  

All the cost for Regular Replacements be furnished by Chima.  

>>> Urgent Replacements to be shipped within 2 weeks.  

All the cost for Urgent Replacements be furnished by clients.  

  

          Chima's Sample Policy  

 

>>> Chima's samples are all charged. Regularly samples's costs are 10% 

higher than that for bulks. 

Different samples, different prices. For those samples that needs to

 be produced particularly, an extra  Production cost shall be applied.  

>>> Sample's costs are to be returned in a re-order based on a MOQ. 

 

>>> Free samples apply to Chima's partners that are at a long term 

business relation.  
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VoIP phones seriesCHIMA

3G Mobile compatible VoIP Video Phone 

SVP3300

Description:

The third generation of VoIP Video Phone, the svp3300 , that 

comes with an abundance of exciting new features. This sleek and 

streamline looking series is compatible with 3G mobile phone systems.

3G Mobile System Compatible 

The svp3300 is compatible with 3G networks and mobile videophones.

 Calls can be made between fixed line videophones and 3G mobile 

videophones, thus enabling face-to-face communications between 

homes, offices and mobile users on the road. 

Built-in NAT Router

The built-in NAT Router enables the end user to share the same 

broadband link for both video telephony and internet access without

 increasing access charges for separate IP addresses. With a priority 

switch built-in, video telephony traffic is given preference to ensure 

smooth video conversation even when someone is using the same link for 

internet surfing. 

Support Firewall/Border Traversal Solution

The svp3300 supports network based firewall and border traversal 

solutions offered by service providers, allowing telephony services 

to be deployed behind NAT/Firewall environments in enterprises. 

In addition, the svp3300 supports VLAN routing for better control of

 video, voice and data traffic. 
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CHIMA

SIP 2.0/IAX2 Dual port VoIP phone

SVP305

Description:

SVP305 IP phone is an internet based voice broadband phone terminal 

supporting power supply through Ethernet.SVP305 IP phone adopts multiple 

voice  control protocols and voice compression codec to directly convert 

analog voice  into IP packet for internet transport, thus effectively using

 the existing bandwidth to provide PSTN quality voice service 

SVP305 IP phone supports SIP 2.0 and IAX2 protocol, offering two 

 10/100Mbps  Ethernet interface with built in router. SVP305 ip phone can 

accommodate both internet access and telephone connection on a single line,

 thus effectively using the existing broadband resources. It is compatible 

with various softswitch systems and VoIP voice gateways to provide 

broadband IP voice service. 

SVP305 IP phone adopts the latest Ethernet power supply technology to not

 only save user investments, simplify network deployment, but also provide 

centralized power management.(accessory option) 

SVP305 ip phone is the best option for a voice over ip solution for family voip, 

middle sized office VoIP, and a best phone to go with your pbx system for 

large projects. 

>>> POE Optional

VoIP phones series
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CHIMA

SIP 2.0  VoIP phone

SVP303/SVP306

>>> 1 or 2 port OptionalFeatures: 

1. Supports SIP 2.0

2. Supports TCP/UDP/IP, RTP/RTCP, HTTP, ARP/RARP, ICMP, DNS, DHCP,

 NTP, TFTP protocols 

3. DHCP support for LAN or Cable modem 

4. PPPoE support for ADSL or Cable modem 

5. Supports IP address dynamic (DHCP) system 

6. Supports multi-method NAT traversal and anti-virus crossing 

7. Compliant with ITU-T standard and DTMF form and check 

8. Supports codecs G.723.1 (5.3K/6.3K), G.729A/B, iLBC, G.726, G.728, and

 wide-band G.722 sound coding and decoding 

9. Supports dynamic sound check VAD (Voice Activity Detection), CNG

 (Comfort Noise Generation), Line Echo Cancellation (G.168), and AGC 

(Automatic Gain Control) 

10. Dynamic sound technology with sound quality as good as

 a traditional telephones 

11. Advanced Digital Signal Processing (DSP) to ensure superb 

hi-fidelity audio quality 

12 Support standard voice features such as Caller ID Display or

 Block, Call Waiting, 

Hold, Transfer Forward, FLASH, in-band and out-of-band DTMF (RFC2833), 

Dial Plans, off-hook auto dial, configurable emergency dialing (e.g., 911),

 early dial, click-to-dial 

13. Advanced adaptive jitter buffer control, packet delay & loss 

concealment technology 

14. Support multi-net construction 

15. Auto manual indication 

16. Built-in world clock auto time display 

VoIP phones series
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CHIMA

Competitive Dual port SIP  VoIP phone

SVP307

Features :  

1. Call History:  Stores the most recent: 10 Missed, 10 Received, 

and 10 Dialed Calls. 

2. Phonebook:  Programmable for up to 30 telephone numbers 

3. Speed Dialing:  10 speed dial buttons 

4. Volume Adjust:  Adjust the volume of handset, speaker and ring 

5. Call duration display:  Show real time call duration 

6. Redial:  Supports Last Number Redial 

7. Abbreviated Dialing:  Abbreviated Dialing Plan support 

8. Status Indicator:  LCD displays status and feature information. 

9. Speaker:  Hands free 

10. Mute:  Mute 

 

Advanced Features: 

 

1. Support Caller ID Display:  LCD displays incoming call information 

2. Support Balance Display:  LCD displays the balance of user account 

3. Call Forwarding:  Includes offline call forwarding and online call forwarding. 

There are 3 types of Online forwarding: No Answer, Busy, and Always. 

4. Call hold:  During a call press HOLD  to put a part on hold and press 

hold  again to retrieve the party. 

 5. Call Transfer:  When an incoming call is answered, press XFER key, can 

make a call transfer. 

6. Call waiting:  When a new call comes in while you are on a call, you will receive 

Call waiting tone . To receive this call, press the HOLD  button. 

7. MWI

8. Do Not disturb:  The incoming calls will be reject, and will be add 

to MISSED CALLS 

 

VoIP phones series
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CHIMA VoIP phones series

Competitive  SIP 2.0/IAX2  VoIP phone

SVP308

>>> 1 or 2 port Optional

Description:

SVP308 IP phone is an internet based voice broadband phone terminal support

 power supply through Ethernet.SVP308 IP phone adopts multiple voice control 

protocols and voice compression codec to directly convert analog voice into IP 

packet for internet transport, thus effectively using the existing bandwidth to

provide PSTN quality voice service 

SVP308 IP phone supports SIP 2.0 and IAX2 protocol, offering two 

10/100Mbps Ethernet interface with built in router. SVP308 ip phone can 

accommodate both internet access and telephone connection on a single line, 

thus effectively using the existing broadband resources. It is compatible with

 various softswitch systems and VoIP voice gateways to provide broadband 

IP voice service. 

SVP308 IP phone adopts the latest Ethernet power supply technology to not 

only save user investments, simplify network deployment, but also provide 

centralized power management.(accessory option). It could also go with POE 

( Power over ethernet ) version. 

SVP308 ip phone is the best option for a voice over ip solution for family voip,

 middle sized office VoIP, and a best phone to go with your pbx system for

 large projects. 

SIP Settings:

When running with firmware based on sip protocol,sip setting can be access here.

if based on iax2 protocol,iax2 setting s can be access here.you can upgrade 

firmware from sip to iax2 or from iax2 to sip with web browswer or TFTP

IAX2 Settings : 

When running with firmware based on sip protocol,sip setting can be access here.

if based on iax2 protocol,iax2 setting s can be access here.you can upgrade 

firmware from sip to iax2 or from iax2 to sip with web browswer or tftp

>>> POE Optional



CHIMA VoIP ATA/Gateways series
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1 fxs + 1 pstn + 1 Lan + 1 Wan SIP 2.0/IAX2 VoIP ATA

SVG200SP

Key features: 

Support two sip servers running at the same time. 

Redundancy sip server support. 

NAT, Firewall. 

DHCP client and server. 

Support PPPoE, (used for ADSL, cable modem connecting). 

Support major G7.xxx CODEC. 

VAD,CNG. 

G.165 compliant 16ms echo cancellation 

E.164 dial plan and customized dial rules 

Support Lifeline. 

Hotline. 

Call Forward, Call Transfer, 3-way conference calls 

Call ID display 

DND(Do Not Disturb),Black List,Limit List 

Reverse polarity 

Voice prompt 

Data Features 

Static/Dynamic WAN IP Addressing 

PPPoE

Management 

Web, telnet and keypad management. 

Adjustable user password and super password 

Upgrade firmware through HTTP, FTP or TFTP. 

Telnet remote management. 

Upload/download setting file 

Auto-provision. 

Safe mode provide reliability 
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CHIMA VoIP ATA/Gateways series

Features :  

1. 1 FXO and 1FXS port, can make or receive VoIP, PSTN, VoIP-to-PSTN, 

PSTN-to-VoIP call  

2. Supported protocols: SIP(RFC2543, RFC3261), TCP/UDP/IP, PPPoE, 

RTP/RTCP, HTTP, ARP/RARP, ICMP, DNS, DHCP(Server/Client), 

NTP/SNTP, TFTP/FTP 

3. Two 10/100M Ethernet ports, support NAT and Bridge mode 

4. Voice codecs: G.711a/u, G.723.1, G.729A/B, G.726 

5. Voice quality enhancement: QoS, VAD, CNG, Adaptive Jitter Buffer, 

G.165 16ms Echo Cancellation 

6. Support 3 SIP accounts 

7. NAT traversal: STUN, Outbound proxy 

8. Auto configuration and upgrade via TFTP, FTP, HTTP; manual 

configuration  via keypad (voice prompt), webpage, and Telnet 

9. Extensive phone features: Caller ID, Call Waiting, Call Transfer 

(attended/blind), Do-Not-Disturb, Call Forwarding, Dial Plans, 

3-Way Calling, Phonebook, Send Anonymous CID, etc. 

10. User authentication 

11. Signaling tone of ITU-T standard, DTMF detection and generation 

12. Support T.38 fax, VLAN, DMZ, DDNS, Mac Clone, 

Virtual Server, SIP Encrypt 

13. Ultra compact (wallet size) and lightweight design,

 great companion for travelers 

1 fxs + 1 fxo + 1 Lan + 1 Wan 

SIP 2.0 VoIP ATA

SVG500SO
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CHIMA VoIP ATA/Gateways series

2 fxs  + 1 Lan + 1 Wan 

SIP 2.0 VoIP ATA

SVG300S

Features:

1. 2 FXS ports, can connect with 2 telephones

2. Supported protocols: SIP(RFC2543, RFC3261), TCP/UDP/IP, PPPoE, 

RTP/RTCP, HTTP, ARP/RARP, ICMP, DNS, DHCP(Server/Client), 

NTP/SNTP, TFTP/FTP

3. Two 10/100M Ethernet ports, support NAT and Bridge mode

4. Voice codecs: G.711a/u, G.723.1, G.729A/B, G.726

5. Voice quality enhancement: QoS, VAD, CNG, Adaptive Jitter Buffer, 

G.165 16ms Echo Cancellation

6. Support 3 SIP accounts

7. NAT traversal: STUN, Outbound proxy

8. Auto configuration and upgrade via TFTP, FTP, HTTP; manual configuration 

via keypad (voice prompt), webpage, and Telnet

9. Extensive phone features: Caller ID, Call Waiting, Call Transfer 

(attended/blind), Do-Not-Disturb, Call Forwarding, Dial Plans, 

3-Way Calling, Phonebook, Send Anonymous CID, etc.

10. User authentication

11. Signaling tone of ITU-T standard, DTMF detection and generation

12. Support T.38 fax, VLAN, DMZ, DDNS, Mac Clone, 

Virtual Server, SIP Encrypt

13. Ultra compact (wallet size) and lightweight design, great 

companion for travelers
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CHIMA VoIP ATA/Gateways series

4 fxs  + 1 Lan + 1 Wan 

SIP 2.0 VoIP ATA

SVG400S

Key features 

voice Features 

call hold 

Configurable (*,#) feature codes 

Unattended/ attended call transfer 

call waiting and per call-waiting blocking 

call forward (Always, busy, no answer) 

call return 

caller number/name display 

caller ID /block outgoing caller-ID

/Reject anonymous call 

FAX (T.38) 

DND (Do not disturb) 

voip speed dial 

VoIP digital map 

per area ring tone support 

8 Distinctive Ring Settings per users 

E.164 dial plan 

MWI(Message wait Indication) 

configurable/Adaptive jitter buffer size 

configurable Hook Flash time 

data features 

Static/Dynamic WAN-

IP-Addressing 

management and provisioning 

http, telnet, handset 

adjustable user password and

 super password 

TFTP,HTTP and HTTPS auto-update 

8 entries for speed dial number 

IVR for network setting by handset 

SNMP 

Interfaces 

Ethernet Port ---2 X 10/100MHz 

Ethernet Port 

FXS port ---- 4 FXS Port for Tel 

SVG400S VoIP ATA offers 2 RJ45 interfaces and four RJ11 interfaces, and 

supports various private network transparency modes (STUN, OUTBAND 

PROXY, UPNP). It can provide dual-server registration backup, supports SNMP

 protocol and VPN. 
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CHIMA VoIP ATA/Gateways series

8 fxs  + 1 Lan + 1 Wan 

SIP 2.0 VoIP ATA

SVG800S

Specification:

1. TCP/IP V4 (IP V6 auto adapt) 

2. ITU-T H.323 V4 Standard

3. H.2250 V4 Standard

4. H.245 V7 Standard

5. H.235 Standard  MD5,HMAC-SHA1 

6. ITU-T G.711 Alaw/ULaw, G.729A, 

G.729AB, and G.723.1 Voice Codec

7. RFC1889 Real Time Data Transmission

8. Proprietary Firewall-Pass-Through

 Technology

9. SIP V2.0 Standard

10. Simple Traversal of UDP over

 NAT (STUN)

11. Web-base Management

12. PPP over Ethernet (PPPoE)

13. PPP Authentication Protocol (PAP)

14. Internet Control Message Protocol (ICMP)

15. TFTP Client

16. Hyper Text Transfer Protocol (HTTP)

17. Dynamic Host Configuration Protocol (DHCP)

18. Domain Name System (DNS)

19. User account authentication using MD5

20. Out-band DTMF Relay: RFC 2833 and SIP Info

1. LINUX OS 

2. Built-in HTTP for accessing

 internal parameters

3. PPPoE dial-up

4. NAT Broadband 

Router functions

5. DHCP Client

6. DHCP Server

7. Firmware On-line upgrade

8. Phone Book

9. Memory Dial

10. Caller ID

11. Multiple Language Support

12. With Accounting Function 



CHIMA VoIP ATA/Gateways series
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Description:

The SVG420SP IP ADAPTOR is a VoIP and PSTN integrated device, which is

 designed to be a perfect solution for offices that needs to use both VoIP 

and PSTN Service. The SVG420SP VoIP ATA is compatible with both 

SIP 2.0 and H.323 V4 protocols. People can connect this device to regular

 analog telephones to run its settings, or dial, receive, transfer calls. With a 

WAN port and a LAN port, the SVG420SP VoIP ATA can be connected to

 the network connection as well as your computer. With 2 FXS and 1PSTN

 ports, the SVG420SP VoIP  ATA is able to connect to 2 VoIP lines together

 with 1 PSTN line, by which enables you use both PSTN and VoIP service at 

the same time. 

SVG420SP can let users choose to use VoIP or the ordinary telephone line 

(PSTN) to call out. When the power is cut off, it will be switched to ordinary 

phone line automatically. The SVG420SP's 24V FXS ports is compatible with

 most of the telecom standards, such as Europe, North America, China, etc. 

The SVG420S can also be connected with standard telephones or cordless 

telephones of different brands. The SVG420SP's typical advantages are, 

flexible configuration, smart appearance, multiple functions, and perfect 

tone quality. It is an ideal choice for your offices, enterprises voice over

ip solutions. 

2 fxs  + 1 PSTN + 1 Lan + 1 Wan 

                     SIP 2.0 VoIP ATA

SVG420SP
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Voice Features: 

Support STUN and symmetric RTP for NAT 

Interoperable with various 3rd party SIP end user device,gateway products 

Advanced adaptive jitter buffer control

Packet delay and loss concealment technology 

Support popular vocoders including G.723, G.729 A/B,G.711(a-law and u-law),

G.726 (40K/ 32K/24K/16K). 

Support standard voice feature such as Caller ID Display or Block, 

Call Waiting, Hold,Transfer,3-way conference 

Transfer, Forward, in-band and out-of-band DTMF, Dial Plans

Support Silence Suppression, VAD(Voice Activity Detection), CNG(Comfort 

Noise Generation ), Line Echo Cancellation(G.168), and 

AGC(Automatic Gain Control) 

Data Networking: 

MAC Address(IEEE 802.3) 

ARP - Address Resolution Protocol 

DNS - Domain Name Server 

DHCP Client - Dynamic Host Configuration Protocol (RFC2131)

ICMP - Internet Control Message Protocol (RFC792) 

TCP - Transmission Control Protocol (RFC793) 

UDP - User Datagram Protocol (RFC768)

RTP - Real Time Protocol (RFC1889) (RFC1890)

RTCP - Real Time Control Protocol (RFC1889) 

TOS - Type of Service (RFC 791/1349)

SNTP - Simp Network Time Protocol (RFC2030) 

1 fxs +  1 Lan  SIP 2.0 VoIP ATA

SVG100S
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CHIMA VoIP ATA/Gateways series

Voice Features: 

Support STUN and symmetric RTP for NAT 

Interoperable with various 3rd party SIP end user device,gateway products 

Advanced adaptive jitter buffer control

Packet delay and loss concealment technology 

Support popular vocoders including G.723, G.729 A/B,G.711(a-law and u-law),

G.726 (40K/ 32K/24K/16K). 

Support standard voice feature such as Caller ID Display or Block, Call 

Waiting, Hold,Transfer,3-way conference 

Transfer, Forward, in-band and out-of-band DTMF, Dial Plans

Support Silence Suppression, VAD(Voice Activity Detection), CNG(Comfort 

Noise Generation ), Line Echo Cancellation(G.168), and 

AGC(Automatic Gain Control) 

Data Networking: 

MAC Address(IEEE 802.3) 

ARP - Address Resolution Protocol 

DNS - Domain Name Server 

DHCP Client - Dynamic Host Configuration Protocol (RFC2131)

ICMP - Internet Control Message Protocol (RFC792) 

TCP - Transmission Control Protocol (RFC793) 

UDP - User Datagram Protocol (RFC768)

RTP - Real Time Protocol (RFC1889) (RFC1890)

RTCP - Real Time Control Protocol (RFC1889) 

TOS - Type of Service (RFC 791/1349)

SNTP - Simp Network Time Protocol (RFC2030) 

1 fxs + 1 PSTN +  1 Lan  SIP 2.0 VoIP ATA

SVG201SP
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16 Port modular Sip VoIP Gateway

SVG6116

Description:

The SVG6116 is a modular VoIP Gateway that is SIP based. With a large 

capacity, the SVG6116 VoIP Gateway is able to configured with multiple 

FXS/FXO voice ports. The available configurations are:

>>> 16 FXS port VoIP Gateway

>>> 16 FXO port VoIP Gateway 

>>> 8 FXS + 8 FXO port VoIP Gateway

>>> 4 FXS + 4 FXO port VoIP Gateway

Available Module cards for SVG6116 VoIP Gateway are:

>>> SVG16-VC08-OS : 4FXO+4FXS ports Module card for 

SVG6116 VoIP Gateway

>>> SVG16-VC08-SS:  8 FXS port Module card for SVG6116 VoIP Gateway

>>> SVG16-VC08-OO: 8 FXO port module card for SVG6116 VoIP Gateway

SVG6116 VoIP Gateway is designed for multidwelling unit / multitenant unit

 (MDU/MTU) applications and is an ideal solution for legacy integration with

 an existing IP telephony architecture. It matches the density 

requirements for smaller locations while meeting service provider's 

demands for scalability. 
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CHIMA Wired and wireless usb phones

SUP600 Skype and PSTN dual mode USB Wireless Phone  

The SUP600 is a wireless Dual usb phone which is composed of one base and

 one handset. The base is a high quality speaker phone, which is ideal for 

conference calls. The handset has blue back lighted graphic LCD. 

The SUP600 Device rings for incoming calls. 

  

The effective transmission distance of the SUP600 skype and pstn wireless 

usb phone is 50 meters. You  can make/receive a call via the handset at every 

corner in your office, just like using a mobile phone. 

Features:

1. Skype and PSTN in one. 

2. 2.4GHz ISM Band, suitable for Europe, USA, Japan etc 

3. Handfree with digital echo cancellation 

4. Large graphic LCD with blue backlight 

5. Review Skype/PSTN contacts and call list on handset LCD 

6. Device rings for all incoming calls 

7. FSK/DTMF caller ID for PSTN 

8. Multi-language caller ID display feature 

9. Auto-select RF channel to improve the quality of voice 

10. Twenty contact books are available. 

Technical Data

> Standby time: More than 100 hours 

> Talk time: More than 10 hours 

> Radio range: 50 meters (160 ft) 

> Battery: 460mAh (Li-battery) 

  

 

50M range Skype and PSTN dual mode 

                                               Usb phone

SUP600
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Wired and wireless usb phones

SUP311 Skype usb mouse phone  

The SUP311 is a skype usb optical mouse phone. The SUP311 Skype mouse 

phone can be used as a  mini speaker. With the SUP311 Skype mouse phone, 

you will no longer need a PC microphone speaker or  a pair of troublesome 

earphones when listening music or talk to people.  

  

Function of the mouse is as usual and with a full functional keypad on the 

SUP311 Skype mouse phone, itis able to be used as a skype phone. You are

 able to dial or receive calls through the SUP311 Skype mouse phone.  

  

Altough the SUP311 is called a skype usb phone, it is even able to carry lots 

more softphones. The pop  softphones available with the SUP311 skype mouse

 are:  

>>> Skype, VoipButser, VoipStunt, VoIPCheap, VoipDiscount, SparVoip, 

Internetcalls, poivY, WebCallDirect,  VoipCheapCom, FreeCall, 

NetAppel and MTalk  

  

With great compatibilities and multiple usages, there is no doubt the 

SUP311 usb mouse is your best PC  companion. 

Skype usb optical mouse phone 

SUP311

Features of Hi-fi Speaker:

>>> Crystal clear sound quality   

>>> 48 KHz sampling rate   

>>> Able to connect to a pair of tailor-made earphones to keep your 

talk as a secret 

Features of mouse:

>>> 1.5m USB cable (USB 1.1)   

>>> 800 dpi optical sentor   

Features of VoIP: 

>>> Auto detection between mouse and 

VoIP phone

>>> Rings loudly on an incoming call 



CHIMA Wired and wireless usb phones
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Preferring mobility when making Skype calls? Then, SUP300  is your best 

option. It is slim, fashionable, elegant, and gorgeous. The shiny white color is 

dazzling. Slim figure and nice paint of handset make you enjoy the touch 

feeling in your hand. It consists of one base and one handset. The graphic 

LCD with blue back-light can show contact list and calling history in any 

language. Because it is cordless, you can move away from computer at least 

50 meters, instead of being bundled with computer when making calls. 

Speakerphone in high quality built Cin the base. A perfect, happy hands-free 

calling experience undoubtedly belongs to you 

>>>  Phone's 160-foot ( 50-meter) radio range enabling people talk 

 away from computer. 

 >>>  Fashion look and human design. 

 >>>  Large graphic LCD and blue back-light. 

 >>> Contact list and calling history in any language easily reviewed on handset. 

 >>> Caller ID function. 

 >>> With speakerphone built in base, ideal device for conference call. 

 >>> Base works as charging station for handset. 

 >>> Noise reduction and digital echo cancellation. 

 >>> Both base and handset ringing for all incoming calls. 

>>>   Auto-selected RF channel for improved voice quality. 

50M range wireless Skype Usb phone

SUP300
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The SUP200  is a wireless Skype phone which is composed of one base and one

 handset. The base is built-in one high quality speakerphone, ideal for 

conference calls. The handset has graphic LCD with blue color backlight. 

User can review Skype contacts and call list on handset LCD. User can make/

receive a call via the handset without the limitation of USB cable, just like

 using a mobile.

Features :    

1. 2.4G ISM Band (2400~2483MHz), suit for Europe, USA, Japan etc.

2. Commercial grade high quality speakerphone with digital echo cancellation

3. Large graphic LCD with blue color backlight

4. Multi-language caller ID display feature

5. Review Skype contacts and call list on handset LCD

6. Both base and handset ring for all incoming calls.

7. Auto-select RF channel to improve the quality of voice       

 

Hardware  

1. Radio range: 10 meters ( 32ft ) 

2. Standby time: More than 100 hours

3. Talk time: More than 10 hours 

4. 1 Battery: 250mAh (Li-battery)

5. No external power required 

6. Driver and sound card built-in

 

 

Interface 

1. one base with USB interface to PC 

2. one handset with headset jack 

20M range wireless Skype Usb phone

SUP200
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Description:

The SUP100  is a skype usb video phone that intergrates a pc camera, which it

 enables users to see each other when they are using the skype or VoiP stunt or

 any other pc to phone softwares. Users can view the caller's ID through the 

blue LCD, it also displays the time/day/month/year. Users can also dial out 

directly with the phone's keypad.This phone is most cost effective, it is the 

best choice for the usb phones users. 

Features :  

1. With high quality camera, you can talk face to face with people all over

 the world 

2. Start or stop video by phone keypads

3. Commercial grade high quality speakerphone, ideal for conference calls

4. Large LCD with blue color backlight

5. Phone rings for incoming calls, ring style selectable

6. Dial Skype contacts and Skypeout number by phone keypads

7. Echo cancellation, noise reduction, full duplex communication 

8. No external power required

9. USB power LED indicator 

10. Driver and sound card built-in 

 

Camera 

1. Definition: 300K pixels 

2. 320x240 high resolution CMOS sensor 

3. Supports up to 30fps VGA video display

4. Adjust brightness automatically 

 

Interface: 

1. 1 USB interface to PC 

2. 1 USB interface to camera 

 

Video Skype Usb phone

SUP100



CHIMA Wired and wireless usb phones

Description:

SUP210  is a USB interface portable phone, It offers USB1.1 interface and built

-in 16bit sound card, and is equipped with clear-bimap LCD to support four line 

display and multiple languages. SUP210  offers humanistic key operation, mute, 

redial/dial-back, caller ID, caller statistics, in-call volume adjustment.

 It also supports personalized ring tone. SUP210  has excellent voice quality and

 rich features. It supports Skype and is an outstanding voice product. Also, this

 Usb phone is able to be integrated with our Sip , IAX2, Sip / IAX2 softphone. 

Key Features 

Available to be used as USB sound card + speaker cabinet  under hands 

free mode. 

Mute function 

Customize ring tones. 

Supporting multiple languages display.(English, Chinese (Simplified), Chinese 

(Traditional), Turkish, Polish, Russian, Italian, French, German, Portuguese, 

Japanese, Arabic, Thai, Spanish) 

Friend list display, on-line friends display 

Friend list, rapid up/down paging function 

Inquiry of calling history. 

Statistic of missed calls 

Caller ID display 

Directly dial Skype, Skypeout number 

Redial/dial back function 

Volume adjustable during a call 

Replacing mouse to operate SKYPE software in computer 

Skypeout balance display 

Humanized operation panel, close to mobile phone operation mode 

Www.stephen-tele.com 

Blue backlight Skype Usb phone

SUP210
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Description:

The SUP309 USB phone provides you more conveniences to make free call over

 the Internet from PC to PC anywhere as easy as using normal moilebilephones. 

Simply plug the USB phone into the USB port of your PC, download Internet 

telephony software like Skype, and you can start making calls. You can easily

 access the net and connect your friends, family members or colleagues. 

The phone is fully compatible with Skype and can be used as audio device with 

Yahoo Messenger.MSN Messenger,MS NetMeeting, net2phone, babble and etc

 for voice communication. It's designed similar to a mobile phone with quick 

dial and volume control buttons.

Features :    

1. Compatible with VoIP (Voice over Internet Protocol) solution such as Skype. 

2. Works as microphone & earphone with Yahoo Messenger, MSN Messenger,

 MS NetMeeting and etc. 

3. Hot-key functions to operate Skype software as easy as dialing

 a normal telephone. 

4. Echo-cancellation for better sound quality 

5. 9 types of ring tones for incoming call alert 

6. Use dot matrix LCD module (128x64). 

7. Supports multi-language (English, Japanese,germany,Traditional/

Simplified Chinese) 

8. LCD backlight turns on while receiving a call or any key pressed 

9. AS a speaker to broadcast music from pc 

10. LCD to dosplay caller ID contact list and calling list (Miss ,

Income,Outgoing) 

11. Compliant with USB 1.1 specification 

12. No additional power adapter required 

13. MIC mute button for privacy protection. 

14. Display Skype out balance. 

 

Blue backlight Skype Usb phone

SUP309
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Description:

The SUP301 is a Usb stick that have the skype software stored up inside,  the 

memory can be 64m/128m/256m/512m/1GB. When draw this into the usb port 

of a computer, the skype will auto run. As long as your account is charged,

you will be able to talk to people EVERYWHERE with using a phone like this and 

make your international calls with a low cost that skype offers..

Also, this product is with little size, people can put in a corner of their bag and 

take it everywhere,and make their calls very easily. The talking is through a pair

 of earphones. It also has the skype soft stored up into the deviced area of the

 usb stick which prevents it from a virus attack. 

Features :    

1.USB bus supplies power, does not need outside power 

2.Compatible USB 1.1 with 2.0 

3.Compatible USB AUDIO DEVICE criterion Ver1.0 

4.Supporting the playback and recording, the sampling rate is 48K and 44.1K 

5.Stored IPPHONE software, keep users from deleting operation, 

prevent the virus breakage 

6.Autorun IPPHONE software 

7.Logon the platform system of Toptone, do authentication directly 

throughUSB disk 

8.Supporting FLASH capacity of 32MB, 64MB, 128MB,256MB,512MB,1024MB 

9.With the accounts information stored in USB Disk, users can call any kinds of 

telephones by a PC which connecting with Internet 

 Accessories  

1. Instruction manual 

2. Software disc  

Portable USB Flash/Memory Phone

SUP301
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Description:

The SUP306 is a Usb phone Without LCD display. It keeps people free from 

using a pair of earphones when talking with people through Skype or other 

communication softwares. It has a good sound effect,  This product is 

currently quite popular in the market due to the low talking cost that skype 

offers. Many people prefer to use this rather than a pair of earphones. 

Features :    

1.16 bit sound card inside,the PC can without Sound Card 

2.Support H.323, SIP, MGCP etc lot of protocol 

3.Support product serial write in 

4.With HID (Human Interface Device) Feature 

5.Plug & Play to Install USB Driver 

6.With PID (Physical Interface Device) Feature 

7.Compatible with Major PC's Internet Phone Application Software 

8.Provides Ringer Generation for PC to PC Call Through Existing 

IP phone Applications 

9.Optional ITSP Application Software With Credit for PC to Phone Connection 

10.Compatible with Major PC's Internet Phone Application Software 

11.A LED to indicate Power and Linking Status 

12.Adjustable volume for handset 

13.Support E.164 dialing rule; 16. Record support 

14.The powered via the USB port with no need for a power adaptor

Accessories  

1. Instruction manual  

Weight 

40 pcs: 9.0 kgs  

 

 

Skype Usb phone wihtout LCD Display

SUP306
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Description:

The SUP304  is a Usb phone With LCD display Time/Month/ Year that keeps 

people free from using a pair of earphone. when talking with people through 

Skype or other communication softwares. It has a good sound effec. 

This product is currently quite popular in the market due to the low talking cost

 that skype offers.Many people prefer to use this rather than 

a pair of earphones. 

Features :    

1.PnP USB interface,compatible with USB 1.1 and 2.0 

2.16 bit sound card inside,the PC can without Sound Card 

3.Built-in DTMF dialing 

4.Incoming call ringing,easy for answering 

5.The powered via the USB port with not need for a power adaptor 

6.Compact appearance design suitable for notebook 

7.Applicable for wide and compatible multi calling platforms 

8.Choosing proper platform to communicate between two USB IP phones 

9.Review incoming and outgoing call 

10.Supports Skype etc software 

11.The LCD can display Year/Month/Day/Time 

       

 

Accessories  

1. Instruction manual  

Weight 

60 pcs: 12.5kgs  

Skype Usb phone with LCD Display

SUP304
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Description:

SVX8004 IP pbx system is an allinone converged communications solution ideal

 for small businesses.The product offers full PBX functionality, including 

VoiceMail, Auto Attendant, Hunt Group, Ring Group, Call Transfer, Call 

Forward and much more, which help businesses look big, reduce communications

 costs and stay connected everywhere.

SVX8004 ip pbx is a hybrid telephone system capable of handling both

 traditional telephone and Voice over IP calls. Using VoIP allows calls from one

 location to be routed over the Internet to another location, eliminating 

long distance charges. 

SVX8004 ip pbx system can also directly integrate with VoIP service provider 

networks. SVX8004 ip pbx system is very easy to understand, configure, and

deploy. The web interface is designed to provide a clean and userfriendly 

configuration window so that users won t get lost in complicated menus and 

maintenance. A fully working system can be set up quickly and get

ready to communicate.

12 Extensions Ip pbx system

SVX8004

Full Range of PBX Features

SVX8004 ip pbx system offers a full range of traditional PBX features like Call

 ID, Call Forward, Call Transfer, Call Pickup, Call Waiting and more. All such 

features are available to both analog and VoIP extensions.

Automatic Route Selection

SVX8004 ip pbx system gives you complete control over your phone lines and 

extensions. You can automatically place specific types of calls on specific lines.
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CHIMA IP PBX system

1.Brief introduce of CCP1000

1.1 Demands of Market

CCP1000 can offer an integrated communication platform, includes internal

PBX system,internal email system; call center; CRM etc.

CCP1000 build an integrated communication system, It will integrate full sets

of voice, data and Internet services and abundant service applications in

 a system, comply different cliensdemands, implement enterprise 

communications in diversified ways anytime and anywhere atlower charges, 

simplify system installation management and widen service applications. It is

opened; reliable and easy expanded and upgraded

As a result, it may meet your current communication requirements and also plan 

your futuredevelopment.

1.2 CCP1000 capacity

CCP1000 includes two 19-inch frames;

One is BPC£¨Business Process Chassis£©, is main process shelf of CCP1000 

(includesIP-PBX service; Value-Add service; Trans fire-wall; Maintenance etc.

One is CCP1000EAC£¨Expand Access Chassis£©£¬can offer more analogue lines/

trunks if not enough in BPC£¬two shelves connect by HDLC 

The capacity of One CCP1000 includes 1 BPC and 10 EAC:

Full IP-PBX functions Extension Call, Caller Line Identification (CLID), direct 

dialing-in,call transfer, outgoing-call restriction, do-not-disturb, call waiting,

conference call, abbreviated dialing and other functions.

Multiple signaling

interfaces

SS7 signaling, ISDN-PRI, R2 signaling, V5.x, analog loop startup,H.323, SIP, 

H.248 and MGCP, to implement optional conversion among different signaling 

and different protocols,  support full connection between traditional voice and 

IP voice network.

48 fxo + 552 fxs ip pbx system 

RTCCP1000
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CHIMA IP PBX system

1.Brief introduce of CCP1000

1.1 Demands of Market

CCP1000 can offer an integrated communication platform, includes internal

PBX system,internal email system; call center; CRM etc.

CCP1000 build an integrated communication system, It will integrate full sets

of voice, data and Internet services and abundant service applications in

 a system, comply different cliensdemands, implement enterprise 

communications in diversified ways anytime and anywhere atlower charges, 

simplify system installation management and widen service applications. It is

opened; reliable and easy expanded and upgraded

As a result, it may meet your current communication requirements and also plan 

your futuredevelopment.

1.2 CCP1000 capacity

CCP1000 includes two 19-inch frames;

One is BPC£¨Business Process Chassis£©, is main process shelf of CCP1000 

(includesIP-PBX service; Value-Add service; Trans fire-wall; Maintenance etc.

One is CCP1000EAC£¨Expand Access Chassis£©£¬can offer more analogue lines/

trunks if not enough in BPC£¬two shelves connect by HDLC 

The capacity of One CCP1000 includes 1 BPC and 10 EAC:

Full IP-PBX functions Extension Call, Caller Line Identification (CLID), direct 

dialing-in,call transfer, outgoing-call restriction, do-not-disturb, call waiting,

conference call, abbreviated dialing and other functions.

Multiple signaling

interfaces

SS7 signaling, ISDN-PRI, R2 signaling, V5.x, analog loop startup,H.323, SIP, 

H.248 and MGCP, to implement optional conversion among different signaling 

and different protocols,  support full connection between traditional voice and 

IP voice network.

48 fxo + 284 fxs ip pbx system 

RTCCP1000S
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CHIMASIP softphone 

CHIMASIP is a smart SIP softphone run in your PC, you can easily configure it

to register to your Asterisk server and make unlimited PC-PC calls and low cost

PC-phone calls. This Soft Phone is fully SIP compatible. It can be used in 

PC2Phone and PC2PC services. Upon client's request, we can make this 

softphone with our wired or wireless usb phones.

Introduction for " INFO " button 

Our Sip Softphone is used together with web billing system.The "Info" button

in our Sip Softphone is configured to open URL, e.g, 

http://server.com/billing.php?user=XXXX & password=XXXX. XXXX stands 

for login and password. So when you need to see history of calls, press the 

" INFO " button, then you are directed to Web page on your main server.

Although there is not a button for the local history of calls, we can make it 

for you as requested so that you can view your call histories in your own 

computer rather than going to your Server by Web. 

1. Compatible with Windows 98/Me/2000/XP/2003 

2.Supports work behind NAT/Firewall (STUN is used)

3.G.723.1, G.729, G.711 codecs 

4.Voice Activity Detection (reduces data traffic sent during silence periods) 

5. Automatic adjustable Jitter buffer 

6. DTMF tones (can be integrated with voice mail or other tone driven system) 

7. Registers with SIP Registrar 

8. Supports SIP Outbound Proxy 

9. Displays balance (the summ that remains on user's account) 

10. Redial of last number 

11. History of 10 latest dialed numbers 

12. Quick dial users list 

Chimasip Sip softphone

CHIMASIP
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CHIMAH323 softphone 

CHIMAH323 is a smart softphone run in your PC, you can easily configure it to

 register to your Asterisk server and make unlimited PC-PC calls and low cost

 PC-phone calls. This Soft Phone is fully H.323 compatible. It can be used in 

PC2Phone and PC2PC services. Upon client's request, we can make this softphone

 with our wired or wireless usb phones.

Introduction for " INFO " button 

Our H.323 Softphone is used together with web billing system.The "Info"

 button in our H.323 Softphone is configured to open URL, e.g, 

http://server.com/billing.php?user=XXXX & password=XXXX. XXXX stands 

for login and password. So when you need to see history of calls, press the

 " INFO " button, then you are directed to Web page on your main server.

Although there is not a button for the local history of calls, we can make it 

for you as requested so that you can view your call histories in your own 

computer rather than going to your Server by Web. 

Specification 

1. Compatible with Windows 98/Me/2000/XP/2003 

2.Supports work behind NAT/Firewall (STUN is used) 

3.G.723.1, G.729, G.711 codecs 

4.Voice Activity Detection (reduces data traffic sent during silence periods) 

5. Automatic adjustable Jitter buffer 

6. DTMF tones (can be integrated with voice mail or other tone driven system) 

7. Registers with gatekeeper or works through gateway

8. Displays balance (the summ that remains on user's account) 

9. Redial of last number 

10. History of 10 latest dialed numbers 

11. Quick dial users list 

 

 

ChimaH323 H.323  softphone

CHIMAH323
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CHIMA Asterisk Pbx Cards

           

Features:  

 One PRI port 30 channels 

 Hardware DTMF detection 

 Conference Bridge 

 PCM bus connectors (PCM30, PCM64, PCM128) 

 4 dual-color LEDs (layer 1 state indicators) 

 Active channel switching (across multiple cards over the external PCM bus) 

 PRI ISDN protocol stack 

 Suitable for 3.3 volts and 5.0 volts 32 bit PCI 2.2 slots 

Application: 

 ISDN PRI PBX 

 ISDN least cost router 

 Voice over IP PRI gateways 

 VoIP integration of ISDN equipment 

 PBX to PBX trunking 

 IVR 

 

  

Specifications: 

 EuroISDN 

 AT&R 4ESS 

 Lucent 5E 

 National ISDN2  

1 E1 port/ISDN Asterisk PBX card

SAX1E
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CHIMA Asterisk Pbx Cards

1 E1 port/ISDN Asterisk PBX card

SAX4E

Description:

SAX4E is a Quad-Span E1 half-length PCI card which supports both telephony 

and data modes. SAX4E has four E1/PRI interfaces supporting PRA signaling, 

HDLC, PPP and Frame Relay data modes, and any combination thereof. 

With SAX4E, you can easily build your IP-PBX or Carrier system with handling 

124 channels/calls.

 

Features 

1. Same as Tormenta2 and Digium's E400P cards, 

2. Provide four E1/PRI interface for to 124 channels/calls 

3. Supports standard telephony and data protocols. 

(Including RBS and PRI protocol families for voice and PPP, Cisco HDLC and 

Frame Relay data modes). 

4. 100% compatible Asterisk PBX all features. 

5. Support SS7 (through chan_ss7) 

6. Be used for VoIP/Call Center/PBX 

Applications: 

1. PBX/IVR Services 

2. VoIP Services 

3. VoIP Gateways 

4. FAX Server, FAX On Demand 

5. Voice Mail Services 

6. Call Centers 

7. Prepaid Calling Card System 

8. Callback Service 

9. Traditional Calls/VoIP Calls Conference 

 

  

Specifications: 

Data Modes: 

Cisco HDLC /HDLC/PPP 

Multilink PPP/Frame Relay 

Voice Modes: 

PRI CPE & PRI NET: 

-NI1/-NI2/-EuroISDN 

-4ESS(AT&T)/-5ESS(Lucent) 

-DMS100 

E&M: 

Wink /Feature Group B /Feature Group D 

FXO & FXS / Ground Start/Loop Start 

Loop Start with Disconnect Detect 

Interfaces: 

4 X E1 interfaces 

PCI 5.0V interface 
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4 TE Port / ISDN Asterisk PBX card            

Features:  

 4 Basic Rate Interface ports (I.421) for TE and NT mode 

 Hardware DTMF detection 

 Conference bridge 

 PCM bus connectors daisy chaining of max. 4 cards 

 4 dual-color LEDs (layer 1 state indicators) 

 Active channel switching (across multiple cards over the external PCM bus) 

 TRB3/TRB3-A1 certified 

 Point-to-Point (TE/NT) and Point-to-Multipoint (TE/NT) EuroISDN 

protocol stack 

 Suitable for 3.3 volts and 5.0 volts 32 bit PCI 2.2 slots 

Application: 

 ISDN BRI PBX 

 ISDN least cost router 

 Voice over IP BRI gateways 

 VoIP integration of ISDN equipment 

 PBX to PBX trunking 

 IVR 

 

4 TE port/ISDN Asterisk PBX card

SAX4S
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SAX4T is a Quad-Span T1 half-length PCI card which supports both telephony 

and data modes. AX-4T has four T1/PRI interfaces supporting PRA signalling, 

HDLC, PPP and Frame Relay data modes, and any combination thereof. With 

SAX4T, you can easily build your IP-PBX or Carrier system with handling 

96 channels/calls.    

Features: 

1. Same as Tormenta2 and Digium's T400P cards, 

2. Provide four T1/PRI interface for to 96 channels/calls 

3. Supports standard telephony and data protocols. (Including RBS and PRI 

protocol families for voice and PPP, Cisco HDLC and Frame Relay data modes). 

4. 100% compatible Asterisk PBX all features. 

5. Be used for VoIP/Call Center/PBX 

Applications: 

1. PBX/IVR Services 

2. VoIP Services 

3. VoIP Gateways 

4. Voice Mail Services 

5. Call Centers 

6. Prepaid Calling Card System 

7. Callback Service 

8. Traditional Calls/VoIP Calls Conference 

 

Specification:  

Data Modes: 

Cisco HDLC /HDLC/PPP 

Multilink PPP /Frame Relay 

Voice Modes: 

PRI CPE & PRI NET: 

-NI1 /-NI2 /-4ESS(AT&T) 

-5ESS(Lucent)/-DMS100 

E&M: 

-Wink 

-Feature Group B 

-Feature Group D 

FXO & FXS 

-Ground Start 

-Loop Start 

-Loop Start with Disconnect Detect 
Interfaces: 

4 X T1 interfaces 

PCI 5.0V interface 

 

CHIMA Asterisk Pbx Cards

4 T1 port/ISDN Asterisk PBX card

SAX4T
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CHIMA Wireless Sip phones

Description: 

The SVW900 VoWLAN SIP IP Phone allows you to transmit and receive the voice

over a wireless LAN. The SVW900 Vowlan SIP IP Phone allows you to make 

phone calls using your broadband connection.

The battery life of SVW900 Vowlan SIP IP phone is extended and its

consumption of battery is very low. The SVW900 Vowlan SIP IP Phone provides

 superior audio quality with low end-to-end delay.

The SVW900 Vowlan SIP IP Phone also provides mobility for the traditional 

and vertical enterprise markets and the residential/SOHO cordless market.

With a web-based UI ( User Interface ), the SVW900 Vowlan SIP IP Phone is

 easy to setup and maintain. All functions can be configured with the UI 

via web browsers.

Product Name:

802.11g VoWLAN IP Phone

Voice codecs:

SIP v2 Session Initiation 

Protocol (RFC3261),

SDP (RFC2327)

Supported codecs:

G.711,G.729 a/b

Voice Quality

Acoustic Echo Cancellation

Jitter Buffer Control

Comfortable Noise Generation

SVW900 802.11g Vowlan Sip phone 

SVW900

Application:
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CHIMA Wireless Sip phones

The SVW901 Wifi SIP Phone SIP IP Phone allows you to transmit and receive 

the voice over a wireless network connection.The SVW901 Wifi SIP IP Phone 

allows you to make phone calls using your broadband connection.

The battery life of SVW901 WIFI SIP IP phone is extended and its consumption 

of battery is very low. The SVW901 Wifi SIP IP Phone provides superior audio

 quality. For ITSP operators, The SVW901 Wifi SIP IP Phone can be locked with 

their own services

Wireless Characteristics

> Signal type: 802.11b/g

> 802.11b Data Rate: 1, 2, 5.5, 11 Mbps

> 802.11g Data Rate: 6, 9, 12, 18, 24, 36, 48, 54 Mbps

Operating Frequencies

> USA/Canada: 2.412  2.462 GHz (11 channels)

> Europe: 2.412  2.472 GHz (13 channels)

> Japan: 2.412  2.472 and 2,484 GHz (14 Channels)

 

VoIP Protocol

> IETF SIP (RFC3261)

LCD Display

> 128x128 pixels, 256 

colors, 4 menu colors

> LED backlight

Keyboard

> 16 Keys

> Volume + and -

> 5 way navigation paddle

> Keyboard backlight

Call Features

> Call Hold

> Call Mute

> Caller ID Display

> Anonymous call 

(Conditional)

> Anonymous call blocking 

(Conditional)

> Message waiting indicator

> Redial

SVW901 Wifi Sip phone 

SVW901
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Copy Right Notice

CHIMA

No part of this document may be reproduced, transmitted, transcribed, stored in a retrieval 

system, or translated into any language, in any form or by any means, electronic, mechanical, 

magnetic, optical, chemical, manual or otherwise without the prior written permission of 

Stephen Technologies Co.,Limited.

No license is granted, implied or otherwise, under any patent or patent rights of Stephen 

Technologies Co.,LTD. Stephen Technologies Co.,LTD, makes no warranties, implied or 

otherwise, in regard to this document and to the products described in this document. 

The information provided by this document is believed to be accurate and reliable to the 

publication date of this document. However, Stephen Technologies Co.,LTD assumes no 

responsibility for any errors in this document. Furthermore, Stephen Technologies Co.,LTD,

assumes no responsibility for the use or misuse of the information in this document and for 

any patent infringements that may arise from the use of this document. The information and 

product specifications within this document are subject to change at any time, without notice 

and without obligation to notify any person of such change.

Disclaimer Notice:
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