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IMS9000主要为企业、行业和政府提供语音辅助服务和增值服务。它具有呼叫控制与处理、

冗余路由、双热备份等功能。集成传统业务，将模拟语音链接与IP语音链接无缝集成，降低

了企业语音通信成本。在此基础上，实现了语音信箱/信箱、电话会议、自动交换机等增值语

音服务，简化了服务部署，真正实现了通信的好处。

L Vswitch服务系统可以提供各种增值服务， 如电话

会议、自动值班台、单号通信、电话录音、语音信箱、

计费等。

L Vswitch软交换系统可以访问各种通信网络，

例如通过SIP协议访问IMS/NGN核心网络，

或者通过主干网关的数字中继或模拟中继访问PSTN。

LVswitch软交换系统支持各种形式的用户访问，

如PBX/IP PBX/IAD/IP电话。

L Vswitch软交换服务器支持双系统备份。

当主软交换服务器发生故障时，备用软交换服务器可

以立即接管所有语音服务并无缝切换。

L Vswitch软交换系统支持统一的网络管理。

系统管理员可以查看所有设备的状态信息，获得警报

和数据配置。
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SBC9000
Session Boundary Controller (SBC) is a network edge 

device for the connection between the next-generation 

IP core network SIP/IMS and the user end. It supports 

end-to-end service provider connection or user 

connection in the SIP/IMS network, providing network 

security protection for the IP/SIP/WebRTC/IMS network 

and the user end, as well as NAT network traversal. 

Signaling control and session media stream management, 

intelligent and flexible call routing control, voice coding 

conversion, billing and QoS management and other 

functions.The SBC9000 session boundary controller is 

a high-end SIP/IMS network integration solution 

meticulously designed for mid-to-high-end 

telecommunications service providers and large and 

medium-sized enterprise users. Not only does it provide 

SBC standard functions for carrier-level and enterprise 

customers, but it also adds more SIP security guarantee 

functions, supports national encryption algorithms, system adaptation based on domestic/Huawei technical architecture, 

flexible call routing management functions, and high-reliability HA dual-server hot standby functions.The SBC9000 session

boundary controller has achieved a breakthrough in the deployment of industry solutions, supporting the ability of parallel 

deployment of software and hardware. Users can not only deploy it on the X86 hardware platform but also install it on various 

mainstream software and hardware server platforms in the market. This greatly enhances the elastic deployment and 

processing capabilities of the SBC and breaks through the limitations of the hardware environment bottleneck. A solution 

that supports more flexible migration and deployment.

Supports 50,000 concurrent sessions and 

5,000 voice media transcoding processing, 

and can accommodate 100,000 user 

registrations.

Support WebRTC, voice/video calls.

Supports intelligent bandwidth limitation 

and dynamic blacklist, supports cross-netw

-ork and NAT traversal, ADAPTS to various 

networking environments, and has Ha dual-

machine hot standby.

Supports general physical server or virtual 

machine deployment, as well as public cloud 

deployment.

Support SIP over TLS, SRTP encrypted sessions, 

and national encryption algorithms.

Compatible with multiple coding standards: 

G.711A/U, G.723.1, G.729A/B, iLBC, AMR 

and OPUS.

Supports SIP protocol and flexible routing 

rules, perfectly compatible with IMS network, 

providing IP voice firewall, security attack 

prevention, and core network protection.

Support call recording

SIP

IMS

Key characteristics
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I/O接口
3*LED Indicators, 1*RJ45 Console Port, 2*USB 2.0 Ports, 

3*RJ45 GBE Ports, 2*SFP GBE Ports, 1*2×16 Character LCM

内存 8GB

扩展槽 2个扩展插槽

硬件规格 2U，19’标准机柜

电源输入 额定电源输入：100V a.c.～240V a.c.；50/60Hz

最大功率 350W

运行温度 操作温度：0~40℃；储存温度：-20~70℃

环境相对湿度 5%~95%

海拔 3000m以内性能稳定

大气压力 86KPa~106KPa

防尘 空气中的颗粒物浓度小于180mg

EMC&安全认证 CE/FCC

基本业务 支持局内呼叫，出局呼叫，PSTN呼叫，NGN呼叫，IMS呼叫

语音编解码 支持G.711a/u、G.729a、G.723、G.726、GSM、H.263、H.264 语音编解码

语音质量保障 动态Jitter Buffer, 语音检测, 舒适背景音

传真 T.30、T.38

基本语音服务

呼叫等待、呼叫等待、呼叫转移、呼叫接机、呼叫停车、来电显示、缩写拨号、DND、三路会

议、呼叫限制、报警服务、DID、DNIS、数字地图、自报告号码、中继轮询、智能路由、自动重

拨、长时间通话限制、隐藏号码、秘书业务、号码更改、黑名单

专用网络穿越方式

视频 基于SIP的点对点视频, H. 263/ H. 264

统一通信

ALG, STUN server

语音邮件、个性化的语音信箱,录音,Follow me,短信网关(CMPP、SGIP、网络服务、雄厚的实

力GSM),智能路由

电话会议
现场电话会议，电话会议预订，董事长电话会议，接入电话会议，短信，会议通知邮件，会议
记录

呼叫中心 ACD、IVR、队列记录、支持通过TSAPI等协议集成CTI

账单 详细的通话记录，个人通话分析，部门通话分析，通话等级分析

计费对接 第三方计费软件对接(API模式，FTP模式)

备份恢复 支持本地/远程数据备份

远程管理 SNMP V2/V3, TR069, SYSLOG，系统在线更新，远程配置参数备份和恢复

本地管理 Web界面管理

硬盘 1TB，Seagate 3.5 inches,7200 RPM

处理器 Model E,LGA1155 
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Platform deployment

•  Hardware deployment

   "X86 architecture"

Speech characteristics

• Speech coding：G.711a/μ，G.723G.729A/B，

   iLBC，G.726，AMR，OPUS

• Mute elimination

• Media Recording Specification (SIPREC)

• Comfortable Noise Generation (CNG)

• Speech Activity Detection (VAD)

• Echo suppression (G.168)

• RTP/RTCP

• Voice interrupt protection

• Adaptive dynamic buffering

• Adjustable gain control

• Automatic gain control

• Support WebRTC audio and video

• Fax: T.38 and Pass-through

• DTMF mode: RFC2833/Signal/Inband

Security

• DOS/DDOS attack defense

• Access control policy

• Policy-based SIP anti-attack

• Detection and processing of non-standard 

   message formats 

• TLS&SRTP encrypted sessions

• Black and white list of main called numbers

• ACL control

• IP Voice Firewall

Call handling

• Flexible routing rules

• Redundant route backup/selection

• Control call routing by time period

• Route by primary/called number prefix

•Match routes by SIP URL domain

• Match routes by SIP request method

• The calling and called numbers change

• IP relay redundancy and load balancing

• Digital regular expression

Performance

• Call concurrency

   Supports up to 50000 concurrent ways

• Transcoding concurrency

  Support 5000 media codec conversion processing

• Call CPS

  Up to 1000 concurrent connections can be 

  processed per second

• Number of user registrations

  It supports up to 100,000 user registrations at most

• Register for CPS

  It can process up to 1,000 registration messages 

  per second at most

Agreements and standards

• SIP v2.0, UDP, TCP, TLS, RFC3261, national 

  cryptographic algorithm

• SIP relay working mode: Peer/Access

• SIP user registration agent: up to 3000

• B2BUA user agent

• SIP call flow control

• SIP registration flow control

• Dynamic scanning detection of SIP registration 

  message attacks

• Dynamic scanning detection of SIP abnormal 

  call attacks

• SIP head domain transformation

• SIP message redundancy mechanism

• Support softswitch anti-blocking strategies

• QoS (ToS，DSCP)

• NAT traversal

Management and maintenance

• Web-based visual configuration and maintenance

• Data backup/recovery

• Web firmware upgrade

• System Log

• Operation log

• Call list

• Multilingual switching

• Syslog

• Remote Web and Telnet

SBC9000technical parameter  LV Switches Inc.

service@lvswitches.com4th Floor, Building F1, New Light Source Industrial Base, Luocun, Foshan City, Guangdong, China w w w. l v s w i t c h e s . c o m


	页 1
	页 2

