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http://www.cs.columbia.edu/IRT


The IRT Lab conducts research in the areas of Internet and multimedia services: Internet telephony, wireless and mobile networks, streaming, quality of service, media on demand, resource reservation, multicast networks, service location, network security, ubiquitous computing and scalability to large scale networks. About twenty students are exploring various research areas under the guidance of Prof. Henning Schulzrinne, and closely interacting with the larger networking community at Columbia Networking Research Center (CNRC) as well as other research labs.  We design and analyze new protocols, perform prototyping and measurements, pursue their standardization in the IETF and transfer technology to companies.
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Some past projects


In the past, we have also worked on a number of projects including QoS protocols such as resource negotiation and pricing protocol (RNAP), Border Gateway Reservation Protocol (BGRP) and Yet another Sender Session Internet Reservations (YESSIR) to accommodate the rapid growth and increasing service diversity of the Internet. We have also built a translator between ITU-T’s H.323 and IETF’s SIP for Internet telephony. 


A number of graduate and undergrad students have done interesting software research projects in our lab. Some of the projects were: accessing email by phone, accessing user location for 911 telephony calls on Internet, message board for offline collaboration, measuring QoS for audio conferencing, recording audio conversation in a conference, file sharing among conference participants, conference load balancing, integrating audio conferencing in a virtual gaming environment, integrating video support in media server, single line IP telephony gateway, UDP-based link speed delay and network conditions simulator, VoIP client simulator for audio playout, understanding the peer-to-peer Skype architecture, conference floor control, event notification and scheduling, interworking between IM and voice calls, and so on.


http://www.cs.columbia.edu/IRT/students
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Session Initiation Protocol (SIP)


SIP is a transport-independent application-layer signaling protocol for creating, modifying and terminating sessions (Internet conferences, telephony, events notification, instant messaging and presence). 


http://www.cs.columbia.edu/sip


Columbia InterNet Extensible Multimedia Architecture (CINEMA)


CINEMA is a flexible architecture that allows building several clients and servers for Internet multimedia services using the Session Initiation Protocol (SIP), Real-time Transport Protocol (RTP) and Real Time Streaming Protocol (RTSP). Our VoIP infrastructure is gradually replacing the traditional analog phones in our department. The system provides many interesting services like multi-party conferencing, voice and video mail, programmable call routing, interworking with H.323, interactive voice response, interoperability with existing telephone networks, instant messaging and presence, customer billing and accounting, and so on. We are building server redundancy techniques for large-scale reliable VoIP infrastructure and robust peer-to-peer SIP telephony components. Our software runs on many platforms including Unix and Windows. 


http://www.cs.columbia.edu/IRT/cinema


Licensing: http://www.sipquest.com


Intelligent multi-function SIP endpoint


sipc is a SIP user agent for IP telephony calls, presence information retrieval, instant messaging, shared web browsing, Internet TV and network appliance control. It supports audio, video, text and white board, and can be extended easily for additional media types. It also supports programmable services such as time-of-day or presence based call handling using our XML-based Language for End System Services (LESS).


                      http://www.cs.columbia.edu/IRT/sipc/


Emergency services -- NG911


We have built a prototype for the next-generation VoIP emergency system. It includes location determination, call routing and public safety answering point (PSAP) infrastructure.  We use GeoLynx and Google maps to display caller location to call takers.  Our PSAP with web-configuration can fork a call to multiple parties, put them in a conference and log call details. 


                      http://ng911.tamu.edu/


Next step in signaling (NSIS)


As part of the IETF NSIS working group we are standardizing a generic IP signaling protocol that separates the transport of the signaling from the application signaling (e.g., QoS, NAT traversal).


http://www.cs.columbia.edu/~charles


DotSlash: web hotspots rescue


DotSlash allows different web sites to form a mutual-aid community, and use its spare capacity to efficiently relieve short-term hotspots experienced by any individual site. It rescues the heavily loaded web sites and phases out once the workload returns to normal. It is self-configuring, scalable, cost-effective, easy to use, and transparent to clients. It targets small web sites, although large web sites can also benefit from it. Our prototype on top of Apache and experiments show an order of magnitude increase in request rate and data rate served. 


http://www.cs.columbia.edu/IRT/dotslash/


Mobile and ad hoc networking


The 7DS architecture for peer-to-peer data exchange and collaborative caching is particularly useful when mobile devices experience intermittent connectivity to the Internet. Such a device queries other peers in close proximity over wireless LAN. Some of these may serve as ad-hoc, temporal gateways to the Internet. 7DS enhances the collaboration by either content pre-fetching or query on demand, particularly for location-dependent (e.g., weather or traffic reports) and popular data (music files, news) that do not change very rapidly. We have investigated the effects of wireless coverage range, network size, query mechanism, peers’ cooperation strategy and their power conservation mechanism on the information dissemination using our prototype.


http://www.cs.columbia.edu/IRT/7DS 


VoIP for wireless networks


We are working on seamless VoIP calls for mobile wireless clients such as PDAs. Our novel algorithm eliminates the audio interruptions when the user moves between the base stations or subnets. Our new Media Access Control scheme increases the VoIP capacity in the wireless networks. We are also working on seamless handoff between the cellular and Wi-Fi networks to allow wider coverage area and higher bandwidth at the same time in a device. 


http://www.cs.columbia.edu/IRT/wireless/


Context aware ubiquitous computing


Our context aware ubiquitous computing architecture detects user’s presence using swipe card, iButtons, or IR/RF transceivers, and takes some actions. For instance, when a user enters a room the stereo may start playing her favorite music, calls for her are forwarded to the room telephone, her IP phone may control the room facilities such as camera and microphone, or she can get invited to the on-going multimedia conference in the room to chat or share documents with others. 





GloServ: global service discovery architecture


Current service discovery systems fail to span across the globe and they use simple attribute-value pair or interface matching for service description and querying. We propose a global service discovery system, GloServ that uses the description logic Web Ontology Language (OWL DL). The GloServ architecture spans both local and wide area networks. It distributes information by mapping knowledge obtained by the service classification ontology to a structured peer-to-peer network such as a Content Addressable Network. It also performs automated and intelligent registration and querying by exploiting the logical relationships within the service ontologies.


http://www.cs.columbia.edu/~knarig


QoS measurement for VoIP


We have investigated the characterization of packet loss and delay in the Internet, comparing various loss models (Gilbert, extended Gilbert, trace-based model), and how they affect the perceived quality for VoIP. Our quality estimation method is based on automatic speech recognition. We also found that forward error correction (FEC) has better end-to-end perceived quality than redundant codec based scheme.  We have devised a way to optimize the FEC quality and studied the trade–off between loss-robust codec versus simpler FEC scheme.  


http://www.cs.columbia.edu/~wenyu/


Mesh-enhanced SLP


mSLP enhances the Service Location Protocol (SLP) with a scope-based fully-meshed peering Directory Agent (DA) architecture. Peer DAs exchange new service registrations in shared scopes via anti-entropy and direct forwarding.  mSLP improves the reliability and consistency of SLP DA services, and simplifies Service Agent (SA) registrations in systems with multiple DAs.  mSLP is backward compatible with SLPv2 and can be deployed incrementally.


http://www.cs.columbia.edu/IRT/mslp/ 


MarconiNet: wireless IP telephony


MarconiNet defines a streaming architecture for next generation mobile networks using IETF protocols SIP, SAP, SDP, RTP, RTSP and IP Multicast.   It deals with various operational issues (e.g., mobility, handoff, QoS, Channel management) associated with building a true IP-based streaming network over a mobile Internet using heterogeneous access technologies such as 802.11 and CDMA. It focuses on local server-based program management, fast-handoff of multimedia stream, local advertisement insertion for real-time streaming traffic and application layer mobility for interactive real-time traffic (VoIP) for a highly mobile environment such as military ad-hoc networks.      


http://www.cs.columbia.edu/~dutta/


Peer-to-peer IP telephony


We have built a standards-based peer-to-peer IP telephony system. P2P avoids the maintenance cost of the server-based systems and provides scalability and robustness against catastrophic failures. Unlike proprietary systems like Skype, our open architecture uses SIP.


http://www.cs.columbia.edu/IRT/p2p-sip


Training FAA using SIP and RTP


We are building an interactive instructional delivery system for the Federal Aviation Administration to simulate flexible real-world training scenarios for students in air traffic control, for situations such as flight sector hand-offs and inter-pilot communications within a sector. 


Call processing language (CPL )


CPL is used to describe and control IP telephony services on servers as well as endpoints. It is simple, extensible, easily edited by graphical tools and independent of operating system or signaling protocol.


VoIP Performance Study


We are building tools for performance measurement of large scale SIP proxy, registration and presence servers. Our SIPstone and SIMPLEstone provide metrics and test bed for SIP server performance.


Domain Name System (DNS)-based ENUM protocol maps telephone numbers to Internet style addresses, thus allowing ISPs to rapidly deploy VoIP. We are also evaluating ENUM performance based on various DNS technologies for VoIP.
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Some alumni of our lab


Jonathan Rosenberg: IAB member, and at Cisco


Maria Papadopouli: Assistant Professor at UNC


Ping Pan: Chief Architect, Hammerhead Systems


Wenyu Jiang: Technical staff, Dolby research labs


Xin Wang: Assistant Professor at SUNY, Buffalo
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