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 Background: Multimedia conferencing is used for group communication, during which 
the media is shared by all of the participants. To be a successful system, multimedia 
conferencing has a number of requirements. Quality of Service is directly proportional 
to the bandwidth; as a result, the terms delay, packet loss and end-to-end have no 
relevance under the best networks. However, multimedia conferencing is also 
concerned with the bandwidth during group communication. Objective: Floor control 
is introduced to bring resource sharing among the active participants to reduce the 
bandwidth usage. In this research proposal, the floor control method is introduced to 
achieve the highest level of bandwidth utilization. Floor control emulates a real meeting 
room in which one individual a chairman who invites people for the conference, and the 
remaining individuals are passive participants. Our floor control methods have the 
ability to transfer the chairmanship temporarily to the passive participants. Results: In a 
group communication environment, the performance of the conference manager also 
degrades at the same rate (4.00%) as the packet loss. With packet delay, the conference 
manager system was put under test with a fixed packet delay that ranged from 25 to 
1625ms with increments of 125 ms. Delay leads to difficulty in normal conversational 
flow. 
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INTRODUCTION 
 

Voice-over-IP communication systems provide many value-added services to their clients. These services 
are not limited to voice-based calls; they also provide voicemail-to-text (Jennings, 2006), online games (Singh, 
2005), presence (Rosenberg, 2004), chatting (Instant Messaging) (Campbell, 2002) and desktop sharing using 
remote desktop protocol services. VoIP system scan also facilitate the service of multimedia sessions along with 
value-added services in cellular, public switched telephone networks (PSTN) or other VoIP networks. 

VoIP endpoints are the basic units of VoIP systems. These endpoints and the VoIP server can be from the 
Client-Server architecture. There are a number of protocols that can be used to have VoIP communication; at 
present, these include Session Initiation Protocol (SIP) (Rosenberg, 2002), H.323 its ITU specification and 
Inter-Asterisk Exchange Protocol (IAX). SIP is one of the widely used VoIP protocols. SIP is a Peer-to-Peer 
protocol; when it requests SIP sessions with a peer, it is called User agent Client. When it services a SIP request 
that it receives from a Peer, it is called User agent Server. Sessions can be with voice, video and many other 
services that the SIP protocol supports. Quality of Experience is a new term for measuring the QoS of the VoIP 
systems. The Quality of Experience is the overall result of an application or service as perceived subjectively by 
the users of the system. Furthermore, it is a measurement of a service offering by the system to satisfy the end 
user’s expectations about the service client, terminal, network and services infrastructure (Fiedler, 2010). There 
are a number of published research articles that describe various ways in which VoIP systems can be bundled 
into a single communications network. There are many elements of a VoIP system that are responsible for 
making successful VoIP system. These elements include the speech codec, packetization, packet loss, delay, 
delay variation and network architecture to provide Quality of Service (QoS). Factors such as speech codec and 
packetization can be corrected by using the proper codec, whereas the packet loss, delay, and delay variation can 
also be corrected by designing the network architecture. However, there are other very much more important 
factors that are involved in making a successful VoIP system, such as call and signalling setup, floor control, 
security threats, and the capabilities to traverse the Network Address Translation(NAT) and firewall(Goode, 
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2002). In this article, we propose a VoIP framework that concentrates on the issues that are important when 
building a successful VoIP system that has all of the facilities, such as floor control and media sessions between 
VoIP systems. Furthermore, we restrict ourselves to a basic call set-up, media handshaking and floor control. 
This paper covers the most recent developments in VoIP, the proposed framework, the implementation details 
and a discussion and conclusions. 

 
Related Work: 

Internet Protocols to PSTN gateways are used to make VoIP. The IP-to-VoIP gateway is a network device 
that converts IP voice packet streams and Time Division Multiplexing (TDM) voice signal circuits. There is a 
cinema system that is integrated with a telephony system to achieve cost-effective Internet telephony. The 
cinema system has many modules, such as SQL database servers for users who are authorized to use Cinema, 
Web servers to configure proxies, and a registrar and redirect server for the SIP protocol; additionally, a very 
critical element of a cinema system is the media server to achieve the media sessions among the VoIP clients. 
Furthermore, Cinema also requires a SIP and PSTN gateway to cater to PSTN calls from a VoIP system (Jiang, 
2002). The International Engineering Task Force (IETF) has released the extension Signalling System 7 (SS7) 
(Freier, 2011) for providing a reliable datagram service for call management in coordination with the Stream 
Control Transmission protocol. SIGTRAN (Ong, 1999) also carries the PSTN network over the IP network. 
SIP-based interworking with PSTN is one more way to achieve interworking with the PSTN line. There is a 
Proposal for Distributed Conferencing on SIP Using Conference Servers and SIP servers to achieve floor control 
(Prasad, 2003). An IMS-based conferencing framework is scaled using floor control and mixing (Amirante, 
2007). Temporal properties are defined as constraints of the teleconferencing system when using the SCCP 
protocol. The dynamic properties are described by LTL logic (Linear Temporal Logic) and verified using the 
model-checker Spin/Promela. There is a coordination framework and architecture for internet groupware. The 
objective of this research was to categorize the mainitems of a general group session framework, harmonizing 
the existing group membership and multicast broadcasting models (Dommel, 2000). There is design and 
implementation of advanced multimedia conferencing applications in the 3GPP IP multimedia subsystem in this 
research. A SIP-based floor server control mark-up language and a multi-level abstraction API are proposed 
(Belqasmi, 2009). In Multimedia push-to-talk service in home networks, centralized server-based functionalities 
for SIP session control and PTT service management are distributed over a set of mesh routers in a peer-to-peer 
system (Kim, 2010). There is a policy-based distributed management architecture for a large-scale enterprise 
conferencing service using SIP and designed policy-based distributed management architecture for a large-scale 
enterprise conferencing service that extends the Internet Engineering Task Force's (IETF's) approach (Cho, 
2005). Multimedia Communications Network based on SIP, it presents a novel design for a distributed 
multimedia communications network. They have introduced the distributed tactic, flow procedure and particular 
structure (Yuexiao, 2012). Design, Implementation, and Performance of a Load Balancer for SIP Server 
Clusters to improve both throughput and response time versus a single node while exposing a single interface to 
external clients (Jiang, 2012). Multimedia communication using different protocols is also suggested by (Manjur 
2011) and (Kolhar, 2008). 

 
Proposed Solution: 

Our architecture has the following entities 
• VoIP Client 
• Conference Manager 
• VoIP Server 
 

 
 
 
 
 
 
 
 
 
 

 
 
 

Fig. 1: Proposed VoIP System 
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The VoIP client is a SIP-based protocol and is an application layer control protocol that can establish a 

session, modify a session, and leave multimedia sessions. The VoIP client that extends an invitation to have a 
multimedia conference is called the chairman of the existing conference. The chairman of the multimedia 
conference has the ability to add and remove the active participants of the existing multimedia conference. The 
active participants are not allowed to leave the conference until obtaining the agreement of the chairman of the 
conference. We have used open source (http://www.qutecom.org/) for the VoIP clients. The approach is a SIP-
compliant soft-phone with audio, video, and presence support. The conference manager manages the 
conferences among the VoIP clients. This arrangement also maintains the IP addresses and port numbers of the 
clients for the Peer-to-Peer functioning part of the VoIP system. The VoIP clients will be aware of their 
connection type (such as Behind NAT) by joining the conference manager. The conference manager is also 
responsible for the scheduling of the conferences by defining the policies for maintaining the floor in the 
multimedia conference. The conference chairman will be allowed to INVITE other participants, and the active 
participants who already joined are not allowed to INVITE other VoIP clients. The VoIP server supports only 
the SIP protocol, but provisions are also made to support other VoIP protocols. The VoIP Server is the SIP 
server that accepts VoIP clients who are already registered to the server. VoIP is also equipped with a STUN 
server(Mahy, 2010), which allows the NAT SIP clients to know their IP address and the local port to which the 
client is associated via the STUN client module of the VoIP client. Our architecture defines two helper 
structures for the P2P conferencing and NAT traversal. Once the QuteCom starts up, the first thing that it 
accomplishes is to send its identity to the conference manager. QuteCom uses its AOR as its address for the 
communication to the rest of the world. The Calling client can find its peer by issuing a call request to the 
conference manger using AOR of remote peer. STUN TURN services are used to achieve the NAT traversal and 
transmission of the signaling and media movements of an ongoing conference. 

 

 
 
Fig. 2: Peer-To-Peer system 

 
The following is the diagram for achieving peer-to-peer communication. When a node is willing to join, it 

sends the join request to the conference manager. If the conference managers accept it as a client, then it sends 
the OK response to the joining peer. It also establishes the STUN requests and response to determine the NAT 
type for the joining client. The conference manager manages the list of peers, which makes it easy to manage the 
remote peers because it should not be a burden on the peers; they are very volatile when they go offline. With 
this approach of keeping a list of peers at a centralized server such as the conference manager, many issues 
arise, such as clients going offline and multiple instances of peers running in the same machine. The solution for 
the above-mentioned problem is to receive the KeepAlive packet from the peers, to allow the conference 
manager to update the client list. For each peer, its neighboring peer will be acting as a guardian for it. Its duty is 
to obtain the neighboring route information for the conference manager. If a peer dies or goes offline, then the 
neighboring peer will be sending information to the conference manager as opposed to the state of any 
connection of the media of the signaling. With this information, the peer will be removed from the list of peers 
by the conference manager. A call establishment that is peer-to-peer can be made using the AOR of the peers, 
which is available with the conference manager. Making peer calls causes the conference manager to receive the 
details from a remote peer. After obtaining the request of SIP-CONTACT for the remote peer, it sends the 
details of the remote peer. Then, the calling peer uses the SIP INVITE method to invite its remote peer. Peer can 
use BEY or ACK to leave the conference and to acknowledge the caller, respectively. Basically, there are two 
issues that make this approach difficult for multi-party communication. One issue is that the client is behind 
NAT, and the second issue is that uplink and downlink are not uniform. Usually, the uplink is smaller than the 
downlink. With these difficulties, many researchers are using the middle media server to service multiparty 
video conferencing. However, these types of media servers still must service the clients who are behind routers 
and switches (multicast packets). Very recently, developments suggest that we use Application level 
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multicasting, where we need not worry about the router and switches. Each client who is a part of an active 
communication session will be programmed to help to construct an application layer multicast tree for 
conferencing (ALMC), to deliver its video stream to all of the other conference participants. If any of them 
leaves the session, then this action will have a very bad impact on the quality of the video or audio session. To 
avoid such conditions, we are left with two options; one option is to have more middle media servers and 
impose the floor plan to achieve the best quality of service. The first option is being used in very popular video 
conferencing tools such as Skype and ooVoo. The ALMC approach has two variants; one is constructing a tree 
of participants, who help in streaming the video and audio to the clients who are presently part of the video 
conferencing session (Castro, 2003). The other method of ALMC is to divide the streams among all of the 
participants, to reach (Audio and Video) all of them (Chen, 2008). The ALMC suffers from a large number of 
issues. For example, one of the servers (helper media server) could go offline between the conferencing 
sessions. This problem can be solved by implementing the floor plan for the conference. Our approach is to have 
one of the participants be chairman of the active session. Usually, we make the client be the chairman who 
invites the other participants. The other participants are called observers or passive participants. Figure 3 shows 
the call setup in a 3-party SIP call. Initially, client A calls the conference manager, who in turn calls client B, 
and the media between A and B travels through the conference manager. After the call is established, the 
chairman of this session, client A, makes the SIP call to client C. 

 

 
 

Fig. 3: Three-party media communication 
 
The mixing of the media is performed by the conference manager. This approach creates the possibility of 

multiparty communication; otherwise, we must have the ALMC tree to provide such service. The session 
between client A and B is a normal SIP session, whereas the media call between A, B and C is a multiparty 
session. In this session, client A is a chairman, and B and C are passive clients. Client A has the ability to leave 
the conference, whereas B and C must receive permission before leaving. The media streams travel from the 
conference manager to all of the participants. In multiparty communication, it is mandatory that everyone who is 
involved in the session must deliver the video and audio packets. In any variant of ALMC, the role of the client 
is to transmit the audio and video packets, to allow the helper media servers to re-transmit to the remaining 
clients who are presently part of the active session. This approach will have more bandwidth consumption than 
our approach because we have only one helper server, which is the conference gateway. The conference 
gateway initiates the SIP communication to the other participants and also mixes the media data between them. 
Figure 4 shows the centralized media and controlled signalling. In this architecture, the chairman initiates the 
conference and includes many more clients through the conference manager. INVITE is the SIP that is used for 
inviting clients to the conference. First, the chairman invites the first client and later invites other participants 
through the conference manager, and these invitations are separated invitations. In centralized media, mixing 
requires a very large bandwidth because the centralized server must send and receive media data on each client 
to all of the clients who are involved in the conference. Suppose that N clients are involved in the conference; 
then, the number streams received by each client will be N-1 number streams if this session uses the G.729 
codec for voice and requires 24kbps of bandwidth for each channel (each client). 

Audio bandwidth at each client = (n-1)(24)kbps 
Similarly, the video bandwidth for the H.263 codec received by the N clients can be calculated as follows: 
Video Bandwidth at each client = (n-1) (320) kbps 
Thus, the total bandwidth will be 
= (n-1)(320) + (n-1)(24) kbps 
These expressions clearly show that, as the number client increases, the bandwidth also increases. If we 

introduce floor control for the multiparty conference, then the bandwidth will be negligible compared to the 
centralized media mixing architecture. Our proposed method allows all of the passive participants to be passive 
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listeners only, which means that all of them at any point in time receive only one channel of video and audio 
data. Thus, the total bandwidth usage will be 344 kbps at each client’s side for any amount of multiparty 
communication. Our proposed method also allows other passive participants to be the speaker; in this case, a 
passive participant must send a “speaker” request to the chairman of the conference. This method allows a 
passive participant to be a chairman for a short period of time but does not have permission to close the 
conference. If the chairman receives a request for “speaker” from more than one client, then it serves them all or 
he can choose to sever a specific client. The chairman passive client can leave the chairman position at his will 
but not the passive client position. The passive client chairman is also allowed to serve speaker requests from 
the clients. 

 

 
 
Fig. 4: Multiparty media communication with the conference manager 

 
Experimental Setup And Experiments: 

Figure 5 shows the overall architecture that is used to perform the above-mentioned research. Asterisk is an 
open source software based on PBX, which supports SIP, IAX, and H.323 VoIP protocols along with a number 
of voice CODECS. The IP-based SIP phones and devices were connected to the PBX via the Ethernet port. A 
connection with the traditional PSTN line was facilitated via a Foreign eXchange Office (FXO) port on the 
PBX; FXO performs analog to digital conversion between the incoming and outgoing voice streams. To 
maintain consistency, the original ’Full Rate’ Global System For Mobile Communication (GSM) speech codec 
is named Regular Pulse Excitation Long-Term Prediction (RPE-LTP) and was the only voice codec used in the 
tests for audio communication. Netem provides Network Emulation functionality for testing protocols by 
emulating the properties of wide area networks. The current version emulates variable delay, loss, duplication 
and re-ordering. In the 2.6 distribution of Fedora, Open Suse, Gentoo, Debian, Man-driva, Ubuntu,and netem 
are already present. Netem is controlled by the command line tool ’tc’, which is part of the iproute2 package. 
We have used netem to induce the network with impairments such as packet loss, packet delay and packet. 

 

 
 
Fig. 5: Architecture for Testing 

 
Experimental Setup And Experiments: 

We started the experiments with a conference manager with packet loss. Figure 6 and 7 show the 
conference manager’s performance under packet loss conditions of the network. We have used the netem tool to 
induce the packet loss to the network setup, as shown in Figure 5. The following tc command induces packet 
loss to the network. 
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# tc qdisc change dev eth0 root netem loss delay in ms: 

We continued inducing packet loss from 0.25% to 9.0% to the network by using the tc command with an 
equal interval of time. Before measuring the performance of the conference manager system under packet loss 
conditions between the conference manager and SIP clients, we have already performed the comparative 
analysis of these two clients on their own network (without the conference manager server and interworking) 
and found that both of the clients perform better under packet loss conditions. In Figure 6, in a group 
communication environment, the performance of the conference manager also degrades at the same rate 
(4.00%)as the packet loss. With packet delay, the conference manager system was put under test with a fixed 
packet delay that ranged from 25 to 1625ms with increments of 125 ms. Delay leads to difficulty in normal 
conversational flow. The second experiment was on the delay; again, we used the netem tool to induce delay 
into the network. The following is the simplest example; in this example, the system adds a fixed amount of 
delay to all of the packets in the given network. 

 

 
 
Fig. 6: Conference Manager’s Packet Loss 

 
According to our observations, our SIP architecture’s media quality suffers when the delay reaches more 

than 450 ms. According to the ITU-T, the accepted one-way delay is 150ms (Na, 2002). Figure7 shows the end-
to-end delays from the conference manager to the SIP client; the average time taken by any random packet to its 
destination is more than 0.3m seconds with a 0-ms induced delay from the netem. If a delay is induced using 
netem for 25 ms, then the average delay from the conference manager to the SIP client is less than 0.9 ms. 

 

 
 
Fig. 7: Conference Manager’s Delay in a multi-client environment 
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Fig. 8: End-to-End delay between the conference manager and client 

 
Conclusion And Future Work: 

We have used SIP as the only method for group communication. Multimedia group communication can 
bring confusion for the people who are involved in the conference, and it also invites other network-related 
problems, such as delay, packet loss, and end-to-end delay. Our floor control method has provided rules to 
achieve less bandwidth even if there are more participants. The owner of the floor, usually the chairman of the 
conference, will yield the floor to others (participants) on the basis of a request queue prepared by the 
conference manager on the basis of first-come-first-serve. In the future, our approach involves more work with 
media data, with the help of a proxy server for the participants who are distributed. This distributed conference 
management will bring about many new issues based on the media data and the selection of a chairman among 
the participants. 
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