









	
 Home

	 Add Document
	 Sign In
	 Create An Account














[image: PDFKUL.COM]






































	
 Viewer

	
 Transcript













2009 International Conference on Computer Engineering and Technology



Internet Call Delay on Peer to Peer and Phone to Phone VoIP Network Kashif Nisar



Halabi Hasbullah, Abas Md Said



Department of Computer & Information Sciences, Universiti Teknologi PETRONAS, Bandar Seri Iskandar, 31750 Tronoh, Perak, Malaysia. [email protected]



Department of Computer & Information Sciences, Universiti Teknologi PETRONAS, Bandar Seri Iskandar, 31750 Tronoh, Perak, Malaysia. {halabi, abass}@petronas.com.my



Figure 1 represents the start point VoIP working process. The simple cases of two users are wishing to communicate using VoIP. Each user has a multimedia-capable personal computer with an appropriate client software application running on it [3]. Each is connected to a common IP network to provide simple data packet communications.



Abstract— VoIP (Voice over Internet Protocol) is a technology that enables the routing of voice conversations over any IPbased network such as the public Internet. Separate and distinct client, gateway and call control functions that ability to support Peer-to-Peer, PC-to-telephone, telephone-to-PC and telephone-to-telephone scenarios. During transmission, the traffic loading and other factors in the IP (Internet Protocol) network may cause packets to be lost. Three parameters emerge as the primary factors affecting voice quality within networks that offer VoIP technologies: clarity, end-to-end delay and echo delayed. The objective of this research is to check internet call delay over VoIP on Peer-to-Peer and telephone-to-telephone communication. The methodology used Sources of echo for test different type of call over VoIP. We used IPv4 (Internet Protocol Version 4), CISCO 3700 Series Router and telephone sets for experimentation. We checked QoS (Quality of Service) development on various sample signals. The tests were used templates varied in loudness, speech continuity, background noise and delay. We analyzed both male and female voices for results. Keywords: Delay, IPv4, Routing, VoIP



I.



Figure 1. VoIP Working Process [3]



This paper is structured as follows, first we present problem statement. Secondly, we present related work in calculation the delay utility of VoIP Applications. Thirdly, then we present research methodology secure of echo. Lastly we concluded our results.



INTRODUCTION



VoIP applications is source voice signal that first pocketsize then transmitted over an IP network. The network inevitably introduces some variation in the delay for each transmitted packet. That variation in delay is traditionally called jitter. NGN (Next Generation Networking) is a common term used for emerging computer network architectures and technologies. NGN can be thought of as a packet-based network where the packet switching and transport elements (e.g., routers, switches, and gateways) are logically and physically separated from the service/call control intelligence likewise VoIP.



A. Problem Statement There is Packet Loss, echo and jitter, during transmission in peer to peer and phone to phone VoIP network. The traffic loading and other factors in the IP network may cause packets to be lost, delayed.



It encompasses data, voice and video. It allows the continuation of existing network as well as inter-operability with the same network, it provides mobility. There are three elements such as clarity, end-to-end delay, and echo emerges as the primary factors affecting voice quality, particularly in the case of VoIP over internet [1]. VoIP systems for field communications need to be deployed quickly to minimize response time [2].
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As mobile terminals become more sophisticated, the (mobile) transitioning between networks owned by different provider’s mid-session (and the corresponding charging issue) has to be solved. Applications may demand certain levels of QoS from the network or, alternatively, may be capable of adapting to the prevailing conditions. The same service used on a different terminal, or transmitted over a different access network, will require different QoS values.
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II.



control architecture is intended for use in systems which allow only one connection to an output port at any given time.



RELATED WORK



A. Measuring delay



A variety of connection styles, e.g. broadcast, multicast and conferencing, might be demanded by various users. Li et al. note that for configuring some of these services, a centralized system is preferable, whereas for other services, a distributed arrangement may be more clients. Their proposed scheme, using a commit-like protocol, is an attempt to get the best of both worlds. The role of the protocol is to keep the port allocation status information consistent in the various controllers.



VoIP systems can exhibit variable delay in fact the delay experienced by a user could vary considerably during a call. A single measurement is inadequate and it is therefore essential to perform a number of measurements of delay during each call and consider both the average delay and its range. A method of assessing delay for VoIP systems, defined in TIPHON [4], is the mean delay from at least 10 measurements or 90% of the largest delay measured, whichever is greatest. This delay measurement requires a test signal as shown in Figure 2.



III.



METHODOLOGY



This section presents a system model of echo delay, discusses two mathematical models of echo delay, and develops experimental set up for evaluating the effect of echo delay on voice quality. A. Sources of echo in VoIP There is no debate, due to echo increment with there level and delay in VoIP. This method has introduced by Richard Reynolds in the year 2001.Large amount of work has been conducted to determine the combined effects of talker echo with delay. Recommendations on its control are summarized in ITU-T G.131 [7].



Figure 2. Delay measurement test signal composition.



B. Atomic Broadcast



Echo cancellation is therefore likely to be needed in most VoIP systems. This is in contrast to the PSTN where echo cancellation is only necessary on long-haul connections. Short-delay echoes are rarely distinguished from sidetone unless either the round-trip delay exceeds 30 ms or the echo level is extremely high. For this reason echo cancellation is not required on short-haul PSTN connections, where roundtrip delays do not exceed 30 ms. However, round-trip delays of VoIP systems are unlikely to be less than 30 ms, ensuring that some form of echo cancellation is invariably required. If a VoIP system connects to a local PSTN, echo cancellation is probably needed to cancel the local hybrid reflections. If the system does not connect to a local PSTN, echo cancellation should still be included to remove any acoustic echo.



Atomic broadcast algorithm [5] has each site (end point nodes) accumulating received broadcast messages in a queue. When an application at one of the sites wants to consume a prefix of these messages, it initiates a threephase commit protocol in which the other sites vote according to whether they have received all messages up to and including that prefix. Message sequences are only consumed by the application if a quorum of sites confirms that message up to and including that sequence have been received. The advantage of this algorithm is that it controls the flow of protocol messages that request progress in the consumption of broadcast message streams. The protocol is designed to detect the situation where two or more sites have con- currently initiated the protocol. It can then combine the voting of the hitherto separate protocol executions. C. Network Control for Mixed Traffic Li et al. have proposed the deployment of a commit style protocol in network management in order to facilitate connection setup in switching systems supporting mixed circuit and packet connections for broadband service [6]. This is part of a control architecture that provides client connection setup in a switching system that supports mixed circuit and packet connections for broadband services. Their



Figure 3. Secure of echo [7]
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IV.



The delay introduced by packetising the speech and removing network jitter, result in delays long enough to make the system susceptible to echo problems.



RESULTS



Figure 4 shows the results of the test. We used Micro Soft NetMeeting for PC-to-Phone calls. We used two analog phones for analyzed delay in VoIP. We found there was delay in both communication PC-to-PC and Phone-to-Phone conversation over VoIP network.



B. E-Model E-model is a parameter based algorithm based on 20 parameters related to terminal factor, environment factor, Network factor and so on and result is calculated to Rating Value [8]. The most common model for mapping network conditions to user-perceived utility for voice applications is the E- model [9]. The E-model [10] predicts the subjective quality of al telephone call based on its characterizing transmission parameters.



Figure 4. Net Meeting Peer to Phone.



Figure 5 shown the result of IP configuration of PC-to-PC and Phone-to-Phone setup over CISCO routers. We used IPv4: 10.20.20.1 and 199.6.13.1 for session target and destination – pattern (Local Phone Number) 5561002 on NetMeeting that support for the H.323 audio and video conferencing standard. By examining results of our experiments we have found that delay in VoIP effect on voice quality.



Figure 4. E- model [10]



The quality of a telephone call cannot be judged by the speech quality alone. The ITU E-Model [11] additionally considers end-to-end delay, echoes, side-tones and other factoers to calculate the so called R-factor. A higher R=factor quality of telephone calls. Table 1 shows the abbreviation of E-Model. Table 1. E-Model Details



Small Form RLR: STMR: TELR: WEPL: T: Ta: Tr:



Abbreviation Receive Loudness Rating Side tone Masking Rating Talker Echo Loudness Rating Weight Echo Path Loss Mean one-way delay of the echo path Absolute delay in echo free connections Absolute delay in a 4-wire loop



This paper concentrates on VoIP device and delay performance while reflecting on the impact of network performance parameters such as echo and jitter.



Figure 5. CRT used phone to phone Call on internet
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V.



CONCLUSION



This paper we have proposed internet call delay over VoIP Network in different scenarios. We investigated end-to-end delay in VoIP over internet. The primary goal of this work is to study the effect of delay on VoIP performance while the benefits of VoIP technologies may be apparent, there are currently a number of fundamental. The tests were used templates varied in speech continuity, background noise and delay. We analyzed both male and female voices for result. We have found that delay in VoIP over internet communication. Technical challenges that remain to be solved within the industry, specially delay in VoIP. These mainly centre upon the provision of applications in anything other than a purely best effort environment. VI.
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