User to Network QoS Parameter Transformation in Networked Multimedia Systems

Daniel Mosséand Ha Ly Department of Computer Science University of Pittsburgh Pittsburgh, PA 15260

mosse@cs.pitt.edu

1 Introduction

Multimedia is currently being recognized as one of the major driving applications accompanying the “internet” rush, along with real-time systems, networks, tools, and methodologies. For example, services are emerging in both the commercial and research worlds: teleconferencing, audio/video data, and news-on-demand services. However, most systems have been custom-made without the user interface to facilitate usage for the non-expert. Typical multimedia users simply want to use the service without needing to know the technical details of the underlying systems. Since the resource allocation layer must take into consideration the underlying scheme in order to be able to effectively assign tasks to the processing units and network components, there is need for a tranlation layer that will take user-level information and produce network-level parameters.

Even though some effort has been dedicated to the API and to some forms of Graphic User Interface (GUI), the correlation of these with the underlying computing or network subsystems has not been clear. For example, at the network level, schemes have been proposed to grant resources with a channel admission algorithm, but without concern for jitter [CSZ92, ZSS94]. To solve the problem of high delays under higher loads and uncontrolled jitter, resource reservation schemes are used [BFM+96]. A versatile architecture, called V�net[FZM95], was introduced to address these concerns and is flexible enough to accept different scheduling disciplines in different sites, different admission control policies, and different types of traffic sources. The architecture is based on an end-to-end communication channel (V-channel) which represents an association between the application’s QoS specifications and the network resources.

Beyond real-time data transfer, the Lancaster Quality of Service Architecture (QoS-A) [CCH94], the QoS Broker [NS95], and the NetWorld [CM95] are some architectures that take into consideration both the user-level specification of the QoS and the reservation schemes for resources at the network level. The QoS Broker functions as an intermediate between the application and both the operating system and the network protocol subsystem (Tenet suite of protocols in this case [BFM+96]). QoS-A and NetWorld provide a framework to specify and implement QoS guarantees as service contracts. QoS-A incorporates QoS interfaces, management, and mechanisms across all network layers.

The NetWorld was further enhanced [CCG+96] to allow the users to select different modes of operation: expert and non-expert. In the non-expert mode, the user only needs to specify Quality of Service (QoS) such as ”low”, ”fair”, ”good”, and ”excellent” instead of entering the specific QoS parameters, such as resolution, color, frame rates, etc. On the other hand, the expert mode requires the users to enter their own QoS parameters. For instance, for audio, the expert user must specify bit length, sampling rate and number of channels.

Even for these experts, the underlying network reservation protocol needs different parameters in order to accommodate the channels’ requests for forwarding real-time traffic. Therefore, at the system level, the parameters must be expressed1 in terms of: number of packets (n), periodicity of packets (r), and burst size (m) which are defined as network parameters in Berkeley’s Dash system [ATW+90].

The purpose of this paper is to show how to convert the user-defined parameters to the network-level parameters. This is an essential part of the resource reservation mechanisms for any real-time operating system which intends to guarantee delivery of multimedia data from source to destination.

Jitter The presence of jitter in multimedia systems can cause audio glitches, image discontinuity and errors in lip synchronization in video and audio. The amount of jitter necessary to be perceived by human subjects depends upon the media type. Experiments have been done to determine the amount of acceptable jitter and error in synchronization [Ste96]. The results of these experiments can be used to assign different level of quality of service as shown in Table 1.

Jitter is introduced when using packet networks to transport multimedia. Therefore, synchronization at the receiver is necessary. One way to handle jitter is to buffer complete data streams prior to presentations (see Concord synchronization algorithm [SNAS96])

2 Network System Parameters Conversion

The user-defined parameters are converted to the network parameters depending on the mode selected. The conversion is performed in two steps for the non-expert user, while the expert skips the first step. First, the translation depends on the selected media type: movie, data, video or audio conference, the user-defined parameters (low, fair, good, excellent). These are converted to resolution, frame rate, color, or channels, bit length, sampling rate, and bandwidth. Thereafter, a conversion into the network-level parameters take place. The value of delay, jitter, and burst for the different applications are taken or derived from [Roy94, MT93, CCH93].

1 Since our work is based on the V�net paradigm, we show here the system-level parameters for that architecture.

Works such as the Tenet suite [BFM+96] would work analogously.

Media Mode, Application QoS video animation correlated +/-120 ms audio lip synchronization +/- 80 ms image overlay +/-240 ms non overlay +/-500 ms text overlay +/-240 ms non overlay +/-500 ms audio amination event correlation(e.g. dancing) +/-80 ms audio tightly coupled (stereo) +/-11 ms loosely coupled (dialog mode) +/-120 ms loosely coupled (background music) +/-500 ms image tightly coupled (e.g. music with nodes) +/- 5 ms loosely coupled (e.g. slide show) +/-500 ms text text annotation +/-240 ms pointer audio relates to showed item -500 ms/+750 ms Table 1: Media Mapping Table

The bandwidth is defined as a product of resolution, frame rate, color and a action factor which is dependent upon the media type. For instance, if the media type is a normal movie, then action factor = 1. For an action movie, however, the action factor = 2, due to the greater demand on the resources to maintain the image quality with most compression algorithms. Note that the action factor does not apply to audio since the variation in bandwidth between the different types of audio sources is not of large scale.

In the second step, the network topology has to be taken into consideration, since the number of hops the data traverses is relevant to the delay that can be applied to the data. The network-level parameters (n, m, r) are computed by the following algorithm:

Computing r:
   if ( action factor != audio) and (quality >= good)
    r = delay / total nodes in segment * 5
   else if ( action factor == audio )
    r = jitter / 2
   else
    r = delay / total nodes in segment

Computing n:
    n = bandwidth * r / data_format * packet_size

Computing m:
   if ( r > 1 )
    m = burst / r
   else
    m = burst

As mentioned above, the maximum delay and the delay jitter are application dependent and can be derived based on the QoS chosen by the users.

3 Additional Work

The GUI introduced in [CCG+96] allows users to either (a) select the amount that they are willing to pay or (b) let the system compute the cost of the service for them. In either case, the system first computes the cost and correlated quality, then informs the user. For option (a), the system compares the computed cost and the user-defined cost. If the result cost is exceeded by the specified one, then the system prompts the user to pay more or select a lower quality if appropriate. On the other hand (option b), if the computed value is smaller than the selected one, then the system will automatically offer the user better quality.

References

[ATW+90] D. P. Anderson, S. Tzou, R. Wahbe, R. Govindan, and M. Andrews. Support for Continuous Media in the Dash System. In ICDCS10, pages 54–61, May 1990.

[BFM+96] A. Banerjea, D. Ferrari, B. A. Mah, M. Moran, D. C. Verma, and H. Zhang. The Tenet Real-Time Protocol Suite: Design, Implementation and Experiences. tn, 4(1), Feb 1996.

[CCG+96] D. Chen, R. Colwell, H. Gelman, P. Chrysanthis, and D. Mossé. A Framework for Experimenting with QoS for Multimedia Services. In IS&T/SPIE, editor, Conf on Multimedia Computing and Networking, 1996.

[CCH93] A. Campbell, G. Coulson, and D. Hutchison. A Multimedia Enhanced Transport Service in a Quality of Service Architecture. In 4th International Workshop on Network and Operating System Support for Digital Audio and Video (NOSSDAV’93), 1993.

[CCH94] A. Campbell, G. Coulson, and D. Hutchison. A Quality of Service Architecture. Computer Communications Review, pages 6–27, April 1994.

[CM95] P. K. Chrysanthis and D. Mossé. Management and Delivery of Multimedia Traffic. In 2nd Int’l Workshop on Community Networking Integrated Multimedia Services to the Home, June 1995.

[CSZ92] D. C. Clark, S. Shenker, and L. Zhang. Supporting Real-Time Applications in an Integrated Services Packet Network: Architecture and Mechanism. In SIGCOMM ’92, pages 14–26, 1992.

[FZM95] B. Field, T. Znati, and D. Mossé. V-net: A Framework for a Versatile Network Architecture to Support Real-Time Communication Performance Guarantees. In InfoComm, April 1995.

[MT93] D. McGlinchey and D. Tracey. EuroBridge: Making Broadband Usable. In Second International Conference on ’Broadband Services, System and Networks’, 1993.

[NS95] K. Nahrstedt and J. M. Smith. The qos broker. IEEE Multimedia, pages 53–67, Spring 1995.

[Roy94] R. Roy. Networking Contraintsin Multimedia Conferencing and the Role of ATM Networks. AT&T Technical Journal, 73(4):97–108, July-August 1994.

[SNAS96] C.J. Sreenan, B. Narendran, P. Agrawal, and N. Shivakumar. Internet Stream Synchronization Using Concord. In IS&T/SPIE, editor, Conf on Multimedia Computing and Networking, 1996.

[Ste96] R. Steinmetz. Human Perception of Jitter and Media Synchronization. IEEE Journal on Selected Areas in Communications, 14(1):61–72, Jan 1996.

[ZSS94] Qin Zheng, Kang G. Shin, and Chia Shen. Real-time communication in atm networks. In 19th Conference on Local Computer Networks, pages 156–164, 1994.