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Abstract 

Multimedia services, high-speed data transfer and imaging applications are generating an interest in public networks for 

multiplexing and simultaneously switching a wide spectrum of data rates. These networks are required to deliver a certain 

amount of performance such as low speed data, medium speed for video telephony and very high speed for video distribution 

and education etc. Asynchronous Transfer Mode (ATM) is a transfer technique network that supports a wide variety of 

multimedia applications with diverse service and performance requirements.  The ATM networks have the ability to combine 

voice; video and data communications services in one network. This paper throws light on the efficiency of carrying wide 

variety of media such a video, audio over ATM networks. It explains the aspects of how different type of multimedia is 

managed over ATM networks.  
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1. Introduction 

 
Multimedia consists of voice, video and data in the same application. When multimedia is transmitted over a 

network, video traffic consumes most of the bandwidth, and also required a high level of quality of service(QoS) 

quarantee from the network. In order to reduce the bandwidth requirement, video is therefore compressed before 

transmission over the network. Video compression is based on removing the temporal and spatial redundancy of 

information ina video system. 

 

The asynchronous transfer mode (ATM) network provides a very high speed and large capacity trunk 

interconnection of the various networks. ATM is suitable for tranporting multimedia, with high speed video server 

technology. The most active services over ATM networks are video conferencing and video on demand. This can 

be done by standardization of carrying multimedia over ATM networks. Advantages of ATM networks, such as 

high trunk speed, low bit error rate, flexible service type and high multiplexing capacity makes it very suitable for 

transporting multimedia. Videoconferencing, video on demand, telemarketing, and distance education are some of 

the multimdeia applications which cane be run over ATM networks. 

 

The following four basic elements are crucial in realizing a VoD( video on demand) service: 

 

• Video Server: a high capacity video server which can be randomly accessed at a high speed as video 

sources; 

• High speed multiplexing network: a high speed multiplexing network which can serve as a transport 

channel to support a large number of users; 
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• Cost Effective Set Top Boxes: a cost effective set top box which can perform interactive access and trick 

modes and also serves as the video decoder; 

• Cost Effective Service Type: a cost effective service which can offer acceptability quality of service; 

 

2. ATM Technology 

 
Asynchronous transfer mode (ATM) is a high bandwidth, low-delay, connection-oriented switching and 

multiplexing technique. ATM technology is based on the switching of small fixed-length packets of data called 

cells. In ATM, all data is transferred in 53-byte cells. Each cell has a 5-byte header that identifies the cell’s route 

through the network and 48 bytes that contain user data (called the payload).  

 

When Data is transferred in an ATM network, a switched virtual circuit (SVC) is established between the sender 

and receiver. The information is converted into fixed-length cells, which are transmitted through the network and 

reassembled into data packets at the destination. ATM's dedicated bandwidth is capable of easily supporting data-

intensive applications such as high-resolution computer graphics, large database management systems and high-end 

engineering packages.  

 

• The adaptation layer is the outer layer of the ATM network. This layer includes enterprise switches and 

service access multiplexers. These devices support the service interfaces and adapt legacy protocols, such 

as frame relay, to ATM. 

• The access layer is the middle layer of the ATM network. Nortel Multiservice Switch 7400 devices are 

access concentration nodes or edge nodes. These nodes receive cells from the nodes in the adaptation layer 

and concentrate these cells into the ATM backbone layer. 

• The ATM backbone is the central layer in the ATM network. A Nortel Multiservice Switch 15000 is 

responsible for routing traffic through the network at high speeds. 

 

The technology's high throughput and real-time information delivery also make it a perfect solution for emerging 

multimedia applications combining data, voice and animation. ATM technology is designed to improve utilization 

and quality of service on high-traffic networks. Without routing and with fixed-size cells, networks can much more 

easily manage bandwidth under ATM than under Ethernet.  

Each ATM connection contains a set of parameters that describes the traffic characteristics of the source. These 

parameters are called source traffic parameters.  

• Peak Cell Rate (PCR): The maximum allowable rate at which cells can be transported along a connection 

in the ATM network. The PCR is the determining factor in how often cells are sent in relation to time in an 

effort to minimize jitter. PCR generally is coupled with the CDVT (Cell Delay Variation Tolerance), 

which indicates how much jitter is allowable. 

• Sustainable Cell Rate (SCR): Compute the average number of cells submitted by the source over 

successive short periods T. The largest of all these averages is called the sustained cell rate. SCR is not to 

be confused with the average rate of cells submitted by a source. However, if we set T equal to the entire 

time that the source is transmitting over the ATM network, then the SCR becomes the average cell rate. 

• Maximum Burst Size (MBS). The maximum allowable burst size of cells that can be transmitted 

contiguously on a particular connection. 

• Minimum Cell Rate (MCR). The minimum allowable rate at which cells can be transported along an ATM 

connection.  

 

2.1 ATM Service Categories 
 

There are four types of ATM services: Constant Bit Rate (CBR), Variable Bit Rate (VBR) including real time VBR 

and non-real time VBR, Available Bit Rate (ABR) and Unspecified Bit Rate (UBR). The following are the ATM 

service categories: 

 

• Constant bit rate (CBR) 

 
The CBR service category supports real time applications that require tightly constrained delay and delay variation. 

These applications include voice and video applications. The consistent availability of a fixed quantity of 
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bandwidth is appropriate for CBR service. Cells that the network delays beyond the value for CTD are of 

significantly reduced value to the application. 

 

• Real time variable bit rate (RT-VBR) 

 
The RT-VBR service category also supports for real time applications that require tightly constrained delay and 

delay variation. These applications include voice and video applications. The network expects sources to transmit at 

a rate that varies with time. Standards describe this source as bursty. Cells that the network delays beyond the value 

for CTD are of significantly reduced value to the application. Real-time VBR service can support statistical 

multiplexing of real time sources.  

 

• Non-Real time variable bit rate (NRT-VBR) 

 
The NRT-VBR service category supports non-real time applications that have bursty traffic characteristics and that 

standards characterize in terms of a PCR, SCR, and MBS. For cells that the network transfers within the traffic 

contract, the application expects a low cell loss ratio. For all connections, the application expects a limit to the 

mean cell transfer delay. Non-real time service supports statistical multiplexing of connections.  
 

• Available bit rate (ABR) 

 
The ABR service category is similar to Non-Real Time VBR, because it also is used for connections that transport 

variable bit rate traffic for which there is no reliance on time synchronization between the traffic source and 

destination, and for which no required guarantees of bandwidth or latency exist. ABR provides a best-effort 

transport service, in which flow-control mechanisms are used to adjust the amount of bandwidth available to the 

traffic originator. The ABR service category is designed primarily for any type of traffic that is not time sensitive 

and expects no guarantees of service. 

 
• Unspecified bit rate (UBR) 

 
The UBR service category supports non-real time applications. The network expects UBR sources to be bursty. 

UBR service supports a high degree of statistical multiplexing among sources. UBR service does not specify traffic 

related service guarantees, and does not define numerical commitments with respect to cell loss ratio or cell transfer 

delay. The UBR service category with a minimum desired cell rate (MDCR) attribute provides an MDCR through 

which an application can indicate to the ATM network a preference for minimum bandwidth. 

 

 

2.2 Quality of Service 

 
Quality of Service is the overall performance of the ATM Network. Quality of Service guarantees delay, cell loss 

and bandwidth. Real time video and voice requires stringent delay and bandwidth guarantees for acceptable picture 

quality, which makes ATM very suitable for carrying multimedia traffic. 

 

The parameters of quality of service are: 

 

• Cell Lose Rate (CLR) 

 
This is a very popular quality of service parameter and it was the first one to be used extensively in ATM networks. 

It is easy to quantify, as opposed to other quality of service parameters such as jitter and cell transfer delay. It has 

been used extensively as guidance to dimensioning ATM switches, and in call admission control algorithms. 

 

• Jitter 

 
It is an important quality of service parameter for voice and video. It refers to the variability of the variability of the 

inter-arrival times at the destination. 

 

 

 

 

 



IJRIT International Journal of Research in Information Technology, Volume 2, Issue 10, October 2014, Pg. 01-07 

Abhishek gupta, IJRIT  4 

• Cell Transfer delay (CTD) 

 
The time it takes to transfer a cell end-to-end, that is, from the transmitting end-device to the receiving end-device. 

It comprises of fixed cell transfer delay and variable cell transfer delay also known peak-to-peak cell delay 

variation.  

 

• Cell Error Ratio and Cell Misinsertion Rate 
The cell error rate of a connection is the ration of the number of errorred cells to the number of cells 

transmitted by the source. An errorred cell is a cell delivered with erroneous payload. Cell misinsertion rate is 

the rate of cells delivered to a wrong destination, calculation over a fixed period of time. 

 

2.3 Video on Demand 
 

Video on Demand enables users to request a video through a network from a video server with a large video 

database. Generally, the Video on demand system consists of: the video server, the network, and the client. 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 1: Video on Demand 

 

 

Depending on the usage pattern, Video on Demand systems can be classifieds into three categories: 
 

• Near Video on Demand (N-VoD): 
 

It is a pay-per-view consumer video technique used by multi-channel broadcasters using high-bandwidth 

distribution mechanisms such as satellite and cable television. Multiple copies of a program are broadcast at short 

time intervals (typically 10–20 minutes) providing convenience for viewers, who can watch the program without 

needing to tune in at a scheduled point in time. The client/user sends a request to the video server and wits for the 

server to broadcast the requested video at a later time. During the playback, the user is a passive viewer. This is 

somewhat like a cable Television; the difference is that the client can request what he wants. 

 

• Interactive Video on Demand (VoD) 
 

Interactive Video On Demand (IVOD), unlike traditional television delivery, provides users with flexibility in 

choosing the kinds of information they like to receive. An IVOD system is capable of serving a large number of end 

users to concurrently access large number of repositories of stored data, often movies. IVOD is basically an 

extension of Video On Demand (VOD). In addition to the freedom of choosing movies, users can interact with 

movies and decide the viewing schedule. In other words, IVOD system supports VCR-like functions, such as fast 

forward, rewind, and pause. The enormous communication bandwidth and disk bandwidth required, and the Quality 

of Service (QoS) demanded necessitate a careful design of the system in order to maximize the number of 

concurrent users while minimizing the cost. 

 

• Highly Interactive Video on Demand (HI-VoD) 

 
It has a much higher interactivity between the server and client/user. The client/user frequently performs FFW 

operation, which results in two consequences; the first is that the client/user buffer will be depleted/refreshed 
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frequently. The second parameter is that the server will frequently ask for different bandwidths in order to minimize 

the startup delay. 

 

3. Video Compression 

 
Video compression technologies are about reducing and removing redundant video data so that a digital video file 

can be effectively sent over a network and stored on computer disks. With efficient compression techniques, a 

significant reduction in file size can be achieved with little or no adverse effect on the visual quality. The video 

quality, however, can be affected if the file size is further lowered by raising the compression level for a given 

compression technique. Video compression uses modern coding techniques to reduce redundancy in video data. 

Most video compression algorithms and codecs combine spatial image compression and temporal motion 

compensation. Video compression is a practical implementation of source coding in information theory. In practice, 

most video codecs also use audio compression techniques in parallel to compress the separate, but combined data 

streams as one package. 

 

The majority of video compression algorithms use loss compression. Uncompressed video requires a very high data 

rate. Although lossless video compression codecs perform an average compression of over factor 3, a typical 

MPEG-4 loss compression video has a compression factor between 20 and 200.
 
As in all loss compression, there is 

a trade-off between video qualities, cost of processing the compression and decompression, and system 

requirements. Highly compressed video may present visible or distracting artifacts. 

 

3.1 MPEG Video Compression 

 

 

 

 

 

 

 

MPEG 2 encodes video as a series of pictures. For interlaced sequence the 2 fields of a frame may be encoded 

together as a frame picture. Alternatively they may be encoded separately as 2 field pictures. Both frame pictures 

and field pictures may be used together in a single interlaced sequence. The High detail and limited motion favors 

frame picture encoding. Field pictures always occur in pairs (top - bottom or bottom - top). 

 The output of the decoding process for an interlaced sequence is a series of reconstructed fields. For progressive 

sequences, all pictures are frame pictures. The output of the decoding process for a progressive sequence is a series 

of reconstructed frames. Encoded pictures are classified into 3 types: P, B, and I. 

The I-frames are intra coded, i.e. they can be reconstructed without any reference to other frames. The P-frames are 

forward predicted from the last I-frame or P-frame, i.e. it is impossible to reconstruct them without the data of 

another frame (I or P). 

The B-frames are both; forward predicted and backward predicted from the last/next I-frame or P-frame, i.e. there 

are two other frames necessary to reconstruct them. P-frames and B-frames are referred to as inter coded frames. 

 

 

3.2 JPEG Video Compression 

JPEG is capable of producing very high-quality compressed images that are still far smaller than the original 

uncompressed data.  JPEG is also different in that it is primarily a lossy method of compression. Most popular 
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image format compression schemes are lossless compression methods. That is, they do not discard any data during 

the encoding process.  

JPEG was designed specifically to discard information that the human eye cannot easily see. Slight changes in color 

are not perceived well by the human eye, while slight changes in intensity (light and dark) are. Therefore JPEG's 

lossy encoding tends to be more frugal with the gray-scale part of an image and to be more frivolous with the color.  

The JPEG compression scheme is divided into the following stages:  

1. Transform the image into an optimal color space.  

2. Down sample chrominance components by averaging groups of pixels together.  

3. Apply a Discrete Cosine Transform (DCT) to blocks of pixels, thus removing redundant image data.  

4. Quantize each block of DCT coefficients using weighting functions optimized for the human eye.  

5. Encode the resulting coefficients (image data) using a Huffman variable word-length algorithm to remove 

redundancies in the coefficients.  

4. Video over ATM 

Video bit rates can vary with changes in scene content. A scene with little motion and limited scene details will 

require low bit rates, but if the motion suddenly increases the bit rate required for transmission will rise sharply 

causing the traffic contract to be violated and cells may be lost. It would be inefficient to allocate bandwidth at the 

peak cell rate and maximum burst sizes. Allocating too little bandwidth can lead to cell loss. 

If the user exceeds the negotiated contract, the UPC (Usage Parameter Control) can tag those cells, which violate 

the contract so they can be dropped in the event of network congestion. Studies have shown that when video 

streams violate their ATM traffic contracts it is most often the larger I frames which are at fault and subject to being 

dropped rather than P or B frames. Lost I frames also lead to the greatest degradation in picture quality of the three 

frame types.  

Various rate control methods have been proposed for both CBR and VBR video. With CBR video a buffer can be 

employed to smooth out slight variations in frame sizes. If the bit rate from the encoder rises sharply the buffer can 

be exceeded and cells lost. In order to prevent large changes in bit rate, one method is to use a closed loop encoder. 

With a closed loop encoder the status of the buffer is fed back to the encoder. If the buffer is close to full, the 

encoder can lower the bit rate of the frames it is encoding by increasing the DCT quantization step size. This is 

done at the expense of video quality.  

CBR video can be transmitted with constant quality by employing a buffer in the end user equipment and a delay 

before beginning video playback. This method is useful for VoD, which will tolerate a delay before playback. This 

delay and buffer can allow a number of frames to be transmitted to the decoder ahead of time. This allows the 

bursty MPEG frames to be sent at a constant transmission rate. The relationship between the initial delay, buffer 

size, and transmission rate has also been studied. Rate control methods have also been proposed for VBR traffic. 

One proposed method uses rate based flow control. This method is a modified form of explicit backward 

congestion notification that was first proposed for available bit rate (ABR) service. With this scheme, the queue 

occupancy of each switching node is monitored as a measure of congestion.  

5. Conclusion 
 

Hence the paper concludes with the fact that multimedia transmission is possible and easier over ATM networks. 

The ability of ATM networks to combine voice; video and data communications capabilities in one network are 

expected to make ATM the networking method of choice for video delivery in the future. This paper provided a 

survey of the current issues relating to multimedia delivery over ATM networks. Many issues relating to 

multimedia delivery over ATM have been discussed in this paper. These include, video compression, quality of 

service, error correction and video on demand. Most of these areas are still the focus of debate. With the potential 

that ATM networks have for the delivery of video services it is clear that this topic will continue to be of great 

interest in the near future. 
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