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Abstract 
After the presentation of the Video Dial Tone Service in the introduction, the various fonns of 
the VDT network are reviewed. The DA VIC General System is used to present the basic 
model of a Video on Demand system. Mter a short review of the MPEG, we discuss the ITU 
view of the Video Dial Tone in an ATM environment and present the three protocol stacks. 
The ATM Forum specifications for Video on Demand in an ATM environment is a vastly 
reduced subset of the ITU reference model. We also discuss the problem of the jitter on the 
MPEG TS packets, jitter which jeopardizes the clock synchronisation. It is in the framework 
of the ATM Forum view that the Video on Demand scenarios are presented in details. 
The ATM Forum has also specified the LAN Emulation to integrate ATM in a LAN 
environment but it is shown that the support for the multimedia is far from adequate. 
From work going on in different groups, there is a tiny hope for a future convergence. 
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1 INTRODUCTION 

The deployment of the broadband ISDN in the geographical area will require huge 
investments. With the increased competition between operators and service providers, which 
will culminate after the total deregulation of the telecommunications in Europe in January 
1998, it is obvious that every operator will carefully evaluate the return on investment which 
may be expected from a deployment of the ATM in theW AN. 

Today, the investment in the mobile area has appeared more attractive to the operators, 
but the next step may well be the deployment of Video Dial Tone (VDT) Services. 

In the last five years, there has been a huge increase of interest in the multimedia 
phenomenon, first, as standalone applications for workstations and personal computers. The 
beginning of the networked multimedia application occurs in the LANs due to the availability 
of bandwidth but there is no reason to believe that the multimedia services may not be 
appealing to the residential user. 

If some multimedia applications may be supported by today's networks, most of them, 
requiring large bandwidth and low latency, will need a new infrastructure. The first 
multimedia applications of Table 1 may be supported by today's networks as they are 
essentially asynchronous but all the others require low latency due to the interactive nature of 
the application. 

The Video Dial Tone Services is a set of new services that will allow a customer to have 
access to full motion video, high quality audio, classical data service and even basic phone 
service through a single access point and on an on-demand basis [DiS 95, FKK 95]. The 
integrated approach of such an access will allow the deployment of most of the multimedia 
applications mentioned in Table 1. 

Table 1 Multimedia Applications 
Multimedia Document 
Multimedia Mail 
Multimedia Presentation 
Video on Demand 
Near Video on Demand 
Karaoke on Demand 
Deferred Broadcast 
Video Kiosk Service 

Video Courseware 
Distance Learning 
Video Conference 
Teleshopping, Telework, Tel e ... 
Interactive Video Games 
Cooperative Working 
Virtual Reality 

In this paper, we will present the Video Dial Tone network and see how the residential 
user will be able to access the new services. We will discuss how ATM may be used to 
support these new applications with an emphasis on the Video on Demand [CCP 94, GrT 96). 

After having presented the situation of the residential user, we will present briefly, the 
multimedia application in a multi-LAN network involving ATM and we will discuss the 
convergence of the proposed solutions for the two environments. 
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2 THE VIDEO DIAL TONE NETWORK 

A Video Dial Tone network [DiS 95, DA VIC 1.0/4] consists essentially of multimedia servers 
[GVK 95] part of the End-Service Provider System and of residential users belonging to the 
End-Service Consumer System linked by a Delivery System which consists of a Core 
Network and an Access Network (Figure 1 ). 

End-Service 
Provider 
System 

Multimedia 
Server 

A9 

ATM 
Core Network 

Figure 1 The Video Dial Tone Network. 

We will consider here only ATM-based core network. The local exchange (LE) is 
interfaced to the access node (AN) of the access network. Local exchange and access node are 
forming together a central office. A network termination (NT) terminates the access network 
on the subscriber side. 

In the core network, there are two basic functionalities, the multiplexing and the 
switching, which are assumed here to be provided by ATM switches. The access network has 
multiplexing and cross-connection function facilities but no switching capabilities. 

The end-service providers in a video on demand service is essentially a storage of MPEG-
2 encoded videos. The end-server provider interfaces to the ATM core network by an ATM 
interface. The end-service consumer appears as a set-top box (STB) associated with a video 
display. The set-top box consists of a set-top unit (STU) which is network independent and a 
network interface unit (NIU) which is network dependent. The end-service provider and the 
end-service consumer appear as end-users of the delivery system consisting of the core 
network and the access network. 

The generic access network represented at the Figure 2a may be implemented with 
different technologies that may offer either a dedicated access or a shared access from the AN 
to the NIU. 

The first technology which may be used to provide a dedicated access is based on copper 
pairs between the access node and the set-top box using Asymmetric Digital Subscriber Line 
(ADSL) (Figure 2b ). ADSL is used to cover distances between 1.5 to 5 km between the 
central office and the subscriber premises. The ADSL modems provide an asymmetric digital 
pipe, with a high bit rate downstream channel towards the customer and a low bit rate channel 
from the customer to the network. ADSL allows bit rate between 2 Mbit/s and 7 Mbit/s, the 
typical capacity for the upstream channel being below 640 Kbit/s of which 144 Kbit/s are 
dedicated for 2B+D channels of the narrowband ISDN in order to provide telephone services. 
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Figure 2 Access network based on copper pairs and xDSL. 

There exists also work going on a Symmetric Digital Subscriber Line (SDSL) to provide 
the same capacity for the downstream and the upstream channels, a functionality which may 
be of interest for multimedia applications such as cooperative working or high performance 
video conferencing. 

For very short distances, in the range of 300 to 1500 m, Very high bit rate Digital 
Subscriber Line (VDSL) modems may be used. Due to the very short distance, VDSL allows 
higher bit rate in the up- and downstream directions, ranging in total from 10 Mbit/s to more 
than 50 Mbit/s. Both asymmetrical and symmetrical systems may be considered. 

The access network may also be based on the idea of an active network termination, in 
which case the ADSL modem may be located in the active NT and not any more in the set-top 
box (Figure 2c). 

Another way of realising dedicated access in the access network is by starting from the 
AN with a fibre used for multiplexing several streams and terminating to the home with 
dedicated twisted pairs or a dedicated coaxial cable from an Optical Network Unit (ONU) 
(Figure 3a). This architecture is called Fibre To The Curb (FTTC), the ONU being located 
somewhere in a street (curb) or in a large building (FTTB). The ONU is serving between 10 
and 100 subscribers located closer than 300m. The access network consists of several ONUs 
attached to the same AN. 

If the last drop is realised with another dedicated fibre, the ONU may consist of passive 
splitters, but the NT must be active as it terminates the PON (Passive Optical Network). The 
active NT adapts the signal to the medium between the NT and the set-top box (copper, coax 
or fibre). 

Most of the cable television networks are based on a shared medium, the coaxial cable. It 
is not surprising that among the architectures for Video Dial Tone networks, the Hybrid Fibre 
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Coax (HFC) access network is being carefully considered today. Here, we have a fibre 
between the AN and the neighbourhood node and a shared coaxial cable from the 
neighbourhood node to a group of subscribers (between 100 and 500) (Figure 3b ). 

A4 Set Top Box 

a 
FITC 

A4 

HFC 

Figure 3 Access Network with Fibres. 

The sharing of a downstream channel introduces special requirements concerning privacy 
and security and the sharing of an upstream channel by all subscribers to access the network 
requires a special Medium Access Control (MAC) presently studied by IEEE 802.14 WG 
[EnM 95]. It is likely that the protocol which will be adopted by the IEEE 802.14 WG will be 
ATM friendly, i.e. that it will allow the encapsulation of the ATM cells into the MAC 
frames as in the MLAC proposed by IBM [BMN 96] or as in [DDL 96]. 

The HFC-based Video Dial Tone network implies a distribution of the frequency band 
between the various traffics that will share the coaxial cable. Each analogue video channel 
occupies 6 MHz and all these broadcast channels are classically located between SO and 4SO 
MHz. 

The spectrum below SO MHz may be used for upstream telephony, data and even for 
video. The spectrum above 450 MHz up to 7SO MHz (or even 1 GHz) may be used for 
downstream digital video, data and telephony, the upstream being also possible [Bia 9S]. It is 
likely that the allocation of frequency spectrum to Video Dial Tone services will vary from 
one Video Dial Tone network to another . 

The large excess bandwidth available in CATV networks, based or upgradable to HFC, 
make these infrastructures candidate for developing Video Dial Tone services as it may be 
done without affecting the classical CATV services. An MPEG-2 programme with a 6 Mbit/s 
bandwidth occupies about 1 MHz of the spectrum, a 6 MHz channel being able to multiplex 
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six digital MPEG-2 video streams at 6 Mbit/s. It means that the upper part of the frequency 
spectrum is able to provide the support for 300 digital video streams. 

After this brief introduction of the possible architectures of a Video Dial Tone network, 
we will first present the view of DA VIC, a Forum dedicated to digital audio-visual 
applications and services. After a short review ofMPEG, we will discuss in the two following 
sections the work ofiTU-T and of the ATM Forum Video Dial Tone networks. In these two 
sections, the emphasis is on the MAN or theW AN with the residential market as target. 

3 THEDA VIC SYSTEM 

Several Telco companies, such as AT&T, MCI, Sprint, Bell Atlantic, as well as the NCTA 
(National Cable Television Association) and many cable operators will be major players in 
the development of Video Dial Tone. But computer companies, such as ffiM, Sun, HP, 
Microsoft, and consumer electronic companies, such as Philips and Sony, have also a direct 
interest in VDT. The same is true for media companies, such as Time Warner or Bertelsmann, 
and video game companies, such as Sega and Nintendo. 

The long term success of the Video Dial Tone services requires standards to achieve 
interoperability between the various components of a global VDT system. 

Beside the classical standardisation groups, such as ITU, ISO, ATM Forum, IEEE, ... , 
there was a place for an organisation where all players will be able to exchange ideas and to 
try to reach some consensus. The need of such a common place was so high that the Forum 
launched by Leonardo Charliglione of CSELT, under the name of DA VIC (Digital Audio 
Visual Council), gained an extremely large following in a very short time. Launched in 
January 1994, it gained in about two years the support of more than 200 members with all the 
essential players in Europe, US and Japan. 

In July 1995, DAVIC completed the DAVIC 1.0 specification covering the parts 
mentioned on Table 2. 

Table 2 Parts ofDAVIC 1.0 specification 
I. Description ofDA VIC Functionalities (TR) 
2. System Reference Models and Scenarios (TR) 
3. Service Provider System Architectures and Interfaces (TR) 
4. Delivery System Architectures and Interfaces (TR) 
5. Service Consumer System Architectures and High Level API (TS) 
6. Reserved 
7. High and Mid-Layer Protocols (TS) 
8. Lower-layer Protocols and Physical Interfaces (TS) 
9. Information Representation (TS) 
10. Reserved 
II. Usage Information Protocols (TR) 
12. Reference Points, Interfaces and Dynamics (TS) 
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The different parts of the specification are either technical reports (TR) or technical 
specifications (TS). 

As often as possible, DAVIC refers to ITU, ISO, DVB, ATM Forum and other 
standardisation groups when specifications exist. DA VIC made original contribution on the 
network architecture model and it has defined standard interfaces and protocols for accessing 
servers, standards for access networks, data representation systems and an architecture for set
top boxes. The DA VIC group has created specifications for ADSL, VDSL, FTTC and HFC 
architectures using both ATM and non-ATM MPEG Transport Stream architectures. 

The general DA VIC system is represented at the Figure 4. This global model includes two 
delivery systems. One delivery system is located between the Content Provider System (CPS) 
and the Service Provider System (SPS), the other delivery system is between the SPS (Service 
Provider System) and the SCS (Service Consumer System). In the rest of this paper, we will 
consider only the SPS, the SCS and the SPS-SCS delivery system. 

CPS 
(Content 
Provider 
System) 

CP5-SPS 
Delivery 
System 

SPS 
(Service 
Provider 
System) 

Figure 4 The General DA VIC System. 

SPS·SCS 
Delivery 
System 

scs 
(Service 
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The different points, where interfaces have to be standardised, are represented on Figure 
4. We also see on this figure the different flows of information which are taking place 
between the three elements we are considering here. 

On Figure 4, from top to bottom, we first see the principal service, which is the delivery of 
the MPEG-2 video stream from the service provider to the service consumer. In the DA VIC 
model, this is a uni-directional flow, identified as Sl. 

Below, we have a bi-directional flow, called S2, between the service provider and the 
service consumer. It is on this flow that the control messages between the two users of the 
network are exchanged. These control messages are related to the activity of the S I flow. The 
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service provider and the service consumer may be considered as user of the delivery system 
and therefore we may say that the S2 flow is related to user-to-user control. 

Going down one step further in the DA VIC system of Figure 4, we see a basic difference : 
now the two users, the service provider and the service consumer, are not any more 
interacting directly, but are interacting with the delivery system in the framework of the 
session and transport services. This S3 flow is definitely user-to-network oriented. 

Going down one step more, we have the same characteristics concerning the network 
service. Here, exchanges, related to the network signalling protocol, take place between the 
users and the network on the S4 flow. 

From the previous discussion, it is possible to redraw the model with the flows and the 
relationships between the service provider, the service user and entities belonging to the 
delivery system (Figure 5). 

S2 

S1 

Delivery System 

Figure 5 Flows and relationships between entities. 

The Session Manager plays here the role of a trader between a client (the service user) and 
a server (the service provider). This is not surprising as in a Video Dial Tone system, the 
service user may not know in advance the location of a movie or a game. It may not even 
know the number of service providers available on the network. There is therefore a need for 
a protocol to allow the service user to find out, from the session manager, the capabilities of 
the service providers and the cost associated with their use. Having been binded to the service 
provider of its choice, the service user must be able to select, in the catalogue of this service 
provider, the one service he is willing to pay for. In conclusion, we need protocols in order to 
interact with the session manager and with the service provider in order to prepare the main 
activity which is the transfer of the information in the S 1 flow. 

This protocol called DSM-CC (Digital Storage Media-Command and Control) is 
currently developed by ISO. This DMS-CC has two components: a user-to-network 
communication system which will take place in the S3 flows of Figure 5 and a user-to-user 
protocol to be used between the service user and the service provider on the S2 flow. This 
ISO protocol has an ITU-T counterpart, the Recommandation H.245. 
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The S4 flow is supporting the signalling between the users and the network. 

4 MPEG 

For the video teleconference and for the videophone, there is a need for a compression 
technique efficient enough to allow the use of the narrowband ISDN. The ITU-T 
Recommendation H.261, which allows video transmission over p x 64 Kbit/s, has been 
developed for that purpose. Here, the emphasis is not on the quality of the video, but on the 
usability of the video image to identify the participants in the teleconferencing or in the 
videophone process. There is an on-going work with MPEG-4 to increase the quality while 
reducing the bandwidth requirement. 

However, with interactive multimedia, the emphasis is more on the quality and there are 
people who believe that, if MPEG at 1.5 Mbit/s was announced to be of VHS quality, the 
promise was not fulfilled. This may explain the limited success of the CD-I or Video CD, the 
customer being not ready to trade the quality for some service facilities. 

MPEG-2 was developed to achieve a NTSC, PAL, SECAM quality and it is based on a 
NTSC frame of 512 x 480 pixels (instead of 352 x 240 for the VHS quality). It is a common 
opinion today that, for the residential user, MPEG-2 over 4.5 to 6 Mbit/s will be the right 
choice for offering additional facilities without reduction of the expected quality. 

For still image, a compression algorithm such as JPEG reduces the spatial redundancy by 
the use ofDCT (Discrete Cosine Transform). 

For a video sequence, MPEG uses not only the DCT to reduce the spatial redundancy but 
also the motion compensation to reduce the temporal redundancy from one image to the next .. 

There exist several layers of syntax of the MPEG video bit stream [LeG 91] : 
- the block layer of 8 x 8 pixels (DCT Unit) 
- the macroblock layer of 16 x 16 pixels (Motion Compensation Unit) 
- the slice layer (Resynchronisation Unit) It is a horizontal strip within a frame. It is an 

autonomous unit since the coding of a slice is done independently of ist neighbours 
- the picture layer (Primary Coding Unit). It is the basic unit of display and corresponds 

to a single frame in a video sequence. 
In MPEG, several coding modes are available at the macroblock and at the picture layer. 

For encoding frames, three modes can be utilised: intraframe, predictive and interpolative. 
These frames are designated respectively by the letters I, P and B. 

One important parameter in MPEG is the ratio of total frames to intraframes. N is very 
often between 1 and 16 [PaE 94]. For an unencoded frame of 830 KBytes, one may get, after 
encoding, 100 KBytes for an I frame, 33 KBytes for a P frame and 12 KBytes for a B frame, 
if the quantizer scale q is kept constant. This parameter belongs to the compression loop. If q 
remains constant, the quality remains constant and the encoder appears as a VBR source. By 
acting on q, it is possible to achieve a CBR characteristic at the output of the decoder. 

In practice, the CBR character is achieved by modifying the quantizer scale q in the 
encoding process in relation with the situation of the output buffer of the encoder. It has been 
demonstrated that it is possible to maintain this buffer very close to its centre by increasing or 
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decreasing q depending of the direction of the drift from the center of the buffer submitted to 
a constant rate drain. The reaction of the encoding process to the variation of q is fast enough 
to avoid large deviation from the equilibrium point of the buffer. 

5 VDT AND THE ATM- THE ITU VIEW 

The ITU view concerning the terminal in the B-ISDN is represented in the protocol reference 
model of the Figure 6 [H.31 0, H.222.1]. On top, we see the VDT and the multimedia services 
and applications standing above the different digitalising and compression encoders for audio, 
video and data. 

VDT and multimedia services and applications 

conneC?t•o~ I I rUCIIO strea, rCieo stream,, Clata stream ''terminal and session signaling' control and 
signaling (OSM.CC I H.245) 

I I I 

l~rogram strea~ I MPEG-2 ~~ransport strea~ I transport 
protocol 

H.222.0/ISOIIEC 12818-1) SystemS (H.222.011SO/EC 12818-1) 

signaling 
protocol I H.222.1 PS spocilic I networt I H.222.1 PS sp•dc I adaptation 

AAL LJ c:J LJ c:rASSCS, 
ATMLayer 

Physical layer 

Figure 6 The ITU Protocol Reference Model for the Terminal in the B-ISDN. 

In the B-ISDN reference model, there is clear separation between the control plane and the 
user plane. This separation is also very clear on Figure 6. The signalling stack which belongs 
to the control plane is easily identify to the left of the figure, the entity "connection control 
and signalling" making the link between the application layer and the signalling protocol 
which is here the ITU-T Recommendation Q.2931. 

Coming to the user plane, we have the three entities related to the components of the 
multimedia, video, audio and data. The video entity is responsible for the digitizing and 
encoding under MPEG-2 of the video sequence It finally produces large variable size packets 
to make up Packetized Elementary Streams (PES). The same is true for the audio and for the 
data. 
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The MPEG-2 System Layer, located below the entities just mentioned, provides the 
multiplexing and media synchronisation functions necessary to combine the various PES plus 
any additional Program Specific Information (PSI) Tables into a program [DiS 95]. 

Two modes of operation of the MPEG-2 system are defined: the Program Stream (PS) and 
the Transport Stream (TS). The PS was designed for applications running on lossless systems. 
The PS is segmented into large variable size packets. The TS was designed for applications 
running on systems which may introduce small amounts of data loss. The TS is segmented 
into fixed size 188-byte packets to minimize the effect of packet loss .In the header of these 
packets the MPEG-2 System introduces a numbering scheme for each packet belonging to a 
specific PES. Multiplexing between several PES is done at the MPEG-2 packet level. 

The MPEG-2 System introduces also, in some MPEG packet, a PCR (Program Clock 
Reference) to synchronize the sink clock to the source clock. MPEG-2 System assumes that 
the latency of the network is constant. 

The transport packets generated by the transport stream are handled by the network 
adaptation which construct the AAL-SDU delivered to the AAL service layer [LSP 96]. 

On the right of the Figure 6, the "terminal and session signalling" entity is handling the 
protocol DSM-CC (or H.245) we discussed earlier. This entity is supported for its 
communication by a classical transport protocol, i.e. a transport protocol with error detection 
and recovery mechanism. 

To complete the analysis of the ITU Reference Model of the Figure 6, we still have to 
answer a pending question : which AAL to use ? 

For the signalling protocol, we have no choice but using the SAAL, the Signalling ATM 
Adaptation Layer which consists of AALS entities plus SSCOP and SSCF. 

For the stream of MPEG-2 packets, we have in principle the choice between AAL1, 
AAL2 and AALS. Furthermore for AALS, there is the possibility to introduce a Video/Audio 
Service Specific Convergence Sublayer (V ASSCS) in order to adapt the AALS to the 
characteristics of the video/audio system and, by so doing, create a new AAL. 

On the left side of the Figure 6, we have another transport protocol between the terminal 
and session signalling and the AAL layer. In the DA VIC specification, the selected transport 
protocol has been TCP over IP and, therefore, AALS will be the selected AAL. 

In conclusion, if we look at the Figure 6, we have 3 different stacks between the 
application layer and the ATM bearer service. The first stack is the network signalling stack 
based on the SAAL.The second stack is the terminal and session signalling stack using, in 
DA VIC, TCPIIP on top of AALS. The third stack is the MPEG-2 system specific stack with 
its own transport protocol and a specific network adaptation layer. 

Within ITU, there is some lobbying to adopt AAL 1 which provides an isochronous 
service. AAL2 is very unlikely to be selected taking into account its unfinished state and 
AALS with Video and Audio SSCS will add another AAL to the list. Another pending 
question is : what kind of traffic contract will exist between the user and the network, CBR 
(Constant Bit Rate called now by ITU-T Deterministic Bit Rate or DBR), VBR (Variable Bit 
Rate called now Statistical Bit Rate or SBR) or ABR (Available Bit Rate)? 
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6 VDT AND THE ATM- THE ATM FORUM VIEW 

The SAA group of the ATM Forum is addressing the problem of Video on Demand in an 
ATM environment [ATMF 95]. The phase 1 of the specification, delivered in December 1995 
was devoted to the case of a CBR traffic contract. As discussed in the section 4, it is possible 
to operate the MPEG-2 encoder as a CBR source, but it seems here that the choice of the 
A TM Forum is more related to the characteristics of the VC available in most of the access 
networks discussed earlier. 

The ATM Forum decided, after discussion, not to use AAL1, even if, at first thought, 
AAL 1 was the most adequate adaptation layer to get a constant delay required by MPEG-2. 
But adopting AAL1 would mean introducing in the set-top box another adaptation layer, i.e. 
another chip more expensive than the widely distributed AAL5 chip already embedded in the 
SAAL. 

There was little possibility to select AAL2 as this specification is incomplete and not very 
much in progress recently. 

AAL5 is of course the candidate but to the question of introducing a Video/ Audio SSCS, 
the answer of the ATM Forum was a straight NO. This will mean again either a complete new 
chip or an additional chip to the AAL5 or a software development consuming scare resource 
in a set-top box. They selected AAL5 but, in order to better adapt AAL5 to the MPEG-2 
environment, they adopted an option for AAL5 already accepted by the AAL5 subgroup. 
With this option, an AAL-PDU in error on content, but of correct length, will be delivered 
with, of course, the indication of an error. This option does not change the specification and 
may be considered as an implementation option. However, this option is an improvement as 
the MPEG-2 decoder is more sensitive to a loss of information than to an error on content. 

The SAA group decided also to keep only the transport stream of MPEG-2. This is not 
surprising as the transport stream has been designed for environments where losses of packets 
are possible while the program stream was designed for an environment without loss. 

The group also adopted the basic option for the packet format, a fixed length of 188 bytes 
including the header (and an additional header in some cases). With such a choice, the 
network adaptation is very simple, it just takes 2 x 188 bytes of a transport packet and sends 
them both to the AAL in one AAL-SDU. Adding the 8 bytes of the AAL-PDU trailer, we 
achieve exactly 8 x 48 for cells [[LSP 96]. 

Last but not least, due to the choice of CBR, the AIM Forum wants to have a constant 
packet rate coming from the transport stream entity in such a way that this transport entity 
will be completely synchronous with the rate of the cells at the UNI. This will of course imply 
that the Constant Packet Rate (CPR) will perfectly correspond to the Peak Cell Rate (PCR) 
associated to the CBR traffic contract. If this is the case, the potential jitter which may be 
introduced in the AAL5 layer, at the sending side, will be almost completely suppressed. 

To summarise, the view of the AIM Forum for the audio-visual multimedia services is 
represented at the Figure 7 and appears as a drastically reduced version of the ITU model. 
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VDT and multimedia services and applications 
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Figure 7 ATM Forum Audiovisual Multimedia Service Model for Video on Demand. 

In connection with the signalling stack represented on the left of the Figure 7, the ATM 
Forum has adopted additional QoS parameters introduced in the ATM Forum Specification 
UNI 4.0. In the case of a CBR contract, the user will specify the PCR (Peak Cell Rate). The 
UPC will be based on the value of the PCR which has been requested but also on the CDV 
(Cell Delay Variation) tolerance which is fixed by the network and which is part of the 
network performance. It is well-known that the value of the CDV does not stay constant when 
the cell stream goes through several switches without reshaping. In some cases, the CDV may 
reach a value so high that the jitter of the MPEG-2 packet will be incompatible with the clock 
recovery mechanism. To avoid this situation, the SAA group is adopting the option for the 
user to fix the value of a peak-to-peak CDV at the receiving end. If such a request is 
accepted by ITU, it will mean that the A TM network will have either to comply to the request 
or to reshape the cell stream before the delivery. The ATM Forum also selected the possibility 
to fix the maximum value of the Cell Transfer Delay (CTD) and of the Cell Loss Ratio as 
QoS parameters. 

We have mentioned that the MPEG-2 System Specification implies a network with a 
constant value of the transit delay. We know that this requirement will not be fulfilled with 
AALS. We believe therefore that this point deserves a little discussion in order to understand 
where the problems lie and what solution may be envisaged. 
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7 TIME STAMPS AND CLOCK REFERENCES 

The Figure 8 reproduces the complete system from the camera to the monitor. From the 
source up to the presentation unit of the video, we are expecting a fixed delay. We also know 
that in the audio and video buffer between the codec and the system part of MPEG-2 we will 
face some variable delay at the source and we will have the possibility to adjust the variable 
delay at the sink. 

... fixed delay 

!variable 
delay 

AAL.SDU = x188 B packols 

1(2x188).a 

L...---.... ---'· = Bx48 

.ATMcolls 

fixed delay 

ATM Layer 
PTS : Pr8sonlllllon nme S1amp 
DTS : DocoderTI"'" S....,p 
MPEGZ.f'CR : MPEG2 Program Clock Rolorenco 

Figure 8 MPEG-2 over ATM- Clocks and delays. 

To understand the problem, we must first evaluate the influence of the accuracy of the 
clock itself. If the sink system clock has a 30 part per million of accuracy, for a 2 hour video 
film, it may drift about 0.5 of a second. This value has nothing to do with problem of 
perception from the customer but to do with the possiblity of underflow or overflow of the 
buffer on the receiving side. Half a second of drift means more than 2Mbit of encoded data or 
15 frames. 

Without jitter at the source due to the coupling of the peak packet rate with the peak cell 
rate, with a constant latency for the network, the jitter ofthe MPEG-2 packet will be very 
small (due to the jitter in the AAL and the network adaptation entity on the receiving side) 
and the Program Clock Reference inserted in the MPEG-2 packet at the source will be able to 
synchronize the the sink clock to the source clock. The presentation time stamp (PTS) 
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inserted at the source by the encoding process will be able to avoid problem at the buffer 
level. 

If the network has a variable transfer delay, the jitter of the MPEG-2 packets may become 
important. An error on the arrival time means that the Phase Lock Loop used for the 
synchronisation will be submitted to a step function in case of error and in some case this may 
create a complete desynchronisation. It is possible to damp the PLL by a great time constant 
but it has reported that, even in this case, the system remains sensitive even to "reasonable" 
jitter. Values of a few milliseconds have been able to create problems. 

It must be however understood that the use of PTS is directly related to the control of the 
receiving buffer and not limited to the pace of presentation of the frame. The requirement of 
the specification is a maximum time between two successive PTS of 0. 7 sec. which is much 
more longer than the time distance between two frames. This indicates that the main problem 
is to keep the buffer near its equilibrium state on the sink side. 

We have seen, in the section on MPEG, that it is possible to maintain this buffer very 
close to its centre, the reaction of the encoding process to the variation of q being fast enough 
to avoid large deviation from the equilibrium point.. 

By receiving the AAL-SDU, which has been polluted but which is of correct length and 
being able to identify the lost transport packets through the numbers which are associated 
with the header, it is therefore possible to reconstruct, at the system level, the exact length of 
the data which has been generated at the source, even if it is not possible to recover the exact 
data .. 

It appears that the whole business of resetting the time in the MPEG-2 system may 
probably have to be revisited in order to obtain a simpler solution than the one which will 
require a fixed delay. It remains to be seen for instance if the search of the equilibrium in the 
video buffer of the decoder will not be enough to get a smooth behaviour of the system 
assuming, of course, that through the PTS, it will be possible to synchronise the audio stream 
with a video stream. 

8 VDT AND ATM- THE SCENARIOS 

The First Party Connection Reference Model of Figure 9 [ ]refers to the situation where the 
client and the server have a capability of signalling through the interface number 1. In fact, 
each entity attached to the A TM network has a number of interfaces at the UNI level. 

There are two steps in the example of Video on Demand connection scenario we are 
presenting here. 

The first step is related to the server selection. The client first interacts with the session 
controller through the interface 3, which is a PVC established at the subscription time. The 
session controller offers the list of Video Information Providers which are the potentials 
servers. The Client selects one of them and tells the session controller of its choice. The 
selected server is informed by the session controller through the interface 3, which is a PVC 
established at the subscription time. If the server agrees, the session controller provides the 
information for the connection establisment to the client or to the server. 



18 Invited Talk 1 

Client (STT/PC) 
...--:-:-..... IWU 

Figure 9 The First Party Connection Reference Model. 

The second step is related to the programme selection. The client or the server uses the 
basic call/control procedure of UNI 4.0 on interface 1 to establish a connection (interface 5). 
The programme selection takes place by means of client-server control messages on interface 
5. The video connection (interface 2) is established by the server or by the client using the 
basic call/control procedure ofUNI 4.0 on interface 1. 
This scheme is perfectly applicable for the configuration architecture discussed in section 6 
and presented Figure 7. 

There exists however an interest to simplify the set-top box by not providing to it a 
signalling capability. In that case, a Proxy Signalling Agent (PSA) will be installed to handle 
the connections on behalf of a large group of clients. Such a situation is represented at Figure 
10 

There is in fact little difference between the two solutions, except for the signalling aspect. 
For the server selection, the client interacts with the session controller through the same 
interface 3, which is a PVC established at the subscription time. The session controller offers 
the list of the servers, the client selects, the selected server is informed and, when the server 
agrees, the session controller asks the ATM connection controller to establish an ATM 
connection between the client and the server. This is the role of this Proxy. 

As soon as the connection 5 is established, it is possible for the client to interact with the 
server in order to select the program and also at the end of the process, the video channel will 
be either established by the server if it has signalling capability as indicated on Figure 10 or, if 
not, will be established by the Proxy on request from the server. 
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Figure 10 The Proxy based Solution. 
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The scheme may be extended to important problem which will have to be solved in a 
wildly distributed environment. The scenarios we have described assume that everybody - the 
user, the controller and the server - has a perfect behavior and that nobody intends to cheat. 
Unfortunately, real world is different [LiL 96] and the scheme of Figure 10 may be transposed 
to a situation where the session controller is a Trusted Third Party able to authenticate the 
client and the server and to provide the conditions of security which are necessary for this 
kind of on-demand and pay-per-view service . 

. A protocol for achieving this goal and based on sequence of messages with public key 
and secret key is being developed in the framework of the OKAPI project [GBM 96, DA VIC 
1.2/10]. A validation using formal method and involving an intruder will be presented in 
October 96 . [Led 96] 

9 THE MULTIMEDIA AND THE LAN ENVIRONMENT 

Up to now, we have been discussing the multimedia in the framework of the Video Dial Tone 
and of the Video on Demand for the residential market We would like to conclude this paper 
by kickly assessing the situation of the professionnal market. 

In the professional environment, the multimedia is already a commodity. In the last few 
years, we have seen the PCs and the workstations evolving into multimedia machines. Most 
of them are already equipped with CD-ROMs, loud-speaker, mouse and mike and a few with 
a camera. We have however to notice that each operating system has a different extension to 
support multimedia. Furthermore, several compression techniques are used and supported by 
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some of these machines. For stand-alone machines, this does not matter, but in a networked 
environment, all these different choices do not improve the interoperability capability. 

In legacy LAN's, the support of multimedia is not obvious. The legacy transport service 
provides a very high reliability through the use of protocol mechanisms, such as error 
detection associated with retransmission. The values of the throughput, transit delay and jitter 
result from a best effort policy coupled with a fairness principle. This is not the best service 
for a multimedia application. In so far as reliability is concerned, the multimedia applications 
are less demanding and retransmission is almost always excluded. But many multimedia 
applications request from the transport service well-defined value for a few QoS parameters, 
such as throughput, transit delay and jitter. 

In France, the deployment of the Minitel was aiming first at the residential market and the 
need of the corporate user was not thought of at the start. Consequently, the integration of the 
corporate user has been slow but, today, the business part is becoming the most important part 
of the Mini tel. 

Therefore, it is time, before the deployment of the Video Dial Tone, to question the 
interest of the corporate user for some of the VDT services. It is unlikely that the karaoke on 
demand will be of interest in the professional environment, at least outside Japan, but many 
applications for the residential user listed in Table 1 may have a business orientation. If movie 
on demand is not a priority, technical conference on demand may be a Video Dial Tone 
service provided on the WAN for the professional environment. Moreover, there is room for a 
corporate Video Dial Tone service which will provide the same kind of service but only 
inside the enterprise in the same spirit as the Intranet [LZG 96 ]. 

For the corporate environment, narrowband ISDN with p x 64 Kbit/s, and p between 2 and 
6 depending on the expected quality, remains of interest for teleconferencing. Many 
professional multimedia applications will not use a bandwidth above 1.5 Mbit/s but the trends 
to 4 to 6 Mbits/s of the Video Dial Tone must not be overlooked. 

The integration of ATM in the LAN environment has been, up to now, done in a very 
conservative way but it is not without interest to compare the ATM Forum solutions in the 
WAN and in the LAN. 

For the LAN environment, the ATM Forum decided, after a survey, that the prime interest 
for the users was to be able to use ATM technology with a whole legacy environment. ATM 
appears, in the LAN Emulation, as just another transmission technology and the A TM Forum 
chose to emulate either an 802.2 MAC service or an 802.5 MAC service. 

The advantage of the LAN Emulation is that the characteristics of A TM are hidden to the 
application but this is also the disadvantage of the LAN Emulation. With the LAN Emulation, 
interworking between ATM-based workstations and servers on one side and legacy LAN 
workstations and servers on the other side, as well as interworking between ATM-based 
workstations and legacy LAN workstations, is possible in the configuration of the Figure 11. 
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Figure 11 Emulated LAN with legacy LAN. 

The Figure 12 shows the communication stacks and the bridging orientation of the LAN 
Emulation solution. 

Applications Applications 

Layer 3/4 ptolocols Layer 3/4 protocols 

LLC and/or Brkf&lna L.LC andfor Bridtlna 

LAN Emulation ~~ ~mula!imL MAC 
MAC layer 

AALS AALS layer 

ATM I ATM I I ATM • ATM 
PHY I PHY I PHY I I PHY I PliY I PHY PHY PHY 

I I L JL J I I ,,, 

ATMstation ATM switch ATMswiteb ATM/L.AN Ethernet tatlon 
( or Token-Ring Station) 

Figure 12 Communications stacks with the LAN Emulation. 

I 

From the ATM station of Figure 12, it is clear that the signalling is embedded into the 
additional layer introduced between ATM and the higher layer. But this signalling entity is 
also isolated from the application. The application is not aware of the existence of some 
possibility to fix some QoS values, such as the throughput, due to the availability of an A TM 
access and therefore the signalling process is unable to get any guide from the application to 
select the value of the requested throughput. 

Furthermore, there exists a contract with the ATM service implying the choice of a class 
of services and of the PCR value. If the PCR is set at the line rate, the adapter has nothing to 
do but this may give rise to problem in the ATM network. If the PCR is fixed at a value below 
the line rate, the adapter must be able to control the cell rate, the shaping being done now by 
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scheduling. Even in that case, the choice of the value of the PCR is not guided by the 
application. 

For LAN Emulation, the trends today is to restore the philosophy of the best effort by 
using essentially an ABR service. In that case, the only value which has to be decided by the 
signalling entity is the PCR. 

It is interesting to compare the situations in the LAN environment as it is today with the 
solution in the Video on Demand system. 

In the Video on Demand system, we have seen three communication stacks to support 
Video on Demand application in ATM environment. The first stack is the signalling stack. It 
links directly the signalling entities to the application and allows therefore an easy passing of 
the parameter required and offered. The user plane has two communication stacks, one which 
we will call the classical communication stack offering reliability through the transport 
service, the other one offering a direct access to ATM through a minimal number of protocol 
functions between the application and the AAL service. 

In the LAN environment, we have today a single stack. The embedding of the signalling 
stack inside the user plane stack creates the problem which has been mentioned earlier. The 
lack of a "light-weight" stack for accessing the ATM from the multimedia application will 
remain a basic drawback of this solution. 

10 LAN ENVIRONMENT EVOLUTION 

If we do not want to create a signalling stack for A TM directly accessible by the application, 
it will be necessary to upgrade the transport service in order to provide a way for passing 
information from the application to the signalling entity, information which are needed for the 
selection of the service and its QoS value. For the user plane, there is also a need for a drastic 
evolution from the classical stack of today. For the multimedia application, the transport layer 
must offer option in term of selection of the reliability mechanism and also the possibility of 
resource reservation to fulfil the required QoS. If the A TM network service of the ABR class 
are spreading everywhere, it is likely that the interaction with window flow control may have 
to be reconsidered to the benefit of rate control mechanisms at the transport service level. It is 
in this direction that several groups of research have been working [Dan 94 ]. 

The other approach is, of course, already indicated by Video Dial Tone. We may keep the 
existing classical stack and use it for the application which are benefiting from it. Putting on 
the side of this classical stack, a signalling stack and a light-weight ATM stack will provide 
solutions for the interworking between the legacy environment and the new environment 
created by ATM [DaB 96]. This three-stack approach is gaining momentum and this 
momentum is likely to increase with the deployment of the ATM [WGH 94? KSW 95]. 

It is worth to notice that IETF is slowly, very slowly, moving in the direction of an A TM 
oriented stack with RTP and that RSVP may provide the mechanism to pass to the signalling 
entity, the QoS requirements of the application. The number of revision of the IETF 
documents is becoming very impressive and likely to beat ISO if the trends continues. 
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11 CONCLUSION 

The conclusion will be again a comparison between the corporate environment and the 
residential environment. 

With all the networks already installed in the corporate environment, the networked 
multimedia applications are moving very slowly due to the lack of a clear architectural view 
of the way to integrate ATM and the legacy environment. 

In the residential domain, the architectural view seems to be converging but the lack of 
networks able today to support these new services is a subject of concern. 
Guess where is the solution ... 
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