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Announcements
• Project proposals due Sept 15

• Find partner and chat with me before then

• Submit half-page description of your plan and roughly what 
each group member will do

• Readings through Sept 15 on web site

• Thursday:

• Jon Postel. Internetwork protocol approaches. IEEE 
Transactions on Communications, 28(4):604-611, April 1980.

• J.H. Saltzer, D.P. Reed and D.D. Clark. End-to-End Arguments 
in System Design. ACM Trans. on Computer Systems, Vol. 2, 
No. 4, Nov 1984, pp. 277-28
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http://www.cs.illinois.edu/homes/pbg/courses/cs598fa09/readings/p80.pdf
http://www.cs.illinois.edu/homes/pbg/courses/cs598fa09/readings/p80.pdf
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Upcoming presentations

• Soliciting volunteers to present Tuesday Sept 8 (and later):

• Van Jacobson. Congestion Avoidance and Control. Proc. 
SIGCOMM 1988, pp. 314-329.

• Dah-Ming Chiu and Raj Jain. Analysis of the Increase and 
Decrease Algorithms for Congestion Avoidance in 
Computer Networks. Computer Networks and ISDN 
Systems, Vol. 17, No. 1, June 1989, pp. 1-14.
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http://ee.lbl.gov/papers/congavoid.pdf
http://ee.lbl.gov/papers/congavoid.pdf
http://www.cse.wustl.edu/~jain/papers/ftp/cong_av.pdf
http://www.cse.wustl.edu/~jain/papers/ftp/cong_av.pdf
http://www.cse.wustl.edu/~jain/papers/ftp/cong_av.pdf
http://www.cse.wustl.edu/~jain/papers/ftp/cong_av.pdf
http://www.cse.wustl.edu/~jain/papers/ftp/cong_av.pdf
http://www.cse.wustl.edu/~jain/papers/ftp/cong_av.pdf


Paper reviews

• Preferred format: plain text pasted into 
email.  No attachments necessary.

• No summary necessary.  Just criticism.

• One paragraph is sufficient. Longer is not 
better. :-)
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Optimally hierarchical 
distributed systems

• Distributed systems frequently hierarchical: some set of 
nodes are picked for greater responsibilities (e.g., content 
distribution systems, Skype, distributed hash tables)

• Larger set of these “superpeers” brings more capacity 
(good) but potentially greater overhead and worse service 
quality (bad!)

• How do you balance these tradeoffs optimally?  (e.g., if n 
superpeers incur log(n) overhead factor, and you know the 
distribution of node capacities, what is the optimal set of 
superpeers?)
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emailfs

• We use email a lot like a filesystem

• Admit it, and design an email system that has 
the best of both worlds. Compared with 
email,

• avoid explicit duplication of content

• integrated versioning of files?

• ideas from distributed filesystems to deal 
with large files?
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Incentive compatibility 
of congestion control

• What congestion control schemes are both 
efficient and incentive compatible?

• Intermediate problem: convergence with 
feedback effects

• Simulate these effects using ns2 or similar 
packet-level evaluation, working with 
Brighten and coauthors
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Interconnection challenges
• Different ways of addressing, supported 

packet lengths, latency, status information, 
routing

• Must let each network operate 
independently

• Solution:
“unacceptable
alternative”

Hosts

Protocols

IP
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Gateways and IP

• Gateways sit at interface between networks

• ...and speak an Internetworking protocol
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Fig. 2.  Three  networks  interconnected by two GATEWAYS. 
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Fig. 3. Internetwork  packet  format (fields not shown to  scale). 

worlc header,  is  illustrated  in  Fig. 3 .  The source and desti- 

nation  entries  uniforndy and uniquely  identify the address 

of every HOST in  the composite  network.  Addressing  is a 

subject of considerable  complexity  which  is  discussed 

in  greater  detail  in  the  next section. Thenext  two  entries  in 

the header  provide a sequence number  and a byte  count 

that  may  be used to properly  sequence the packets  upon 

delivery to  the dest'ination  and  may  also  enable the 

GATEWAYS to  detect  fault conditions affecting  the  packet. 

The flag  field is  used to convey specific control  information 

and is discussed in  the sect.ion on  retransmission  and 

duplicate  detection  later. The remainder of the  packet 

consists of text for  delivery to  the  destination  and a  trailing 

check sum used for end-to-end  software  verification. The 

GATEWAY does not modify the  text  and merely  forwards the 

check sum along without  computing or recomputing  it. 

Each nct\r-orlr may need to  augment  the  packet  format 

before i t  can pass  t'hrough the individual  netu-ork.  We 

havc  indicated a local header in  the figure which  is prefixed 

to  the beginning of the  packet.  This local header  is  intro- 

duced  nlcrely t'o illustrate the concept of embedding an 

intcrnetworlc packet  in  the  format of the individual  net#- 

work through which the  packet  must pass. It will ob- 

viously vary  in  its  exact  form  from  network  to  network 

and  may  even be unnecessary in some cases. Although not 

explicitly  indicated in  the figure, i t  is  also possiblc that a 

local trailer  may  be  appended to  the end of the packet. 

Unless all transnlitted  packets  are legislatively re- 

stricted to be small  enough to  be  accepted  by  cvcry  in- 

dividual  network, the GATEWAY may be forced to split  a 

packet int,o two or more  smaller  packets. This  action  is 

called fragmentation  and  must be done  in  such a way that 

the destination  is  able to piece togcthcr the fragmcntcd 

packet. It is  clear that  the internct\vorl; header  format 

imposes  a  minimum packet size which all  networks 

must  carry (obviously  all  networks will want  to  carry 

packets  larger than  this  minimum). We believe the long 

rangc  growth  and  development of internctworl; com- 

munication would be seriously  inhibited by specifying 

how much  larger than  the minimum a paclcct  sizc can bc, 

for  tjhc follo\\-ing reasons. 

1) If a maximum  permitted  packet size is specified then 

i t  bccomos impossible to  completely  isolate the  internal 

packet size parameters of one  network  from the  internal 

packet size parameters of all other  networks. 

2 )  It would be  very difficult to increase the maximum 

permitted  packet size in response to new technology (e.g., 

large  memory  systems,  higher data  rate communication 

facilities, etc.) since this would require the agreement  and 

then implen-rentation by all  participating  networks. 

3 )  Associative  addressing and pa.clcet encryption  may 

require the size of a particular  pa'ckct to  cxpand  during 

transit for incorporation of new information. 

Provision  for fragmentation (regardless of where i t  is 

performed)  permits  packet sixc variations to  be  handled 

on an individual  network  basis  without global admin- 

istration  and also permits HOSTS and processes to  be 

insulated  from  changes  in the pa,ckct sizes permitted  in 

any networks  through  which  their data  must pass. 

If fragmentation  must  be  done, i t  appears  best  to  do  it 

upon  entering the  nest netu-orlc at  the GAPEWAY since only 

t.his GATEWAY (and  not  the  other netLvorlcs) must be awarc 

of the int.ernal packet size parameters which made  the 

fragmentation necessary. 

If a GATEWAY fragnwnts  an  incoming  packet  into t'T1-o or 

more paclcet,s, they  must  eventually  be passed along to  the 

destination HOST as  fragnxnts or reassembled  for the 

HOST. It is  conceivable that one  might  desire the GArrEwAY 

to perform the rea.ssenlbly to  simplify the  task of the desti- 

nation HOST (or process) and/or  to  take  advantage of a 

larger  packet size. We take  the position tJhat GATEWAYS 

should  not perform this  function since GATEWAY re- 

assen-rbly can lead to serious buffering  problems,  potential 

deadlocks, the necessity  for  all  fragments of a packet to  

pass through  the  same GArrEwA>r, and increased  dclay in 

transmission. Furthermore, i t  is not sufficient for the 

may also have  to  fragment a paclxt for  transmission. 

Thus  the destination HOST must be prepared to  do  this 

task. 

Let  us now turn briefly to  the somewhat  unusual ac- 

counting effect 11-hich arises  when  a  packet may  be frag- 

mented  by one or more GATEWAYS. We  assume, for 

simplicity, that each  network  initially  charges a fixed rate 

per paclrct transmitted, regardless of distancc,  and if one 

network  can  handle  a  larger  packet size t lml  another, i t  

charges a proportionally  larger price per paclcct. We also 

assume tha t  a subsequent  increase  in any network's 

packet size docs not  result  in  additional cost  per  packet to 

its users. The charge to a uscr thus  remains basically 

constant  through  any  net which must  fragmcnt a packet. 

The unusual cffcct occurs when a paclcct  is fragmented  into 

smaller  packets  which must  individually pass through a 

subsequent nctxvork with a larger  packet size than  the 

original  unfragmented  packet. We expect that most  net- 

works \vi11 naturally selech packet sizes  close to one 

anot'her, but  in  any case, an increase in  packet size in one 

net,  even  when it  causes  fragmentation, will not increase 

the cost of transnlission and  may  actually decrease it. I n  

the  event  that  any  other  packet charging policies (than 

GATEWAYS to provide  this  function since the final GATEWAY 

ACM SIGCOMM Computer Communication Review 73 Volume 35, Number 2, April 2005
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IP packet fragmentation

• Allow maximum packet size to evolve

• Protocol mechanisms to split packets in-
transit (byte-level sequence numbers)

• Reassemble at end-hosts

• Why not gateways?
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Unreliable datagrams

• No need for reliability support from 
underlying network

• Greatly simplifies design

• Exception handling always adds complexity

• Any problem? Just drop the packet.

• What’s not a stated reason for datagrams?

• Statistical multiplexing.
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Addressing & routing
• Unspecified––but not unconstrained!

• Picks address format

• Hierarchical (network, host)

• Route computed within network

• 8 bits for network. “This size seems sufficient for the 
forseeable future.” Later: 32 bits in three size classes 
(A,B,C), and then CIDR.

• Just about every new routing algorithm we’ll see needs to 
change the packet’s address format.

CERF  AND  KAHN:  PACKET  NETWORK  INTISRCOMMUNICATION 

ADDRESS  FORMATS 

The selection of address  formats is a  problem  between 

networks  because the local network  addresses of TCP's 

may  vary  substantially  in  format  and size. A  uniform in- 

ternetwork TCP address  space,  understood by each 

GATEWAY and  TCP, is  essential to routing  and delivery 

of internetwork  packets. 

Similar  troubles  are  encountered when we deal  with 

process addressing and,  more generally, port addressing. 

We .introduce the notion of ports in  order  to  permit a 

process to distinguish  between  multiple message streams. 

The  port  is  simply a  designator of one  such message stream 

associated with a process. The  means for identifying  a port 

are generally  different in different  operating  systems, and 

therefore, to  obtain uniform addressing, a standard  port 

address  format is also required.  A port  address designates 

a full duplex message stream. 

TCP  ADDRESSING 

TCP addressing is intimately  bound  up  in  routing 

issues, since a HOST or GATEWAY must choose a  suitable 

destination HOST or GATEWAY for an outgoing  int,ernetworl< 

packet.  Let  us  postulate the following address  format for 

the  TCP address  (Fig. 4). The choice for  network  identi- 

fication (8 bits) allows up  to 256 distinct  networks.  This 

size seems sufficient for the forseeable future. Similarly, 

the  TCP identifier field permits up  to 65 536 distinct 

TCP's  to  be addressed, which seems more than sufficient 

for any given network. 

As each  packet passes through  a GATEWAY, the GATEWAY 

observes the destination  network I D  to determine how 

to  route  the  packet. If the destination  network is con- 

nected to  the GATEWAY, the lower 16 bits of the  TCP address 

are used to produce  a local TCP address  in  the  destination 

network. If the destination  network  is  not  connected to  the 

GATEWAY, the upper S bits are used to select a  subsequent 

GATEWAY. We malx no  effort to specify how each in- 

dividual  network  shall  associate the internetwork TCP 

identifier  with its local TCP address. We also do not  rule 

out  the possibility that  the local network  understands the 

internetwork  addressing  scheme  and  thus  alleviates the 

GATEWAY of the routing  responsibility. 

PORT  ADDRESSING 

A receiving TCP is faced with the  task of demultiplex- 

ing the  stream of internetwork  packets it receives and 

reconstructing the original messages for  each  destination 

process. Each  operating  system  has  its own internal 

means of identifying processes and  ports. We assume that 

16 bits  are sufficient to serve as  intcrnctwork  port identifiers. 

A  sending process nccd not know how the destination 

port identification will be used. The destination TCP 
will be  ablc to parse this  number  appropriately to find 

the proper buffer into which it will place arriving  packets. 

We permit  a  large  port  number field to  support processcs 

which want  to distinguish  bctween many different 

messages streams  concurrently. In  reality, we do not  care 

how the 16 bits  are sliced up  by  the  TCP's involved. 

641 

8 16 

NETWORK TCP IDENTIFIER 

Fig. 4. ',TCP address. 

Even  though  the  transmitted  port  name field is large, 

it is  still  a  compact  external  name  for the  internal repre- 

sentation of the port. The use of short names for port 

identifiers is often  desirable to reduce  transmission over- 

head and possibly reduce  packet processing time at   the 

dehnation  TCP. Assigning short names to each port, 

however,  requires an initial  negotiation  between  source 

and  destination  to agree on a  suitable  short  name assign- 

ment, the subsequent  maintenance of conversion tables 

a t  both  the source and  the  destination,  and a final trans- 

action  to release the  short name.  For  dynamic  assignment 

of port names, this negotiation is generally necessary in 

any case. 

SEGMENT  AND  PACKET  FORMATS 

As shown  in Fig. 5, messages are broken by  the TCP 
into segments whose format  is shown in more  detail  in 

Fig. 6. The field lengths  illustrated are merely suggestive. 

The first  two fields (source port  and  destination  port  in 

the figure) have  already been discussed in the preceding 

section  on  addressing. The uses of t.he third  and  fourth 

fields (window and acknowledgment  in the figure) will 

be discussed later  in  the section  on  retransmission and 

duplicate  detection. 

We recall from Fig. 3 that   an internetwork  header con- 

tains  both a  sequence number  and a byte  count,  as well as 

a flag field and a  check  sum. The USCS of these fields are 

explained in  the following section. 

REASSEMBLY  AND  SEQUENCING 

The reconstruction of a message at  the receiving TCP 

clearly requires' that each  internetwork  packet  carry a 

sequence  number which is unique to  its particular  desti- 

nation  port message stream.  The sequence  numbers must 

be  monotonic increasing (or decreasing) since thcy  are 

used to reorder and reassemble arriving  packets  into a 
mcssage. If the space of sequence  numbers were infinite, 

we could simply assign the next  one  to each new packet. 

Clearly, this space  cannot  be  infinite,  and we will consider 

what problems  a  finite  sequence  number  space will cause 

when we discuss retransmission and  duplicate  detection 

in the next  section. We propose the following scheme  for 

performing the sequencing of packets and hence the re- 

construction of messages by  the destination TCP. 

A  pair of ports will exchange  one or more messages over 

a period of time. We could view the sequence of messages 

produced  by  one port as if it were embedded in  an in- 

finitely  long stream of bytes.  Each  byte of the message has 

a  unique  sequence  number which we takc  to be its  byte 

location  relativc to  the beginning of the stream.  When  a 

In  the case of encrypted  packets, a preliminary stage of re- 
assembly may be required prior to decryption. 

ACM SIGCOMM Computer Communication Review 75 Volume 35, Number 2, April 2005
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Ports

• Associated with a process on a host

• Identify endpoints of a connection 
(“association”)

• Rejected design: connection at host level; 
packet may include bytes for multiple 
processes
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What we now call TCP

• Window-based scheme

• Provides reliability, ordering, 
flow control

• And now, congestion control 
too

• Note you might want only 
some of these

• Not in this version: 3-way 
handshaking, congestion control 
(next section of course!)

CRRF AND KAHX: PACKET NETWORK INTERCOMMUNICATION 643 

RETRANSMISSION  AND  DUPLICATE 

DETECTION 

No transmission  can  be 100 percent reliable. We 

propose  a timeout  and  positive  acknowledgment mecha- 

nism  which will allow TCP’s  to recover  from packet losses 

from  one HOST to  another.  A  TCP  transmits  packets  and 

waits for replies (acknowledgements) that  are carried in 

the reverse packet  stream. If no  acknowledgment for a 

particular  packet is received, the  TCP will retransmit. 

It is  our  expectation that  the HOST level retransmission 

mechanism,  which is described in  the following para- 

graphs, will not  be called upon  very  often  in  practice. 

Evidence  already exists2 that individual  networks  can  be 

effectively constructed  without  this  feature.  However, the 

inclusion of a HOST retransmission  capability  makes i t  

possible to recover  from  occasional  network  problems and 

allows  a  wide  range of HOST protocol strategies  to be in- 

corporated. We envision it will occasionally be invoked to 

allow HOST accommodation  to  infrequent  overdemands for 

limited  buffer resources, and otherwise not used  much. 

Any  retransmission policy requires  some  means by 

which the receiver can  detect  duplicate  arrivals.  Even if 

an infinite  number of distinct  packet sequence  numbers 

were  available, the receiver mould still  have  the problem 

of knowing how long to remember  previously  received 

packets  in  order to  detect  duplicates.  Matters  are compli- 

cated  by  the  fact  that  only  a  finite  number of distinct 

sequence  numbers are  in  fact  available,  and if they  are 

reused,  the receiver must be  able to distinguish  between 

new  transmissions  and  retransmissions. 

A window strategy, similar to  that used by  the  French 

CYCLADES system  (voie  virtuelle  transmission  mode [SI) 
and  the ARPANET very  distant HOST connection [lS], 

is proposed  here  (see Fig. 10). 

Suppose that  the sequence number field in  the  inter- 

network  header  permits  sequence  numbers to range  from 

0 to n - 1. We assume that  the sender will not  transmit 

more  than w bytes  without receiving an acknowledgment. 

The w bytes  serve  as  the window (see Fig. 11). Clearly, 

w must  be less than n. The rules for sender  and receiver 

are  as follows. 

Sender: Let L be  the sequence number associated with 

the left  window edge. 

1) The  sender  transmits  bytes  from  segments whose 

text lies between L and  up  to L + w - 1. 

2 )  On timeout  (duration  unspecified),  the  sender 

retransmits unacknowledged bytes. 

3) On  receipt of acknowledgment consisting of the 

receiver’s current  left window edge, the sender’s,  left 

window  edge is advanced  over  the aclrnowledged bytes 

(advancing  the  right window  edge implicitly). 

Receiver: 

1) Arriving  packets  yhose sequence  numbers coincide 

with  the receiver’s current  left window  edge are acknowl- 

edged  by  sending to  the source the  next  sequence  number 

Left Window Edge 
I 

0 n- 1 a+w- 1 a 

1- window -4 

I< packet sequence number space -1 
Fig. 10. The window  concept. 
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I 
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10 

Next Read Position 

End Read  Position 

Timeout 

Fig. 11. Conceptual TCB  format. 

expected.  This effectively acknowledges bytes  in between. 

The  left window  edge is advanced  to  the  next sequence 

number  expected. 

2) Packets  arriving  with  a sequence number  to  the  left 

of the window  edge (or, in  fact,  outside of the window) are 

discarded,  and  the  current  left window  edge  is returned  as 

acknowledgment. 

3) Packets whose  sequence  numbers lie within  the 

receiver’s window but do  not coinicide with  the receiver’s 

left  window  edge are  optionally  kept or  discarded, but 

are  not acknowledged. This is the case when  packets  arrive 

out of order. 

We make some  observations  on  this  strategy.  First, all 

computations  with  sequence  numbers  and  window  edges 

must  be  made modulo n (e.g.,  byte 0 follows byte n - 1). 

Second, w must be less than n/Y;  otherwise  a retrans- 

mission may  appear  to  the receiver to be  a new trans- 

mission in the case that  the receiver has  accepted  a 

window’s worth of incoming  packcts, but  all acknowledg- 

ments  havc been  lost.  Third,  the receiver can  either  save 

or  discard  arriving  packets whose  !sequence numbers  do 

not coincide with  the receiver’s left  window. Thus,  in  the 

simplest  implementation,  the receiver need not  buffer 

more than one  packet  per  message  stream if space is 

critical. Fourth,  multiple  packets  can be aclrnowledgcd 

simultaneously.  Fifth,  the receiver is able  to deliver 

messages to  processes in  their  proper  order as a  natural 

result of the reassembly  mechanism. Sixth, when  dupli- 

cates  arc  detected,  the acknowledgment  method  used 

naturally works to  rcsynchronizc  scndcr and receiver. 

Furthermore, if the rcccivcr accepts  packets whose 

sequcnce  numbcrs lie within  the  current window but 

The ARPANET is one such example. required that a retransmission not  appear to be a new transmission. 
Actually n/2  is  merely a convenient number to  use; it is only 

AC M SIGC OMM C omputer C ommunication Review 7 7 Volume 3 5 , Number 2, April 2005
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Today

Announcements

A few more project ideas

Cerf and Kahn: TCP / IP

Clark: TCP / IP design philosophy
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Goals of the architecture
0. Interconnect existing networks

1. Survivability

2. Multiple communication services

3. Variety of networks

4. Distributed management

5. Cost effective

6. Easy host attachment

7. Resource usage accountability

19



0. Interconnect networks

• Assumption: One common architecture

• Technique: packet switching

• Met target application needs

• Already used in ARPANET, ARPA packet 
radio network

• Interconnect with layer of gateways (packet 
switches)

20



1. Survivability

• Definition: even with failures, endpoints can 
continue communicating without resetting 
high-level end-to-end conversation

• Except when?

• Did this work?

21



1. Survivability
Key question for survivability:

Where is connection state stored?

In network
So, must replicate

• Complicated
• Does not protect 

against all failures

On end hosts
Shared fate

• Simpler
• If state lost, then it 

doesn’t matter

Conclusion: stateless network –– datagram packet switching

22



2. Multiple types of service

• Initially, just TCP

• But some apps do not want                               
reliability!

TCP

(VoIP, XNET)

23



• So, TCP/IP split: datagram basic building 
block for many types of service

• Still difficult to support low latency 
across all networks

• Hard to remove reliability if 
underlying network provides it

• For what services is IP not sufficient?

2. Multiple types of service

IP

TCP UDP

HTTP VoIPFTP

P2P Email ...Web

Ethernet NTP ...

...

Copper Fiber Radio ...

In
no

va
tio

n!
In

no
va

tio
n!
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3. Variety of networks

• Datagram is simple 
building block

• Few requirements from 
underlying network 
technology

IP

TCP UDP

HTTP VoIPFTP

P2P Email ...Web

Ethernet NTP ...

...

Copper Fiber Radio ...

In
no

va
tio

n!
In

no
va

tio
n!
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4. Distributed management

... some of the most significant problems with the 
Internet today relate to lack of sufficient tools for 
distributed management, especially in the area of 
routing.

David Clark, 1988

“

”
––

Still a problem 20 years later!

Later in this course: new easier-to-manage
architectures (Ethane, OpenFlow, SEATTLE)
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5. Cost effective

• Inefficiencies:

• 40 byte header

• retransmission of lost packets

• How much does it matter now?
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6. Easy host attachment

• End-hosts must implement net services

• once caused concern to some people

• problems if host misbehaves!

28



7. Accountability

• Difficult to account for who uses what 
resources

• How is this done today?  Why is it only an 
approximation?

• Both an economic and security issue

• Later in this course: Anderson et al., 
Accountable Internet Protocol, SIGCOMM 
2008.
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What it doesn’t do

• “The architecture tried very hard not to constrain the range of 
service which the Internet could be engineered to provide.”  
Extremely successful! But:

• Hard for network to report that it failed (“potential for 
slower and less specific error detection”)

• Resource management (coming soon: fair queueing)

• Multipath

• Full illusion of reliability during failures

• Security: Clark discusses host misbehavior (briefly) and 
accountability, but other aspects missing
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Clark’s new terms

fate-sharing

flow

soft state
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What if the Internet 
were commercial?

• Different priorities: accountability 
first, survivability last

• Example:  Videotex networks

• e.g., France Telecom’s Minitel

• Centralized

• Reliable

• Banking, news, stock 
transactions, ...

photo: wikimedia
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data bases provided by information brokers in competi-
tion to the carriers.

(3) Data bases are frequently geographically distrib-
uted in order to reduce communication costs. Therefore,
it seems natural to keep local information, relevant only
to a certain geographical area, in the local data base.

Points (1) and (2) above concern the distribution of
master data bases; here we consider the distribution of
data in replicated data bases, which may contain all or
part of the master data base. Since one main reason for
data replication is to reduce the data retrieval bottleneck,
it is important to replicate the frequently accessed infor-
mation pages. If the master data base is large, the second-
ary data bases may contain only subsets of the master.
User requests for information not available in the second-
ary data bases must then be automatically forwarded to
the master data base.

There may be-as in computer system memory hierar-
chy-more than two levels pf information storage. The
most frequently accessed pages may be automatically
kept in a local store at each videotex center, and users with
sophisticated terminal equipment may keep private
copies for repeated use-for example, CAI courses. The
combination of interactive and broadcast transmission,
considered in a later section, is also based on the memory
hierarchy principle.

In present videotex networks, both methods-com-
plete duplication of master data bases and several master
data bases together with partial (non-overlapping) infor-
mation-are used. In Prestel, for example, all data are
duplicated in each information retrieval center. This gives
a performance advantage (fewer access bottlenecks) and
decreases communication costs (no long distance calls for
any pages), but at the price of additional computer sites

and some difficulties in simultaneous updating. Due to
update scheduling, temporary inconsistencies are a
potential problem in such applications as stock market
listings and sports results (betting, etc.). Architectures
like Antiope, on the other hand, permit greater flexibility
since the contents of each constituent data base (Star) can
be independently defined (i.e., contain a subset of the
available services).

Directories and transparency. Partially overlapping
data bases together with independent third-party data
bases require some kind of metaservice directory' to guide
the user to the desired service or application. In Antiope,
directories are implemented in the videotex centers.

A related issue is whether or not the distribution of in-
formation into several data bases should be visible to the
user. Both possiblities seem applicable: when logically
related information is partitioned into several data bases
with similar retrieval procedures, the user should not be
aware of transitions between partitions (an example is
.given in Bochmann and Gecseil4); on the other hand, he
should be permitted to choose between logically distinct
applications or different versions of the same service.
Ideally, the user should see the logical but not the physical
aspects of data distribution, provided no user charges are
associated with the physical distribution.

The two approaches can be combined. For example, in
Bildschirmtext (Figure 4) the videotex data base contains
gateway pages which transfer the user into a specific ap-
plication on another data base. Although transfer is
automatic in the sense that the user does not log-in to the
new database, it is not transparent-the user is notified of
the transfer.

Figure 7. Generic Videotex system.

COMPUTER
[A. J. S. Ball, G. V. Bochmann, and J. Gecsei. Videotex networks. IEEE 
Computer Magazine, 13(12):8–14, December 1980]
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What’s next

• Thursday:

• Jon Postel. Internetwork protocol approaches. IEEE 
Transactions on Communications, April 1980.

• Saltzer, Reed and Clark, “End-to-End Arguments in 
System Design,” ACM Trans. on Computer Systems, 
November 1984.

• Tuesday: congestion control begins
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Volunteers?

• Soliciting volunteers to present Tuesday Sept 8 (and later):

• Van Jacobson. Congestion Avoidance and Control. Proc. 
SIGCOMM 1988, pp. 314-329.

• Dah-Ming Chiu and Raj Jain. Analysis of the Increase and 
Decrease Algorithms for Congestion Avoidance in 
Computer Networks. Computer Networks and ISDN 
Systems, Vol. 17, No. 1, June 1989, pp. 1-14.
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