
RPX Exhibit 1035 
RPX v. DAE

United States Patent [19]

Hluchyj et al.

US005 1 l5429A

[11] Patent Number:

[45] Date of Patent:

5,115,429

May 19, 1992 

[54] DYNAMIC ENCODING RATE CONTROL
MINIMIZES TRAFFIC CONGESTION IN A
PACKET NETWORK

[75] Inventors: Michael G. Hluchyj, Wellesley;
Nanying Yin, Cambridge, both of
Mass. -

[73] Assignee: Codex Corporation, Mansfield, Mass.

[21] Appl. No.: 561,623

[22] Filed: Aug. 2, 1990

[51] Int. Cl.5 ................................................ H04J 3/22
[52] U.S. Cl. ................................... .. 370/84; 370/94.1;

370/94.3

[58] Field of Search ............... .. 370/94.1, 84, 60, 85.1,
370/852. 85.3. 85.6, 110.1, 79, 94.3; 455/38;

340/825.44, 825.5, 825.51, 825.03, 825.04;

  
 

  
 

 
 
  

341/50, 51, 61

[56] References Cited
U.S. PATENT DOCUMENTS

4,074,232 2/1978 Otomo et al. .................... .. 370/94.1
4,763,319 8/1988 Rozenblit .... .. 370/84
4,771,391 9/1988 Blasbalg .... .. 370/94.1
4,771,425 9/1988 Baran el al. . . 370/110.1
4,779,267 10/1988 Limb ..... .. .. 370/94.1
4,816,820 3/1989 Davis ....... .., . . . . . . . . .. 370/84
4,839,891 6/1989 Kobayashi et al. . .. 370/60
4,890,282 12/1989 Lambert et al. . . . . . . . .. 370/79
4,903,261 2/1990 Baran et al. . 370/94.2
4,965,789 10/1990 Bottau et al. 370/79
4,972,411 11/1990 Fushimi ct al. . . 370/ 1 10.1
4,993,024 2/1991 Quinguis et al. .................... .. 370/84

OTHER PUBLICATIONS

IEEE Transaction on Communications, vol. Com-28,
No. 3, Mar. 1980, Theodore Bially, Bernard Gold, and

Stephanie Scneff, “A Technique for Adaptive Voice
Flow Control in Integrated Packet Networks”, pp.
325-333.
IEEE Transaction on Communications, vol. Com—37,
No. 7, Jul. 1989, Kotikalapudi Sriram, and David M.

Lucantoni, “Traffic Smoothing Effects of Bit Dropping
in a Packet Voice Multiplexer”, pp. 703-712.
International Journal of Digital and Analog Cabled
Systems, vol. 1, 77-85 (1988), Israel Cidon, and Inder S.
Gopal, “PARIS: An approach to Integrated High—S-
peed Private Networks”, pp. 77-85.
Proc. ACM SIGCOMM ‘B8, Aug. 1988, K K. Ramakr-
ishnan, and Raj Jain, "A Binary Feedback Scheme for
Congestion Avoidance in Computer Networks with a
Connectionless Network Layer”, pp. 303-313.
Optical Engineering, Jul. 1988, Gunnar Karlsson and
Martin Vetterli, “Subband Coding of Video for Packet
Networks”. '
IEEE Journal on Selected Areas in Communications,

vol. 7, Jun. 1989, Christodoulos Chamzas and Donald
Duttweiler, “Encoding Facsimile Images for Packet—S-
witched Networks”.
IEEE Journal on Selected Areas in Communications,
vol. 7, Jun. 1989, Fumio Kishino, Katsutoshi Manabe,
Yasuhito Hayashi, and Hiroshi Yasuda, “Variable Bi-
t—Rate Coding of Video Signals for ATM Networks".

Primary Examiner—Benedict V. Safourek
Assistant Exarniner—-Alpus H. Hsu
Attorney, Agent, or Firm—Darleen J. Stockley; Charles
L. Warren

[57] ABSTRACT

This invention is suited for a packet network that
carries bursty data. A mechanism is coupled to an edge
node for coding bursty information into a digital format
at either a first coding rate of a second coding rate
which is less than the first rate. A mechanism senses
traffic overload of one or more intermediate nodes car-

rying the bursty informaton. A mechanism which is
responsive to the overload sensing mechanism causes
the coding mechanism to switch from the first rate to
the second rate while a traffic overload is sensed. Thus,

network demand requirements are reduced and the
overload will be alleviated.

12 Claims, 3 Drawing Sheets
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DYNAMIC ENCODING RATE CONTROL
MINIMIZES TRAFFIC CONGESTION IN A

PACKET NETWORK

BACKGROUND OF THE INVENTION

This invention is generally directed to capacity over-
load in a packet network and is more specifically di-
rected to minimizing capacity overload by controlling
the rate at which bursty data, such as voice and video,
is encoded.

Packet networks have been recognized as an efficient
means for carrying computer data traffic. Circuit switch
networks have been generally thought to be more suited
for carrying voice and video traffic. However, it is
believed that packet networks will be relied upon in the
future for carrying coded information such as voice and
video in addition to computer data.

In a normal telephone conversation, a party typically
talks less than 50% of the time.’The use of speech activ-
ity detection (SAD) in a packet voice network provides
a potential of a two-to-one statistical gain. However
congestion may occur in the buffers or queues of nodes
for a transmission link when the information load ex-

ceeds the link capacity due to coincident speech bursts
from several speech sources. This type of congestion
can last for a time period long relative to the length of
a talkspurt especially over lower capacity links. Voice
quality is degraded due to the discarding of packets, and
increased packet delay time. To avoid such degrada-
tion, little or no statistical gain is typically employed for
relatively low capacity links. For example, a 64 kbps
transmission link typically supports only four 16 kbps
voice calls, even with SAD, resulting in a low utiliza-
tion efficiency.

When video traffic is carried in a packet network, the
information rate from a video coder varies depending
on the instantaneous activity of the scene. Thus, the rate
increases during active motion (or scene changes) and
decreases during inactive periods. Congestion similar to
voice traffic may occur in a transmission link when
several sources are in active motion. The duration of

congestion is proportional to the time of active motion.
During the congestion, the video quality is degraded
due to packet loss and increased delay time.

One technique which has been utilized to control the
overloading of packet voice network queues due to
talkspurt activity operates by dropping or discarding
less important voice information in packets during peak
congestion periods. In order to reduce overload condi-
tions using a discard technique, intermediate nodes in
the packet network must recognize the overload condi-
tion and discard voice information within each packet
according to a predetermined technique. The packet
processing requirements increase the computing power
required for each node resulting in increased cost and
network complexity. Relatively poor voice quality may
result depending upon the particular technique used,
and the length and magnitude of the overload condi-
tion. IEEE Transaction on Communications, Vol.
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Com-28, No. 3, March 1980, Theodore Bially, Bernard A
Gold, and Stephanie Seneff, “A Technique for Adapt-
ive Voice Flow Control in Integrated Packet Net-
works”, pp. 325-333; IEEE Transaction on Communi-
cations, Vol. Com-37, No. 7, July 1989, Kotikalapudi
Sriram, and David M. Lucantoni, “Traffic Smoothing

65

2

Effects of Bit Dropping in a Packet Voice Mutiplexer”,
pp. 703-712.

Control algorithms have been proposed to maximize
the throughput of computer data traffic in packet net-
works. In the article, “PARIS: An Approach to Inte-
grated High-Speed Private Networks” by Israel Cidon
and Inder S. Gopal in the International Journal of Digi-
tal and Analog Cabled Systems, Vol. 1, No. 2, April-
June (1988), pp. 77-85, an input throttle is used at the
source node. To be allowed into the network, a data

packet under the control of a throttle algorithm requires
a token. Tokens are produced periodically at a predeter-
mined rate until the number of tokens reaches a maxi-

mum value. Thus, the average transmission rate of
packets is less than or equal to the token rate. If the
network is lightly loaded, the throttle control algorithm
can increase the token generating_ rate thereby increas-
ing the packet transmission rate. A congestion bit in
data packet acknowledgements indicates the presence
of congestion in the network. The source node will then
reduce the token generation rate until it reaches a pre-
determined minimum rate. The rate is allowed to in-

crease as packets build up at the input throttle buffer
after the congestion ceases. This throttle control algo-
rithm is not suited for voice traffic since voice packets
are normally generated at a fixedperiodic rate and
cannot be delayed by accumulation at the throttle
buffer. Similarly, the real-time nature of video prevents
video packets from being delayed. Also, acknowledge-
ment packets are not normally utilized for voice or
video traffic and hence would not be available to carry
the network congestion information.

Congestion avoidance is addressed in the article, “A
Binary Feedback Scheme for Congestion Avoidance in
Computer Networks with a Connectionless Network
Layer” by K. K. Ramakrishnan and Raj Jain in Proc.
ACM SIGCOMM'88, August 1988, pp. 303-313. In this
method, network feedback is utilized to adjust the al-
lowed number of unacknowledged packets in the net-
work which corresponds to the transmission window
size. Intermediate_ nodes detect congestion and set a
congestion indication bit on packets flowing in the for-
ward direction. The congestion indication is communi-
cated back to the source of information via transport
level communication. This method is not generally
applicable to a packet network carrying voice or video
traffic since window control is not suited for coded
information sources. '

There exists a need in a packet network to handle
temporary overloads due to the bursty nature of voice
and video information while maintaining high quality.
This need is most crucial on relatively low capacity
links in which the statistical probability of such conges-
tion is higher and the duration of congestion is longer
than on higher capacity links.

SUMMARY or THE INVENTION

It is an object of the present invention to provide a
solution to the above needs while minimizing the degra-
dation of bursty data carried over a packet network.

In accordance with the present invention, a preferred
embodiment includes a forward congestion indication
bit (FCIB) and a reverse congestion indication bit
(RCIB) as part of each packet header. A voice coder is
capable of coding the voice at two or more rates. Upon
detecting network congestion, an intermediate node
sets the FCIB flag in the forward direction. The destina-
tion node upon sensing the FCIB flag sets the RCIB flag
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