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CODEC-INDEPENDENT TECHNIQUE FOR 
MODULATING BAND WIDTH IN PACKET 

NETWORK 

BACKGROUND OF THE INVENTION 

[0001] This invention relates generally to packet networks 
and more particularly to a system for adapting packet 
payload siZe to the amount of network congestion. 

[0002] A data stream is transmitted over a packet netWork 
by ?rst formatting the data stream into multiple discrete 
packets. For example, in Voice Over Internet Protocol 
(VOIP) applications, a digitiZed audio stream is quantiZed 
into packets that are placed onto a packet netWork and routed 
to a packet telephony receiver. The receiver converts the 
packets back into a continuous digital audio stream that 
resembles the input audio stream. A codec (a compression/ 
decompression algorithm) is used to reduce the communi 
cation bandWidth required for transmitting the audio packets 
over the netWork. 

[0003] A large amount of netWork bandWidth is required 
for overhead When a data steam is converted and transmitted 
as packets. For example, in Realtime Transport Protocol 
(RTP)-encapsulated VoIP, a very common codec technique 
packetiZes tWo 10 millisecond (ms) frames of speech into 
one audio packet. For a 8 kilobit per second (Kbit/s) coder, 
the 20 milliseconds of speech uses 20 bytes of the audio 
packet. There are an additional 40 bytes of the audio packet 
used for overhead, 20 bytes for an IP header, 8 bytes for an 
UDP header, and 12 bytes for a RTP header. The overhead 
to payload ratio is then 2 to 1, With tWo bytes of packet 
header for every one byte of audio packet payload. 

[0004] When the packet netWork is congested, it is impor 
tant to use netWork bandWidth ef?ciently. When there is too 
much congestion, a netWork processing node may drop 
some of the transmitted packets. Depending upon the speech 
encoding algorithm used in the audio encoder, the sound 
quality of the audio signal degenerates rapidly as more 
packets are discarded. The large overhead required for 
transmitting a data stream over the packet netWork substan 
tially increases this netWork congestion causing more pack 
ets to be delayed or even dropped, in turn, reducing the 
quality of data transmitted over the packet netWork. 

[0005] Accordingly, a need remains for a system that uses 
netWork bandWidth more effectively to improve transmis 
sion quality of data streams in a packet netWork. 

SUMMARY OF THE INVENTION 

[0006] The siZe of packet payloads are dynamically 
adapted to the amount of congestion in a packet netWork. 
More data is put in packet payloads When more congestion 
eXists in the packet netWork. When netWork congestion is 
high, less netWork bandWidth is available for transmitting 
packets. Accordingly, the packets are transmitted With larger 
payloads. When there is little or no netWork congestion 
smaller packet payloads are transmitted. The additional 
overhead created in transmitting smaller packets is accept 
able When there is little or no netWork congestion because 
the netWork has eXcess bandWidth. When the netWork is 
congested, this eXcess bandWidth no longer eXists. Thus, 
more payload is loaded into each packet to reduce the 
overhead to payload ratio and, in turn, reduce bandWidth 
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consumption. Thus, the packet payloads are dynamically 
adjusted to use netWork resources more effectively. Some 
users may be Willing to trade off the delay inherent in 
packing more frames into a packet for increased efficiency. 

[0007] Data is transmitted over the packet netWork by ?rst 
encoding a data stream into encoded data. The encoded data 
is converted by a packetiZer into packets having a packet 
header and a packet payload. The packetiZer transmits the 
packets over the packet netWork to a receiving endpoint 
While monitoring congestion in the packet netWork. 

[0008] In one embodiment of the invention, the data 
stream is an audio or video data stream generated by a 
telephone. The packetiZer packetiZes the encoded audio data 
into audio packets having a header and an audio payload. 
The siZe of the audio payload is increased by packing more 
audio frames into each audio packet. The siZe of audio 
payloads is then decreased When the packet netWork is no 
longer congested. Congestion is detected by measuring 
end-to-end delay betWeen a transmitting gateWay and a 
receiving gateWay using an eXisting protocol such as RTCP. 

[0009] The foregoing and other objects, features and 
advantages of the invention Will become more readily appar 
ent from the folloWing detailed description of a preferred 
embodiment of the invention Which proceeds With reference 
to the accompanying draWings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0010] FIG. 1 is a schematic diagram of a packet tele 
phony system that dynamically varies the siZe of audio 
packets according to netWork congestion. 

[0011] FIG. 2 is a schematic diagram of a transmitting 
gateWay used in the packet telephony system shoWn in FIG. 
1. 

[0012] FIG. 3 is a schematic diagram of a receiving 
gateWay used in the packet telephony system shoWn in FIG. 
1. 

[0013] FIG. 4 is a schematic diagram of variable siZed 
packet payloads transmitted by the transmitting gateWay 
shoWn in FIG. 2. 

[0014] FIG. 5 is a flow diagram describing hoW a pack 
etiZer in the transmitting gateWay shoWn in FIG. 2 operates. 

[0015] FIG. 6 is a graph shoWing netWork bandWidth 
consumption for different header to payload ratios. 

DETAILED DESCRIPTION 

[0016] FIG. 1 shoWs the general topology of a packet 
telephony system 12 that varies the siZe of packet payloads 
according to measured netWork congestion. It should be 
understood that the invention is applicable to any application 
Where streaming or real-time data is packetiZed for trans 
mission over a packet netWork. For eXample, the invention 
is equally applicable to video streams or multimedia data 
streams. 

[0017] The packet telephony system 12 includes multiple 
telephone handsets 14 connected to a packet netWork 16 
through gateWays 18. The packet gateWays 18 each include 
a codec for converting audio signals into audio packets and 
converting the audio packets back into audio signals. The 
handsets 14 are traditional telephones. GateWays 18 and the 
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codecs used by the gateways 18 are any one of a wide variety 
of commercially available devices used for connecting the 
handsets 14 to the packet network 16. For example, the 
gateways 18 can be Voice Over Internet Protocol (VoIP) 
telephones or personal computers that include a digital 
signal processor (DSP) and software for encoding audio 
signals into audio packets. 

[0018] The gateways 18 operate as a transmitting gateway 
when encoding audio signals into audio packets and trans 
mitting the audio packets over the packet network 16 to a 
receiving gateway. The gateways 18 operate as the receiving 
gateway when receiving audio packets over the packet 
network 16 and decoding the audio packets back into audio 
signals. 

[0019] A gateway transmit path is shown in the transmit 
ting packet gateway 20 in FIG. 2. The transmitting packet 
gateway 20 includes a voice encoder 22, a packetiZer 24, and 
a transmitter 26. Voice encoder 22 implements the compres 
sion half of a codec. PacketiZer 24 accepts compressed audio 
data from encoder 22 and formats the data into packets for 
transmission. The packetiZer 24 receives an end-to-end 
delay signal 25 back from packet network 16. The end-to 
end delay signal 25 is generated in various ways such as 
from a Real Time Protocol (RTP) report sent back from a 
receiving packet gateway 28 shown in FIG. 3. A transmitter 
26 places the audio packets from packetiZer 24 onto packet 
network 16. 

[0020] The receiving packet gateway 28 is shown in FIG. 
3. The receiving gateway 28 reverses the process in trans 
mitting gateway 20. A depacketiZer 30 accepts packets from 
packet network 18 and separates out the audio frames. A 
jitter buffer 32 buffers the audio frames and outputs them to 
a voice decoder 34 in an orderly manner. The voice decoder 
34 implements the decompression half of the codec 
employed by voice encoder 22 (FIG. 2). The decoded audio 
frames are then output to telephone 14. The operations 
necessary to transmit and receive audio packets performed 
by the voice encoder 22, decoder 34, transmitter 26, pack 
etiZer 24 and depacketiZer 30 are well known and, therefore, 
not described in further detail. 

[0021] Referring back to FIG. 1, an end-to-end packet 
delay 11 is used to identify congestion occurring at any point 
in the packet network 16. Congestion is de?ned as heavy 
network utiliZation experienced by one or more network 
processing elements such as routers 19 and/or packet gate 
ways 18. Congested network processing element(s) can 
“back-up”, delaying processing and routing of packets 13 
through the packet network 16. If the congestion is severe, 
packets may be discarded by one or more of the network 
processing elements. 

[0022] To reduce congestion, the overhead to payload 
ratio between a packet header 15 and a packet payload 17 in 
the packet 13 is adapted to the current congestion conditions 
in packet network 16. When there is little or no congestion 
on the packet network 16, a smaller packet payload 17 is 
packed into each voice packet 13. The delay in transmitting 
the audio packet 13 is, in turn, shorter because the trans 
mitting gateway 20 encodes and transmits a shorter portion 
of an audio stream 10 output from one of telephones 14. 

[0023] When the packet network 16 is congested, the 
transmitting gateway 20 increases the amount of audio data 
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(payload) 17 as shown in audio packet 21. The audio 
payload is dynamically increased while keeping header 15 
the same siZe. Less network bandwidth is used to transmit 
the audio stream 10 because more audio data is transmitted 
using the same amount of packet overhead 15. This reduces 
congestion on the packet network 16 and reduces the like 
lihood of packets being dropped or further delayed. 

[0024] Network congestion is inferred by the amount of 
time it takes the audio packets to travel between the trans 
mitting gateway 20 and the receiving gateway 28. This 
end-to-end delay 11 is calculated using existing packet based 
voice protocols, such as Real Time Protocol (RTP RFC 
1889) and Real Time Control Protocol (RTCP). RTP pro 
vides end-to-end transport for applications of streaming or 
real-time data, such as audio or video. RTCP provides 
estimates of network performance. 

[0025] RTP and RTCP enable the receiving gateway to 
synchroniZe the received packets in the proper order so the 
user hears or sees the information correctly. Logical framing 
de?nes how the protocol “frames” or packages the audio or 
video data into bits (packets) for transport over a selected 
communications channel. Sequence numbering determines 
the order of data packets transported over a communications 
channel. RTCP also contains a system for determining 
end-to-end delay and periodically reporting that end-to-end 
delay back to the transmitting gateway 20. Any other 
dynamic measure of end-to-end delay or network congestion 
can similarly be used as an congestion identi?er to pack 
etiZer 24. 

[0026] Referring to FIG. 4, the network end-to-end 11 
delay provided with the RTCP report is used by the pack 
etiZer 24 to automatically vary the number of audio frames 
placed in each packet payload. This amount of audio data 
typically varies from 10-20 ms up to some maximum such 
as 100 ms. However, smaller or larger audio payloads may 
be used depending on speci?c network conditions. 

[0027] The audio packets 40, 42 and 44 are transmitted 
over the packet network 16 using an Internet Protocol (IP). 
The audio packets include an IP header that is 20 bytes long, 
a User Datagram Protocol (UDP) header that is 8 bytes long, 
an RTP header that is 12 bytes long, and a variable siZed 
audio payload. With little or no network congestion, usually 
20 ms of speech are packed into audio packet 40. The 20 ms 
of speech is encoded into approximately 20 bytes of packet 
payload. The 40 bytes of overhead including the IP header, 
UDP header, and RTP header in packet 40 takes up two 
thirds of audio packet 40. Every 20 ms. (50 times per 
second) a 60 byte packet 40 is then generated and transmit 
ted by transmitting gateway 20 (FIG. 2). 
[0028] When there is medium congestion in the packet 
network 16, audio packets similar to packet 42 are generated 
by the packetiZer 24 (FIG. 2). The packet 42 carries 40 ms 
of audio data in a 40 byte packet payload but still uses only 
40 bytes of overhead. The overhead ratio for transmitting 40 
ms of speech is thereby reduced to one half of the total siZe 
of packet 42 at the cost of a 40 ms delay. 

[0029] If heavy congestion is detected on the packet 
network 16, the packetiZer 24 generates audio packets 
similar to packet 44. Packet 44 has a still larger audio 
payload of 100 ms. or more. The overhead ratio for trans 
mitting 100 ms of speech is reduced further to one ?fth of 
the total siZe of packet 44. 
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[0030] It should be noted that the amount of audio data in 
each packet is varied independently of the audio encoder 22 
(FIG. 22). Thus, the encoding scheme used to encode and 
decode the audio data does not have to be changed for 
different packet network conditions. This reduces encoder 
complexity. Because the siZe of audio packets and audio 
packet payloads is relayed in the packet header information, 
no modi?cations have to be made to existing netWork 
transport protocols. There are several Well knoWn algo 
rithms for performing real-time adaptation that can be 
applied here. FIG. 5 demonstrates one, but the central idea 
of this invention does not rely on any speci?c adaptation 
algorithm. 
[0031] FIG. 5 is a How diagram shoWing in more detail 
hoW the packetiZer 24 in FIG. 2 operates. The packetiZer 22 
is initialiZed for a given packet payload siZe in step 46. The 
packetiZer 24 in step 48 packetiZes encoded data from voice 
encoder 22 at the selected packet payload siZe. While 
packets are output by transmitter 26, the packetiZer 24 in 
step 50 monitors the packet netWork 16 for congestion. 
Decision step 52 determines Whether the current packet 
payload siZe is Within a range compatible With the current 
netWork congestion condition. This is can be done using a 
table previously loaded into the packetiZer 24. The table 
contains acceptable packet payload siZes for different end 
to-end netWork delays. 

[0032] If the payload siZe is Within range, the packetiZer 
24 jumps back to step 48 and continues to packetiZe audio 
data at the current payload siZe. If the current payload siZe 
is not Within an acceptable range for the current network 
congestion, decision step 54 determines Whether the current 
packet payload is either too small or too large. 

[0033] Decision step 54 decides Whether the packet pay 
load siZe is too small for the current end-to-end delay. If so, 
the packetiZer 24 automatically increases the audio packet 
payload siZe in step 56. If the packet payload is too large, the 
audio packet payload siZe is automatically decreased by the 
packetiZer 24 in step 58. The packetiZer then jumps back to 
step 48 and packetiZes audio data at the neW packet payload 
size. 

[0034] FIG. 6 is a graph shoWing bandWidth consumption 
in a packet netWork for different header to payload ratios. 
Each line represents a different codec bit rates. This graph 
can be used as a reference in packetiZer 24 for changing the 
packet payload siZe. 
[0035] The invention dynamically changes the overhead 
to packet payload ratio to more effectively adapt to current 
netWork congestion conditions. By improving netWork 
bandWidth ef?ciency, the quality of streaming and real-time 
data transmitted over the packet netWork is improved. 

[0036] Having described and illustrated the principles of 
the invention in a preferred embodiment thereof, it should be 
apparent that the invention can be modi?ed in arrangement 
and detail Without departing from such principles. I claim all 
modi?cations and variation coming Within the spirit and 
scope of the folloWing claims. 

1. A system for transmitting packets over a packet net 
Work, comprising: 

an encoder for encoding a data stream; 

a packetiZer coupled to the encoder converting the 
encoded data stream into packets each having a packet 
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header and a packet payload, the packetiZer monitoring 
congestion in the packet netWork and dynamically 
varying the siZe of the packet payload in the packets 
according to an amount of monitored congestion, thus 
trading off packetiZation delay for netWork ef?ciency. 

2. A system according to claim 1 Wherein congestion in 
the packet netWork is monitored by measuring end-to-end 
delay of the packets betWeen an originating endpoint con 
taining the packetiZer and a destination endpoint for the 
packets. 

3. A system according to claim 1 Wherein the end-to-end 
delay is provided to the packetiZer using a RTCP report. 

4. A system according to claim 1 Wherein the packet 
header remains at substantially the same siZe regardless of 
the amount of congestion in the packet netWork. 

5. A system according to claim 1 Wherein the data stream 
comprises an audio stream encoded by the encoder and more 
encoded audio data is packed into each packet payload When 
there is more congestion in the packet netWork and less 
encoded audio data is packed into each packet payload When 
there is less congestion in the packet netWork. 

6. A system according to claim 5 Wherein the packet 
header includes an IP header, an UDP header and a RTP 
header. 

7. A gateWay according to claim 5 Wherein the encoder is 
coupled to a telephone that generates the audio stream. 

8. A method for transmitting data over a packet netWork, 
comprising: 

encoding a data stream into encoded data; 

converting the encoded data into packets having packet 
headers and packet payloads; 

transmitting the packets over the packet netWork to a 
receiving endpoint While detecting congestion in the 
packet netWork; and 

automatically increasing a siZe of the packet payloads in 
the transmitted packets When congestion is detected in 
the packet netWork to reduce a percentage of the 
transmitted packets used as packet overhead. 

9. A method according to claim 8 Wherein detecting 
congestion comprises measuring end-to-end delay betWeen 
a packet transmitting endpoint and a packet receiving end 
point. 

10. Amethod according to claim 9 Wherein the end-to-end 
delay is measured using a RTP. 

11. A method according to claim 8 Wherein the data 
stream is an audio data stream generated from a telephone 
and the encoded audio data is packetiZed into audio packets 
having an audio header and an audio payload. 

12. A method according to claim 11 including increasing 
the audio payload by delaying the transmission of each 
packet to encode and pack a larger amount of audio data into 
the packets and decreasing the amount of audio payload in 
the packets When the packet netWork is no longer congested. 

13. Amethod according to claim 12 including using about 
40 bytes for the audio header and about 20 bytes for the 
audio payload in each packet When there is little or no 
netWork congestion and using about 40 bytes for the packet 
header and about 40 or more bytes for the audio payload 
When there is greater congestion in the packet netWork. 

14. Asystem for transmitting audio packets over a packet 
netWork, comprising: 
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a transmitting gateway having an encoder coupled to a 
telephone for encoding an audio stream into speech 
frames, a packetiZer coupled to the encoder formatting 
the speech frames into audio packets each having 
packet headers and packet payloads including one or 
more of the speech frames, and a transmitter coupled 
betWeen the packetiZer and the packet netWork for 
transmitting the audio packets over the packet netWork; 
and 

a receiving gateWay having a depacketiZer for depack 
etiZing the audio packet payloads into speech frames, a 
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jitter buffer delaying decoding of the speech frames to 
account for variances in audio packet delays and a 
voice decoder for decoding the speech frames back into 
a decoded audio stream, 

the packetiZer in the transmitting gateWay dynamically 
varying the number of speech frames in the audio 
packet payloads according to audio packet transmission 
delays in the packet netWork betWeen the transmitting 
gateWay and the receiving gateWay. 

* * * * * 


