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Description

[0001] The present invention relates to a method of
controlling audio communication on a network, in partic-
ular for VoIP systems.
[0002] Voice over internet protocol (VoIP) is charac-
terised by the fact that the sender compiles a continuous
audio stream (PCM: 1 byte every 125 mu s), bundles it
in packets and sends it over a local area network (LAN)
interface, although it is not limited to use with LANs. De-
pending on coding there are different minimum require-
ments for the packet size (G.711: 1 byte; G.723.1: 210
bytes; G.729A: 80 bytes). To reduce the required band-
width, the sender can also send multiples of this minimum
size in one packet.
[0003] The receiver in turn receives the packets via
the LAN interface and converts them back into a contin-
uous audio stream. The conversion (and if appropriate
compression) of the audio stream is generally carried out
by what are known as digital signal processors (DSP),
while the transport of the packet between the DSP and
the LAN interface is carried out by a central processing
unit (CPU).
[0004] Load on the CPU depends not on the type of
packets, but solely on the rate at which these packets
arrive. The smaller the packet size, the higher the packet
rate and hence the CPU load and bandwidth require-
ment. On the other hand, the higher the packet rate, the
smaller the mouth-to-ear delay and hence the better the
speech quality for the user.
[0005] In the case of gateways with a large number of
channels, the problem now is that the terminals send at
a high packet rate in order to achieve the desired speech
quality, resulting in a CPU load on the gateway which is
high and maybe too high for the CPU to cope with.
[0006] Currently there is no facility for controlling the
rate of the incoming voice packets, since in the protocols
there is only one field for the maximum packet size, which
corresponds to a minimum packet rate. The packet rate
of the terminals therefore relies on a compromise rate,
which on the one hand does not overload the gateways
and in the case of direct connections between two termi-
nals permits the speech quality to be as high as possible.
[0007] A similar system is known from document US
2002/0186660 A1, which describes an adaptive control
of data packet size in networks.
[0008] The invention concerns a method of controlling
audio communication on a network according to claim 1.
[0009] In accordance with the present invention, a
method of controlling audio communication on a network
comprising at least two endpoints, at least one acting as
a source and at least one acting as a destination com-
prises setting a desired maximum and minimum packet
size at the source; setting a desired maximum and min-
imum packet size at the destination; determining a min-
imum send packet size as the greater of the desired min-
imum set by the source and the desired minimum set by
the destination; setting a jitter buffer at the destination to

an appropriate size for the determined minimum send
packet size; and transmitting audio packets of a size
greater than or equal to the determined minimum send
packet size.
[0010] The present invention sets both a maximum
packet size and a minimum packet size in both the source
and destination during negotiation of voice coding and
signals the resultant settings to the source sending the
audio communication. The maximum packet size con-
forms with existing standards to ensure a minimum pack-
et rate and in addition the minimum packet size is deter-
mined, so that a balanced relationship between speech
quality in the form of mouth-to-ear delay and resource
requirement is produced. For the IP endpoints, this
means achieving an acceptable CPU load and in the net-
work, meeting bandwidth requirements. The minimum
packet size for sending must not be less than the mini-
mum set at the destination for receiving.
[0011] In one embodiment, the destination notifies the
source of an increase in the minimum packet size; and
initiates a corresponding increase in the size of the jitter
buffer.
[0012] If the CPU load seems to be getting too high,
the destination can notify the source of the change during
a call and will increase the jitter buffer size during a break
in conversation.
[0013] Alternatively, the source notifies the destination
of an increase in the minimum packet size; and the des-
tination initiates a corresponding increase in the size of
the jitter buffer.
[0014] The source can also choose to increase the
minimum packet size and notifies the destination of this.
[0015] Preferably, the minimum packet size of the
source is set between the minimum and the maximum
packet size set by the destination.
[0016] Preferably, the source and the destination com-
prise any one of a terminal, a server and a gateway in
an IP network.
[0017] Various combinations are possible, including a
terminal as the source and a gateway as the destination;
or two terminals, one as source and one as destination
or other combinations thereof.
[0018] Typically, the network uses voice over internet
protocol (VoIP), including carrier VoIP systems.
[0019] An example of a method of controlling provision
of audio communication on a network comprising at least
two endpoints will now be described with reference to
the accompanying drawings in which:-

Figure 1 shows an example of message traffic be-
tween two endpoints using the method of the present
invention;
Figure 2 shows utilisation of the CPU of a main proc-
essor as a function of packet size; and
Figure 3 shows bandwidth requirement per channel
as a function of packet size for three different codecs.

[0020] Each end point (EP) has two parameters. The
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first of these is the minimum packet size at which it can
receive packets and the second is the minimum packet
size at which it can send packets. The transmit packet
size must not be less than the minimum set by the des-
tination EP and the source EP must not exceed its own
performance limits. Thus, the source EP can then choose
to transmit packets having a size ranging from the larger
of either the source EP minimum packet size for sending
and the destination EP minimum packet size for receiv-
ing, to the destination EP’s maximum packet size for re-
ceiving.
[0021] Conventional H.323 systems carry audio data
as RTP streams over UDP/IP. The properties of the audio
streams are exchanged via H.245 messages as part of
the terminal capability exchange procedure and in the
process of opening a logical channel for the audio stream.
One of the parameters for audio streams is the maximum
number of frames per packet. This value represents the
maximum time interval conveyed by one packet and thus
the packet size, as well as the packet rate at which pack-
ets are transmitted by an audio source. A source must
not exceed the packet size stated in this parameter, but
is allowed to send smaller packets more frequently. For
example, for G.711 streams a maximum interval of 20
msec (160 frames/packet) may have been negotiated,
but the source may choose to send a packet every 10
msec (80 frames/packet) or even more frequently.
[0022] For QoS reasons a high packet rate (small
packet size) is desirable because in this case audio
frames are sent with low delay and the effect of a lost
packet is less severe. However, a smaller payload size
means a relatively higher packet overhead and less
bandwidth efficiency. More frequent packet arrivals will
also raise the processing load at the receiver. An imple-
mentation has to take this trade-off between efficiency
and QoS requirements into account. For large gateways
the packet arrival rate may become critical during high
traffic load. If, in such a situation, transmitters reduced
the packet rate by enlarging the packet size, the perform-
ance of the gateway could be improved, allowing the
gateway to maintain a high number of calls at the risk of
some decrease in the QoS of individual calls.
[0023] The present invention introduces a minimum
packet size indication as part of the VoIP signalling be-
tween two entities. In one example of the present inven-
tion, a minimum packet size (minimum number of frames/
packet) is added to the H.245 messages. The transmit-
ting side is then required to send packets no more fre-
quently than determined by this parameter. The param-
eter may be stated as part of the terminal capabilities and
during logical channel signalling. A further feature is the
provision of dynamic adaptation of the packet size (i.e.
packet rate) to the traffic load. For example, a call starting
with a packet size of 10 msec/packet would be raised to
a size of 30 msec/packet if a critical load is reached at
the gateway. For this adaptation the gateway needs a
means of telling the transmitting side to temporarily re-
duce its packet rate, similar to the existing flow control

mechanism of H.245.
[0024] Control of received packet rate for a payload in
a VoIP system using the method of the present invention
is illustrated by way of example in Fig. 1. This shows
typical message flow between two VoIP endpoints in a
VoIP packet network for controlling send packet size. An
endpoint A 1, in this example a gateway, sends a call set
up message 2 to an endpoint B 3, in this example a per-
sonal computer. The endpoint B sends back a call set up
confirmation message 4. VoIP endpoints may include
gateways, IP phones, software clients on a PC or server
endpoints. Various VoIP signalling protocols may be
used, such as Standard H.323 [ITU-T Recommendation
H.323 - Packet based Multimedia Communication Sys-
tems], Standard SIP [RFC 3261 SIP - Session Initiation
Protocol] or proprietary VoIP protocols. User data is
transmitted via the packet network using RFC 1889 RTP/
RTCP - Real time Protocol/Real time Control Protocol.
[0025] In the example of Fig. 1, the endpoint A 1 is an
endpoint (EP) which, in the receive direction, requires
audio media streams having a minimum packet size of
20 ms for, for instance, a G.711 codec. This is indicated
in the call set-up message (G711PSRvMaxA=60,
G711PSRvMinA=20) and this EP also requires a maxi-
mum packet size in the receive direction for G.711 codec
of 60ms. The minimum packet size enables EP-A to en-
sure that the number of incoming real time protocol (RTP)
speech packets per unit of time in EP-A can be kept rel-
atively low, something which, for example, might be nec-
essary in EP-A for performance reasons. EP-A might be
a gateway which must be able to process several calls
including audio streams simultaneously (the more pack-
ets to be processed per unit of time, the more exacting
the performance requirements placed on the EP be-
come).
[0026] For this example, EP-B 3 is a PC with a H.323
software client. The PC has sufficient performance and,
as a rule, only needs to be able to handle one call (media
stream) at a time. EP-B therefore also offers a maximum
packet size in the receive direction of 60ms, but offers a
minimum packet size for a G.711 codec of 10 ms, which
is a relatively small packet size, because EP-B is capable
of processing a relatively large number of received pack-
ets per unit of time, a fact which, for example, has a pos-
itive impact on end-to-end delay. The relevant minimum
and maximum receive packet size for a G.711 codec (but
also for other supported codecs such as G.723.1 or G.
729) is signalled by the endpoints 1, 3 to the partner end-
points 1, 3 during call set-up 2 and call set-up confirma-
tion 4 messages. The call set up confirmation message
for this example is G711PSRvMaxB=60,
G711PSRvMinB=10. For example in the case of the SIP
Standard, new parameters are signalled, for example by
means of extensions in SDP [RFC 2327 SDP - Session
Description Protocol] in SIP INVITE or 200-OK messag-
es. In the case of H.323, new parameters are signalled,
for example, by means of Element AudioCapability or
GenericCapability extensions in the H.245 Standard
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[ITU-T Recommendation H.245 - Control Protocol for
Multimedia Communication]. In the H.323 and SIP Stand-
ards, only details of maximum packet sizes are disclosed.
In the SIP Standard there is an element regarding a rec-
ommended packet size but this is not mandatory. Neither
standard contains details of minimum packet sizes.
[0027] A further feature of the present invention is that
if the criteria such as performance situation in the EP,
bandwidth in the network, etc., which, at the time of call
set-up, resulted in defining and sending the initial mini-
mum and maximum packet size values happen to change
during the call, there can be a repeated exchange of ca-
pabilities including the then modified minimum or maxi-
mum values. These modified values must be honoured
by the partner endpoints. In SIP systems, this can be
signalled, for example, by means of RFC 3264 SDP Offer/
Answer model [RFC 3264 SDP Offer/Answer Model] us-
ing extended parameters. In H.323 systems this can take
place, for example, by repeated exchange of H.245 Ter-
minal Capability Set messages (with an extended param-
eter set) or in Standard H.460.6 [ITU-T Recommendation
H.460.6 - Extended Fast Connect] by Extended Fast
Connect. If the receiver requests during the call that the
sender increase the packet size, then to avoid voice drop-
outs, the jitter buffer must be increased by this delta in a
pause in the conversation, before the request to increase
the packet size is sent. Alternatively, the sender can in-
form the receiver that the packet size is being increased
in the output direction. This notification is then used to
increase the jitter buffer by this value in a pause in the
conversation.
[0028] Another option is that in order to set the optimum
voice quality whilst complying with resource limitations,
the source EP 1, 3 will select the packet size for the send
direction as the maximum possible chosen from its own
minimum size for sending and the minimum size for re-
ceiving set by the partner EP, that is, it will choose the
greater of these two values. An example in which a gate-
way is configurable as regards speech quality, is that the
packet size for G.711, for instance, can be reduced from
240 bytes to 80 bytes, in which case only 1/3 of the chan-
nels are then supported. At the moment only the own
send direction can be controlled.
[0029] Figs. 2 and 3 illustrate the effect of packet rate
on resources. Fig. 2 shows the utilisation of the CPU of
a main processor as a function of packet size. CPU ca-
pacity utilisation does not depend on the selected codec.
The CPU workload is inversely proportional to the packet
size, i.e. if the packet size halves, the time between 2
packets halves and the packet rate and the CPU work-
load double.
[0030] In Fig. 3 the bandwidth requirement in Ethernet
per channel as a function of packet size and the selected
codec is shown. The bandwidth for the actual payload
data is, after compression, shown by curve 5 to be 64
kBit/s in the case of G.711, by curve 6 to be 8 kBit/s in
the case of G.729A and by curve 7 to be 6.4 kBit/s for G.
723.1. However, protocol headers are required for each

packet: RTP 12 bytes, UDP 8 bytes, IP 20 bytes, Ethernet
(including preamble and Frame Check Sequence but
without VLAN tagging) 26 bytes. This header component
increases the bandwidth actually required depending on
the packet rate.
[0031] However, not all packet sizes are possible be-
cause of limitations of the codecs themselves. G.729A
only permits multiples of 10 ms, whereas G.723.1 permits
multiples of 30 ms. The curves 6, 7 in Fig. 2 for G.729A
and G.723.1 are therefore calculated theoretically be-
cause, in practice, only the discrete values represented
by the squares or triangles can actually occur.
[0032] The present invention makes low-cost IP gate-
way solutions possible, without losing the advantages of
high speech quality for calls between IP phones.

Claims

1. A method of controlling audio communication on a
network comprising at least two endpoints (EP-A,
EP-B), at least one (EP-A) acting as a source (1) and
at least one (EP-B) acting as a destination (3); the
method comprising

a) setting a maximum and a minimum packet
size at the source, wherein the minimum packet
size for sending must not be less than the min-
imum set at the destination for receiving; char-
acterized by the steps of:
b) setting a maximum and a minimum packet
size at the destination;
c) setting a jitter buffer at the destination to an
appropriate size for the set minimum packet size
at the destination;
d) and transmitting audio packets of a size rang-
ing from the determined minimum send packet
size to the desired maximum packet size of the
destination and being dynamically adapted to
the traffic load.

2. A method according to claim 1, wherein the destina-
tion notifies the source of an increase in the minimum
packet size; and initiates a corresponding increase
in the size of the jitter buffer.

3. A method according to claim 1, wherein the source
notifies the destination of an increase in the minimum
packet size; and the destination initiates a corre-
sponding increase in the size of the jitter buffer.

4. A method according to claim 3, wherein the minimum
packet size of the source is set between the minimum
and the maximum packet size set by the destination.

5. A method according to any preceding claim, wherein
the source comprises one of a terminal, a server and
a gateway in an IP network.
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6. A method according to any preceding claim, wherein
the destination comprises one of a terminal, a server
and a gateway in an IP network.

7. A method according to any preceding claim, wherein
the network uses voice over internet protocol, VoIP.

8. A method according to any preceding claim, wherein
the audio communication comprises voice commu-
nication.

Patentansprüche

1. Verfahren zur Audiokommunikationssteuerung in ei-
nem Netzwerk umfassend mindestens zwei End-
punkte (EP-A, EP-B), mindestens einer (EP-A) als
Quelle (1) agierend und mindestens einer (EP-B) als
Ziel (3) agierend; das Verfahren umfassend

a) Einstellen einer maximalen und einer mini-
malen Paketgröße an der Quelle wobei die mi-
nimale Paketgröße zum Senden nicht geringer
sein darf als das am Ziel eingestellte Minimum
zum Empfangen;
gekennzeichnet durch die Schritte:
b) Einstellen einer maximalen und einer mini-
male Paketgröße am Ziel;
c) Einstellen eines Jitterbuffers am Ziel auf eine
angepasste Größe für die eingestellte minimale
Paketgröße am Ziel;
d) und Übertragen von Audio-Paketen einer
Größe von der bestimmten minimalen Sende-
paketgröße bis zu der gewünschten maximalen
Paketgröße des Ziels, und dynamisch an die
Verkehrslast angepasst ist.

2. Verfahren nach Anspruch 1, wobei das Ziel die Quel-
le über eine Erhöhung der minimalen Paketgröße
benachrichtigt, und eine entsprechende Vergröße-
rung des Jitterbuffers initiiert.

3. Verfahren nach Anspruch 1, wobei die Quelle das
Ziel über eine Erhöhung der minimalen Paketgröße
benachrichtigt, und das Ziel eine entsprechende
Vergrößerung des Jitterbuffers initiiert.

4. Verfahren nach Anspruch 3, wobei die minimale Pa-
ketgröße der Quelle eingestellt wird zwischen der
minimalen und der maximalen Paketgröße durch
das Ziel.

5. Verfahren nach einem vorhergehenden Anspruch,
wobei die Quelle eines von einem Terminal, einem
Server und einem Gateway in einem IP-Netzwerk
umfasst.

6. Verfahren nach einem vorhergehenden Anspruch,

wobei das Ziel umfasst eines von einem Terminal,
einem Server einem Gateway in einem IP-Netzwerk.

7. Verfahren nach einem vorhergehenden Anspruch,
wobei das Netzwerk Voice over Internet Protocol,
VoIP, verwendet.

8. Ein Verfahren nach einem vorhergehenden An-
spruch, wobei die Audiokommunikation Sprachkom-
munikation umfasst.

Revendications

1. Procédé de commande d’une communication audio
sur un réseau comprenant au moins deux extrémités
(EP-A, EP-B), dont au moins une (EP-A) agit comme
une source (1) et au moins (EP-B) agit comme une
destination (3) ; le procédé comprenant l’étape con-
sistant à

a) établir une taille de paquet maximale et une
taille de paquet minimale au niveau de la source,
où la taille de paquet minimale pour envoi ne
doit pas être inférieure au minimum établi au
niveau de la destination pour réception ; carac-
térisé par les étapes consistant à :
b) établir une taille de paquet maximale et une
taille de paquet minimale au niveau de la
destination ;
c) établir une mémoire tampon de fluctuation au
niveau de la destination à une taille appropriée
pour la taille de paquet minimale établie au ni-
veau de la destination ; et
d) transmettre des paquets audio d’une taille al-
lant de la taille de paquet d’envoi minimale dé-
terminée à la taille de paquet maximale souhai-
tée de la destination et adaptée dynamiquement
à la charge de trafic.

2. Procédé selon la revendication 1, dans lequel la des-
tination notifie à la source une augmentation de la
taille de paquet minimale ; et initie une augmentation
correspondante de la taille de la mémoire tampon
de fluctuation.

3. Procédé selon la revendication 1, dans lequel la
source notifie à la destination une augmentation de
la taille de paquet minimale ; et la destination initie
une augmentation correspondante de la taille de la
mémoire tampon de fluctuation.

4. Procédé selon la revendication 3, dans lequel la taille
de paquet minimale de la source est établie entre la
taille de paquet minimale et la taille de paquet maxi-
male établies par la destination.

5. Procédé selon l’une quelconque des revendications
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précédentes, dans lequel la source comprend un
élément parmi un terminal, un serveur et une pas-
serelle dans un réseau IP.

6. Procédé selon l’une quelconque des revendications
précédentes, dans lequel la destination comprend
un élément parmi un terminal, un serveur et une pas-
serelle dans un réseau IP.

7. Procédé selon l’une quelconque des revendications
précédentes, dans lequel le réseau utilise le proto-
cole voix sur Internet, VoIP.

8. Procédé selon l’une quelconque des revendications
précédentes, dans lequel la communication audio
comprend une communication vocale.

9 10 
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