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Method for jitter compensation during receipt of voice content over IP-
based networks and receiver for that and method and device for sending

and receiving voice content with jitter compensation

This relates to a method for jitter compensation of random temporal fluctuations,
which are termed jitter, between the times of receipt of voice packets when
receiving voice content via IP-based networks, that is to say in particular for use
in a method (such as in the case of telephone or radio connections) for
transmitting voice content (which is digitized as voice data in the case of analogue
voice content) in digital voice packets (also termed Voice over IP or VoIP), and a
receiver set up to carry out the method. In addition, the invention relates to a
method and a device for sending and receiving voice content, in which the

described jitter compensation is used.

In the method, as is customary in the case of VolP, a sequence of digitized voice
packets with or without voice content is received by a receiver for processing
voice content contained in the voice packets, in particular for output, sending out
via a radio link or other use of the voice data. A digital voice packet with voice
content has a section termed the header with data for communication control (for
example, corresponding to a communication protocol or communication standard)
and a section termed the payload. The payload of a voice packet consists of a
part of the (whole) voice content in the form of digitized voice data. Accordingly,
the transmission of the (whole) voice content is divided into a sequence of voice
packets with consecutive digital voice data (payload PL), i.e. the digital voice data
contained (directly or indirectly) in consecutive voice packets represent the

(whole) voice content when joined together.

A voice packet without voice content has the header without the payload,
therefore it is usually correspondingly shorter. However, it may also be the case

that a voice packet without voice data also has a payload with zero data and is
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then just as long as a voice packet with data content (voice data). Zero data are
data with arbitrary or random content, i.e. are not correlated with useful voice

content.

As the payload does not contain any information in this case, such a voice packet
is also referred to as a voice packet without a payload in the context of the
application. In principle, however, it is advantageous if voice packets without voice
content are shorter and the payload section is simply dispensed with instead of
filling it with zero data. Depending on the communication standard, however, it
may also be required that all voice packets, with or without voice data, must be
the same length. Voice packets without voice content are used, for example, to
maintain an existing communication connection between the transmitter and
receiver long-term, so that the communication connection can be monitored. One
example of such a use of Voice over IP may be the transmission of operational
ground-to-air communication in air traffic (in sections via a radio connection). This

represents a particularly preferred application of the invention.

Each voice packet contains, particularly in the header of the voice packet, at least
one piece of time information of a transmitter time of a transmitter, which indicates
the time of sending of the voice packet. This is true for voice packets with and

without voice content.

After receiving a first voice packet with voice content, the receiver waits to process
the voice content for a wait time termed a buffer (jitter buffer) in the sense of a
buffer time. This allows the receiver to receive subsequent voice packets with
voice content during the buffer (i.e. during the wait time) in order to compensate
the jitter between the receipt of subsequent voice packets and achieve continuous
processing of the voice content without interrupting the voice output owing to a
delay to receipt due to jitter. The processing may be the direct playback of the

voice content as audible speech (i.e. analogue output). The receiver may however
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also broadcast the received voice content via a radio transmitter. Playback of the
voice content then only takes place in the radio receiver. In this case, the receiver
only plays back the digital voice packets indirectly, in that the received voice
packets are processed and the voice content contained is sent out as a radio
message by the radio transmitter. In this case, the generated voice content (radio
message), of air traffic control (as transmitter) for example, is transmitted to a
radio transmitter (as receiver) of a ground station as voice over IP communication
via an IP-based network. The radio transmitter then sends out the radio message
that is output by the radio receiver (for communication from air traffic control, for
example, to an aircraft). In the event of communication in the reverse direction
(e.g. from an aircraft to air traffic control), the radio transmitter is located in the
aircraft and the radio receiver is located in the ground station. The radio receiver
is then accordingly the transmitter of the voice over IP communication. The terms
transmitter and receiver in this text refer to the transmission of the voice content

via the IP-based network.

The physical transmission process for voice packets is briefly explained below to
explain the background of voice over IP communication. A more detailed
explanation takes place in the context of the of the description of an exemplary

embodiment.

The total delay of a voice packet (packet transmission duration) begins with the
time of sending out by the transmitter and results from the sum of the delay of the
voice packets via the transmission channel (also termed delay), to which the
length of the voice packet itself also belongs, and the jitter (in the sense of random
fluctuations of the times of receipt). Further wait times, such as the buffer (jitter
buffer), result until the processing (e.g. output or other processing) of the voice

content contained in the voice packet.
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The time from sending out the voice packet to processing the voice content is
therefore given by the actual packet transmission duration (delay and jitter) and
the buffer (as well as further added wait times, if appropriate, after the receipt of

the voice packet until the output of the voice content).

The longer the wait time is, the more of the subsequent voice packets can be
received and temporarily stored (buffered), so that after processing the voice
content of the preceding voice packet, the voice content of subsequent voice
packets is already available for further processing and continuous processing,
e.g. voice playback, is ensured, even if the jitter of a subsequent voice packet is
particularly long, because the voice content of the buffered voice packets is
additionally processed initially. A long buffer in terms of time leads to a
correspondingly long delay, which is undesirable for voice over IP applications
with high requirements for real-time communication. Accordingly, a short buffer in
terms of time leads to a higher communication speed, but also a higher risk of
voice packet losses, which can interrupt the continuous processing of the voice

content.

Another disadvantage of this well-known solution with a buffer is that the total time
made up of packet transmission duration and, if necessary, also added wait times
(such as buffers) still depends on the random duration of the jitter during the
transmission of the voice packet and therefore cannot be predicted exactly. This
may lead to disadvantages in the case of certain communication applications, e.g.
in radio applications with multiple parallel transmission channels (e.g. parallel
sending out of the radio message by means of several radio transmitters of
various ground stations), in which jitter of different lengths on the various

transmission channels leads to an echo.

Therefore, the object of the invention is to propose jitter compensation and voice

transmission using such jitter compensation, which, whilst ensuring continuous
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processing, e.g. radio sending or output, of the voice content, enables a defined
duration of the total time in the case of the transmission of voice packets (at least
within a predetermined time period) from the output of the voice packet by the

transmitter to the processing of the voice information by the transmitter.

This object is achieved according to the invention with the features of Claims 1,
9, 11 and 15.

In the context of the jitter compensation proposed according to the invention, it is
provided in particular that after receiving a first voice packet (with or without voice
content or voice data), termed an initial packet — during a connection period in a
transmission channel, which is set up to a transmitter of the voice packet or exists
between the receiver and the transmitter — the receiver initializes a receiver clock
with a transmitter time by means of the time information in the initial packet, so
that the receiver time correlates with the transmitter time when sending out the
voice packet. As aresult, the receiver clock displays a time which depends on the
time of sending of the first voice packet from the connection period, the delay of
the voice packet via the transmission channel and the temporally random jitter.
According to an embodiment of the invention, it is simple to synchronize the
receiver time with the time information from the voice packet, wherein the time
information is corrected by the sample time of the payload of the packet, if
applicable, so that the receiver time corresponds to the transmitter time for a voice
packet without data content and the random jitter of the currently transmitted voice
packet. There is therefore a time offset - with respect to an absolute time, which
is constant in the whole system - between the transmitter time and the receiver
time, which time offset corresponds exactly to the packet transmission time of the

first voice packet (without voice content) in the connection period.

A connection period (also termed a session) can begin with the set-up of a

transmission channel between the transmitter and receiver, and end with the
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interruption of the transmission channel, i.e. correspond to the actual connection
duration. However, it is also possible to choose a shorter connection period within
the actual connection duration, e.g. by specifying a fixed time duration and/or
depending on events in the receiver and/or transmitter. A connection period
therefore corresponds to a defined or definable time period during the physical
connection duration in the transmission channel, i.e. a part of the entire

connection duration, but at most the entire connection duration.

For subsequent voice packets, which are received in the receiver with exactly the
same jitter (assuming a constant delay), the receiver time correlates with the
transmitter time of the transmitter which sends out the packets. In the previously
described types of correlation, the transmitter time and the receiver time are
therefore identical if jitter is the same. Deviations in the correlation are caused by

different jitter.

This allows the receiver to determine a minimum relative packet transmission

duration after the receiver clock has been initialized, in that during the receipt of
subsequent voice packets in each case

¢ the receiver time is compared with the time information, which is contained

in the header of the subsequent voice packet, at the transmitter time when

the voice packet was sent out and a relative packet transmission duration

is determined relatively to the receiver time. This can be done, for example,

by a difference of transmitter time and receiver time for previous

differences. If the receiver time and the transmitter time are synchronized

as described in the previous embodiment, a difference “receiver time minus

transmitter time” of zero means that the subsequently transmitted voice

packet was just as fast as the voice packet, on the basis of which the

receiver time was determined, during initialization or subsequent

adjustment (described further below). If the difference is less than zero, the

receiver time is earlier than the transmitter time; the voice packet was faster
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than the voice packet, on the basis of which the receiver time was
determined (relatively shorter packet transmission duration). By contrast, if
the difference is greater than zero, the receiver time is later than the
transmitter time; the voice packet was slower than the voice packet, on the
basis of which the receiver time was determined (relatively longer packet
transmission duration).

a resultant minimum relative packet transmission duration within the
connection period or an interval within the connection period is stored
temporarily. Within the connection period (or an interval within the
connection period which is used as a basis for checking), the relative
packet transmission duration is then stored anew as the minimum relative
packet transmission duration if the current determined relative packet
transmission duration is shorter than the hitherto minimum (and temporarily
stored) relative packet transmission duration.

the receiver time dependent on the minimum relative packet transmission
duration, which was stored temporarily at a defined evaluation time (e.g. at
the end of an interval within the connection period), is adjusted in such a
manner that the receiver time correlates with the transmitter time when
sending out the voice packet with the minimum relative packet transmission
duration (in particular is synchronized with the same). In an embodiment,
this may take place in that the value of the minimum relative packet
transmission duration stored at the evaluation time is subtracted from the
current receiver time, in order to determine a new receiver time for the
remainder of the method. As a result, time differences between the receiver
clock and the transmitter clock, e.g. owing to clock differences of the timers

used, are also automatically corrected continuously.

The actual embodiments specified in the preceding general description are used

for explanation. The invention is not necessarily limited to these embodiments.
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Whenever a voice packet with voice content (or a sequence of voice packets with
voice content) is received after at least one received voice packet without voice
content, the receiver assumes that new voice content (e.g. a new radio message
within the connection period) should be transmitted. The start and end of new
voice content can also (additionally or alternatively) be identified by means of

coding in the header.

Accordingly, when receiving a first voice packet with voice content after at least
one voice packet without voice content, the receiver determines the actual time
of receipt of this voice packet by comparing the time information in the received
voice packet with the receiver time at receipt, so that the actual time of receipt is
indicated in particular relatively to the receiver time. This actual time of receipt
therefore indicates the actual jitter when the first voice packet with voice content
is received. The receiver then determines the buffer, i.e. the buffer time or the
wait time until the voice content is processed, as a function of /dependent on the
actual time of receipt, i.e. as a function of the actual jitter when the first voice
packet with voice content is received. In principle, the buffer can be formed by
subtracting the actual jitter from a predefined maximum buffer to be used when a
voice packet with no or minimum jitter is received as the first voice packet with
data content. If the actual jitter corresponds to the minimum or no jitter, the

predefined maximum buffer is used as the buffer.

A preferred embodiment according to the invention for determining the buffer
consists in forming the difference of the time information in the voice packet and
the actual time of receipt. This difference then indicates the jitter of the current
voice packet, which determines the buffer according to the invention as the first
voice packet with voice content. If this difference, “time information in voice packet
minus actual time of receipt’ is less than zero, the (positive) value of the difference
indicates the actual jitter. This actual jitter is then subtracted from the predefined

maximum buffer. Otherwise, if the difference “time information in voice packet
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minus actual time of receipt” is greater than or equal to zero, the maximum buffer
is used as buffer. This simple embodiment applies if the receiver time is equal to
the time information (time of sending) in the voice packet without voice content
with the shortest packet transmission time in the connection period. For a voice
packet with voice content with the shortest packet transmission time in the
connection period, the temporal length of the payload is correspondingly used as
a correction, in order to have the same standardization. If the transmitter time and
the receiver time correlate according to a different dependency (i.e. if these were
not synchronized for the voice packet with the smallest packet transmission time),

the dependency according to this correlation is used accordingly.

According to the invention, a dynamic buffer (jitter buffer) is therefore determined
by means of the jitter compensation, the temporal length of which is defined as a
function of the length of the actual jitter of the voice packet, after the receipt of
which the buffer is determined. This is the first voice packet with voice content
after at least one voice packet without voice content. The buffer is preferably
determined according to the invention in such a manner that a maximum buffer is
used for a voice packet with a packet transmission time without actual jitter or with
minimal actual jitter (that is to say a voice packet with the earliest possible time of
receipt) and an actual jitter is subtracted from this maximum buffer. In other words,
the buffer is therefore determined according to the invention such that the sum of
the actual jitter (of the voice packet which is used to determine the dynamic buffer)
and the dynamic buffer is constant. The length is preferably selected such that
this constant value of the sum ensures continuous processing (e.g. audio
playback and/or radio sending), even if consecutive voice packets with maximally
different jitter are received. This constant value of the sum of actual jitter and
dynamic buffer should therefore at least be greater than the maximum difference
that occurs in the times of receipt of voice packets. Smaller temporary
interferences may also be captured by means of a further safety range, e.g. the

double of an expected jitter.
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As aresult, not only is a shortest possible time achieved between sending out a
voice packet with voice content and processing the voice content (e.g. continuous
output of a sequence of voice packets with contiguous voice content), but also,
the time between sending out the voice packet with voice content and the
processing thereof is always the same length, even if various transmission
channels are used in parallel or the absolute transmission time must be known for
other reasons.

A further preferred embodiment of the invention may provide that during the
initialization of the receiver clock and during the determination of the relative
packet transmission duration, a different length of voice packets with voice
content and voice packets without voice content is taken into account, particularly
in that the time of receipt is standardized to the transmission of a voice packet
without voice content, wherein the additional and known length of the payload of
the data telegram can be subtracted when processing the time of receipt, for
example. As a result, an effective transmission duration (packet transmission
time) can be calculated, in each case with respect to the shorter voice packets
without data content. According to the invention, in accordance with a particularly
preferred embodiment, the receiver clock can be synchronized during initialization
with the time information in a voice packet, standardized to a voice packet without
voice content. For the voice packet with the shortest packet transmission time (i.e.
without jitter or with the shortest jitter that occurs), this therefore corresponds in
fact to the delay of the voice packet on the transmission channel. The deviation,
e.g. the difference, between the time information in the voice packet and the
receiver time therefore indicates the current jitter when receiving the voice packet
currently being considered. Handling is facilitated thereby and the method can be
used without differences on voice packets with and without voice data, e.g. to

initialize and/or adjust the receiver time.
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According to a further aspect according to the invention, the determination of the
minimum packet transmission duration, the result of which, according to the
invention, is the adjustment of the receiver time to the temporarily stored minimum
packet transmission duration, can take place at multiple intervals during the
connection duration or the connection period, which intervals preferably follow
one another directly. As a result, the receiver time is continuously adjusted to
possible changes in the transmission channel, even during a connection duration.
This preferably takes place at the end of an interval in each case. An ongoing
output of analogue voice content corresponding to consecutive received voice
packets with voice content is preferably not affected by an adjustment of the
receiver time and is continued. The adjustment of the receiver time only affects
the determination of the buffer (which is dynamic according to the invention), if a
first voice packet with voice content is received again (after the receiver time had

been adjusted) after at least one voice received packet without voice content.

The length of the intervals can be defined by a temporal length (duration) or a

specified number of received voice packets, with and/or without voice content.

It may also be provided according to the invention for the connection period of the
receiver to the transmitter, or more generally between the transmitter and the
receiver, to be limited to a maximum connection duration. The transmitter and/or
receiver may be set up to interrupt the connection after the maximum connection
time has been reached, with the consequence that the connection must be set up
anew, at least if voice content should be transmitted again. This leads to a re-
initialization of the receiver clock and a repeat of the above-described method.
Thus, changes in the transmission conditions in the transmission channel can be

taken into account automatically.

In a further actual embodiment of the invention, the adjustment of the receiver

time as a function of the temporarily stored minimum relative packet transmission
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duration can take place in such a manner that the receiver time is advanced by
the minimum relative packet transmission duration, if this indicates — with respect
to the current receiver time — that a voice packet with a shorter packet
transmission duration was received. By advancing the receiver clock, the same is
synchronized to the time of transmission of the voice packet with the shortest jitter

or the shortest packet transmission duration.

Furthermore, it may be provided according to the invention that the adjustment of
the receiver time as a function of the temporarily stored minimum relative packet
transmission duration can take place in such a manner that the receiver time is
set back if the temporarily stored minimum relative packet transmission duration
indicates that only voice packets with a longer packet transmission time with
respect to the current receiver time were received, wherein the receiver time is
set back by a defined or definable duration. Setting back the receiver time takes
account of a longer packet transmission duration for all voice packets and corrects
the use of an unrealistically short jitter, if — during the period under consideration,
in particular the interval within the connection period — in the event of no receipt,
the hitherto shortest packet transmission duration (i.e. the small or shortest value
of the jitter) during the preceding receipt had been reached again. This may
indicate that transmission conditions are changing. According to a particularly
preferred embodiment of the invention, a definable period of time may be realized
by the minimum relative packet transmission duration with respect to the receiver
time, particularly as a temporal deviation from the receiver time when receiving
the voice packet, weighted with a weighting factor. A sensible weighting factor
may for example be 1/3, without this embodiment according to the invention being
limited to that. As a result, time differences between the receiver clock and the
transmitter clock, e.g. owing to clock differences of the timers used, are also

automatically corrected continuously.
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As indicated previously, in a particularly preferred embodiment of the invention,
the determination of the minimum relative packet transmission duration for voice
packets without voice content and voice packets with voice content can take place
in the same way, even during the output or processing of voice content, i.e.
independently thereof. In this case, the previously explained standardization to
voice packets without voice content can be undertaken. Alternatively, a
standardization to voice packets with voice content would also be possible. This
allows the minimum relative packet transmission duration to be determined

continuously during the connection period.

According to the invention, the buffer may, in accordance with a preferred
embodiment of the invention, start from a maximum buffer, which adjusts a
maximum jitter to be taken into account on the basis of a delay to receipt resulting
from the comparison of the time information in the first voice packet with voice
content and the receiver time when this first voice packet is received (i.e. on the
basis of the actual jitter). The maximum jitter to be considered is to be understood
as a maximum delay to receipt due to the random fluctuations of the times of
receipt of the voice packets in the receiver. Accordingly, it may be provided that
the adjustment of the maximum buffer takes place by shortening this maximum
buffer by the actual jitter. If a negative delay to receipt results, i.e. the received
first voice packet with voice content was faster than the voice packets previously
used to adjust the receiver time (including the initial packet), it is also possible

according to the invention to dispense with an adjustment of the maximum buffer.

According to a preferred embodiment of the invention, the or a voice packet with
identical voice content may be received by the receiver via several different
transmission channels, wherein a correction of the delay of the voice packets with
identical voice content via the various transmission channels can be applied by
the receiver. This can for example take place such that the delays of the voice

packets are compared with one another by means of a delay correction for the
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various transmission channels, in that the delay correction for each transmission
channel is formed by the difference of the delay from the transmission channel
with the longest transmission time. This delay correction is also termed Dynamic
Delay Compensation (DDC). The delay correction may already be known for each
transmission channel and can be derived, for example, from the physical
conditions of the transmission channel. The person skilled in the art knows the
physical laws relating to this, as well as the basic procedure for such a delay

correction (Dynamic Delay Compensation DDC).

In addition to the buffer (jitter buffer), a delay correction of this type also
represents a further wait time between receiving a voice packet and processing
the voice content from the voice packet. If such a delay correction is known or can
be determined already by the transmitter, this delay correction may also be
transmitted in the voice packet, e.g. in the header of the voice packet. As a result,
particularly in connection with the jitter compensation proposed according to the
invention, it is achieved that the time from sending out the voice packet with
identical voice content on the various transmission channels and processing of
the voice content by the receiver (sending out by radio and/or output) is the same,
even in the case of different delays of these voice packets with identical voice
content in the various transmission channels (through the IP-based network). This
avoids an echo, for example in radio communication in the context of a particularly
preferred use of a voice over IP transmission for operational ground-to-air
communication in air traffic, in which several receivers (of the voice over IP
communication) send out the voice information simultaneously as radio
transmitters at different ground stations (arranged in a spatially distributed
manner). This means that a large airspace can be covered even in the case of a

limited radio range.

According to the invention, such a delay correction can also be determined by the

receiver according to the invention by applying the method for jitter compensation,
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in that a receiver clock is initialized in the above-described manner for each
transmission channel separately during a connection period and, after the
initialization of the receiver clock, a minimum relative packet transmission
duration is determined in each transmission channel in the described manner,
which is completed with the above-described adjustment of the receiver clock.
Since the voice packets with the identical voice content were respectively
transmitted on the various transmission channels and the receiver clocks
respectively correlate with the transmitter time when sending out the voice packet
with the minimum relative packet transmission duration on the respective
transmission channel, the delay differences on various transmission channels can
be derived for the various transmission channels from a comparison of the
receiver times, which are in each case correlated with packet transmission
durations with minimal jitter, and a corresponding correction of the delay (Dynamic

Delay Compensation DDC) can be derived for each transmission channel.

According to a preferred embodiment, this can be done, for example, by each
receiver of one of the several transmission channels sending its receiver time
back to the transmitter (round trip delay) after receiving a voice packet (with an
identifier of that voice packet and of the receiver). Thus, the transmitter can
(analogously to the previously described method) determine the minimum packet
transmission duration between transmitter and the respective receiver. From this,
the transmitter can determine a respective correction of the delay (Dynamic Delay
Compensation DDC) for each receiver and, if necessary, transmit the same to this
receiver or else include the same in the time information for the transmitter time
contained in the header of each voice packet. An automatic dynamic delay

compensation DDC can thereby be carried out accordingly.

The invention also relates to a receiver for receiving digitized voice packets via
IP-based networks and for processing analogue voice content contained in the

voice packets according to claim 9, having a receiving unit, which can be
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connected (is adapted to connected) to the IP-based network and is set up
(adapted) for receiving voice packets transmitted via the IP-based network,
having an arithmetic logic unit with receiver clock, which is set up to process the
received voice packets, for example in that the payload with digital voice data
transmitted in the voice packets is extracted from the voice packets and
processed further. Further processing may for example consist in converting the
voice data extracted from the sequence of voice packets into the voice content
and sending out the same by radio (for example by means of digital HF modulation
by a modulator) and/or outputting the same directly by means of a voice output
unit, particularly a loudspeaker. According to the invention, the arithmetic logic
unit is set up (adapted) to execute the previously described method for jitter
compensation or parts thereof, according to one of claims 1 to 8, when receiving

and outputting the voice content.

According to a preferred embodiment, the receiver can be set up to receive the
voice packet with the identical voice content via several different transmission
channels and to apply the method according to claim 8 in the process, wherein
the arithmetic logic unit is set up to process the voice content from the received
voice packets with the identical voice content from several various transmission
channels. In particular, the identical voice content can respectively be output (e.g.
transmitted by radio) from the plurality (or even all) of the voice packets
transmitted via the various transmission channels. By means of the method
according to the invention, the time of output for the voice packets with the
identical voice content is synchronized over the various transmission channels,
both with regards to the correction of the delay of the voice packets via the various
transmission channels (Dynamic Delay Compensation (DDC)) and with regards
to the correction of the random temporal fluctuations between the times of receipt
(jitter). For the preferred use case of ground-to-air communication, the receiver

may in particular comprise several radio transmitters in different spatially
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separated ground stations, which send out the same voice information by radio in

a time-synchronised manner by means of the described method.

The invention also relates to a method for sending and receiving voice content
according to the features of claim 11, in which a transmitter converts voice content
into a sequence of digital or digitized voice packets with or without voice content,
wherein a voice packet with voice content has a section, termed the header, with
data for communication control and a section, termed the payload, with voice data
digitized from part of the voice content. A voice packet without voice content has
the header without the payload. Each voice packet, particularly the header of the
voice packet, contains at least one piece of time information of a transmitter time,
which indicates the time of sending of the voice packet. The transmitter sends out
the sequence of voice packets via at least one transmission channel of an IP-
based network. In the method, a receiver receives the sequence of digitized voice
packets with or without voice content and processes the voice content, wherein
the previously described method for jitter compensation, particularly according to

one of claims 1 to 8, is applied in the receiver.

According to a preferred embodiment of the method, a permanent communication
connection can be set up in the IP-based network for a connection period between
the transmitter and the receiver via at least one communication channel, wherein,
during the connection period, at times when no voice content should be
transmitted, voice packets without voice content are exchanged, preferably at a
specified regular transmission clock rate, to maintain the connection between the
transmitter and receiver, and wherein, at times during the connection period when
voice content should be transmitted, the sequence of digital or digitized voice

packets with the voice content is transmitted from the transmitter to the receiver.

As a result, the method for jitter compensation proposed according to the

invention can be carried out long-term (continuously), so that the dynamically
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adjusted buffer is available at any time in accordance with the current conditions

in the transmission channel, when voice content is transmitted.

According to the invention, in the case of a bidirectional voice connection, in which
both communication partners function as transmitter and receiver, combined
transmitter/receiver devices can also be used, in which the functions of transmitter
and receiver are realized in one device in each case. In this sense, the functions
described here separately for the transmitter and the receiver for the sake of
clarity also apply respectively for combined transmitter/receiver devices. In these
devices, if appropriate, certain functions are not assigned to the transmitter or the
receiver uniquely. The invention also relates to such an embodiment in which all
the described features are assigned to a combined transmitter-receiver devices,
without clearly assigning the functions and features, some of which also overlap,
to the transmitter or the receiver. This is true for example for the set-up of a
permanent communication connection, which in principle can be initiated both by
a transmitter and a receiver. In the context of a communication set-up, (pure)
receivers of voice content may also have transmitting functions for the
communication set-up and (pure) transmitters of voice content may also have
receiving functions for the communication set-up, in particular as provided in
common communication technology for IP-based networks. In the case of
combined transmitter/receiver devices, both communication participants may
operate both as receiver and as transmitter, and exchange voice packets without
voice content in both communication directions, to maintain the communication
connection for example. This can be done in a common transmission channel for
both communication directions or in one transmission channel for each of the
communication directions, respectively. The same applies if there are several

different transmission channels for one communication direction.

Insofar as it is used for implementing the invention, the communication technology

known to the person skilled in the art also belongs to the subject matter of the
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invention, even if it is not described in full here, because this expert knowledge

can be assumed.

According to an embodiment of the invention, it can be provided that the
transmitter sends out a voice packet via several different transmission channels
and the receiver receives the voice packets sent out via various transmission
channels. Preferably, it can be provided that the receiver receives the voice
channels transmitted via the various transmission channel and processes them
simultaneously, whereby, for example, an echo in the output can be avoided due
to the proposed invention. The receiver may comprise several spatially distributed

radio transmitters that simultaneously send out the voice message by radio.

Accordingly, the method can particularly preferably be used according to the
invention in radio communication, particularly for the transmission of operational
ground-to-air communication in CLIMAX operation, in which several different
radio channels (as or in the sense of transmission channels) are used for

transmitting a radio message (as voice content).

To this end, the invention also relates to a device for sending and receiving digital
or digitized voice packets via IP-based networks with voice content contained in
the voice packets, having a transmitter and a receiver, wherein the transmitter
has a voice recording unit, particularly a microphone, for recording the analogue
voice content, and an arithmetic logic unit with transmitter clock, which is set up
(adapted) for processing the recorded voice content according to the previously
described method or a part thereof, particularly according to one of claims 11 to
14, and wherein the receiver is constructed according to the features as described
previously, particularly according to one of claims 9 or 10, so that transmitter and
receiver are set up (adapted) as a whole to apply the features of the method for
sending and receiving voice content or parts thereof, particularly according to one

of claims 11 to 14.
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Further advantages, features and possibilities for use of the invention also result

from the following description of exemplary embodiments and the drawing. All

described and/or pictorially illustrated features belong, together or in any sensible

combination for the person skilled in the art, to the subject matter of the invention,

even independently of their summarization in the described or illustrated

exemplary embodiments or in the claims.

In the figures:

Fig. 1

Fig. 2

Fig. 3

Fig. 4

Fig. 5

schematically shows the temporal sequence for the transmission of

analogue voice content via an IP-based network (voice over IP — VolIP);

schematically shows the temporal sequence for sending out voice
packets with identical voice content on two different transmission

channels without delay correction;

schematically shows the temporal sequence for sending out voice
packets with identical voice content on two different transmission

channels corresponding to Fig. 2, extended by a delay correction;

schematically shows the temporal sequence for sending out voice
packets with identical voice content on two different transmission
channels corresponding to Figure 3 with a dynamic jitter compensation

according to the invention;

schematically shows the temporal sequence for sending out voice
packets with identical voice content on two different transmission

channels corresponding to Figure 4 with a dynamic jitter compensation
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Fig. 7

Fig. 8

Fig. 9

Fig. 10

- 21 -

according to the invention, wherein several different voice contents are

transmitted consecutively in various voice packet sequences;

schematically shows a connection period between transmitter and
receiver with the voice packets with and without voice information,

which are received by the receiver,;

shows flow charts for the initialization according to the invention of the
receiver clock and the determination according to the invention of a

minimum relative packet transmission duration;

shows an extract of a log file for the execution of a method according

to Figure 8§;

shows flow charts for delaying the first voice packet of a radio message

by dynamic adjustment of the buffer;

shows an extract of a log file for the execution of a method according

to Figure 9,

Before describing actual embodiments of the invention, the principles of known

voice transmission via IP-based networks (voice over IP or VolP applications) and

the terms used in this text should be explained.

Figure 1 schematically illustrates the temporal sequence of a method for sending

and receiving analogue and/or digital voice content, as is already known in

principle in the prior art and is also applied in principle in the context of the method

according to the invention. It is noted that the time scale is only to be understood

schematically and does not make any statement about the actual time ratios. In
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particular, the actual transmission times of the voice packets are substantially

shorter than illustrated schematically in the sketch.

When transmitting voice via IP-based networks (Voice over IP/NoIP) e.g.
analogue voice content 1, for example recorded spoken text, is digitized in the
known manner, for example by means of pulse code modulation (PCM), so that
the voice content 1 is present at the latest after the digitization as digital voice

data. The digital voice data are also termed voice content 1.

The digital voice data are combined in data packets (voice packets 110), wherein
only a portion of the entire voice content 1 is contained in one voice packet 110.
This is clarified by the vertical lines in the voice content 1. Each of the digital voice

packets 110 is also termed a voice sample.

Thus, the voice content 1 is usually divided into a sequence 119 made up of
several consecutive voice packets 110. A sequence 119 with four voice packets

is shown by way of example in Figure 1.

Each voice packet 110 contains digital voice data, which comprise a section of,
e.g. several milliseconds of the voice content 1 (that is to say a portion of the voice
content 1). Such a section of the (digital or digitized analogue) voice data, which
is contained in a voice packet 110, is also termed a payload PL. The voice packet
110 also contains a header H, which contains data for communication control, as
an important constituent. For example, the sampling instant of the first voice
sample is entered in the header H as timestamp (in the sense of time information
specifying the time of sending ts). This is adopted as the time of sending ts of the
voice packet 110. Sampling of the voice content 1 is understood to mean sampling
analogue voice content 1 with a sampling frequency, for example 8 kHz, during

which a digital value is respectively assigned to the voice content 1, that is to say
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the digitization of the voice content as voice data and the division into packets

(payload PL) take place.

Voice packets 110 are created by the transmitter, which is also termed the source
(of the voice packet) in technical language, and then transmitted to the receiver,
which is also termed the data sink (of the voice packet) in technical language. The
transmitter inserts the time of sending ts into the header and sends the voice
packet 110. If a voice packet 120 without voice content 1 (not illustrated in Figure
1 and explained further below) is sent, in which the payload PL is omitted, the
time of sending ts corresponds to the time of sending out ta, at which the voice
packet 120 is sent. If a voice packet 110 with voice content 1 (illustrated in Figure
1) is sent, the time of sending out is delayed by the sampling of the voice packet
110. This takes the time period TPS, so that the time of actual sending out of the
voice packet 110 (actual transmission time ta) is shifted by the time period TPS,
that is to say ta = ts + TPS. This time period TPS, which is required for sampling
the payload PL, is also described as the length of the payload and can be
considered to be constant (a correction for this is explained further below).
Sending out the voice packets 110 is illustrated with reference to the timeline 50
and takes place by means of the transmitter (in the sense of the source of the

voice packet).

As illustrated in Figure 1, there is a certain time after the transmission until a voice
packet 110 is received, at the time of receipt te, and it would be possible to start
with the output of the payload PL in principle. This is illustrated in Figure 1 in the
transmission channel 10 of the IP-based network for the four voice packets 110,
wherein each voice packet 110 is illustrated on one line one below the other, with

reference to the timeline 51.
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Delay DEL of the voice packet 110 and jitter JIT of the network represent two
important influencing variables during the transmission of the voice packet 110

via the transmission channel 10.

Delay DEL or latency essentially refers to the sum of the (physical) signal delays
on the transmission channels. Voice transmission via IP networks is accompanied
by further delays due to temporary storage and, if necessary, data reduction,
compression and decompression of the data. This is not considered further here,
because these delays can be considered to be constant over a short time horizon
(as can be assumed for the application of the invention). These constant delays

should also be included in the delay DEL in the context of this text.

The random temporal fluctuation between the receipt of two voice packets 110,
which is technically unavoidable, is termed jitter JIT. This jitter JIT has the
consequence that voice packets 110 of the same length, which although they are
sent with exactly the same time intervals with respect to one another, arrive at the
receiver with different time intervals. This is shown in Figure 1 by boxes JIT of
different width for each of the voice packets 110, of which only the payload PL
(which is essential for the invention) is illustrated, and the header H has been

omitted for the sake of clarity.

It is noted once more that the temporal length of the individual components (H,
PL, DEL, JIT, SBJ) in the illustration neither reproduces the actual time duration
of the components relative to one another nor illustrates the timeline with a
duration uniform over its length. The illustration is used solely to understand the
sequence of the method described according to the invention in the context of the

invention, without using a uniform (absolute or relative) timescale.

These different time intervals between the receipt of consecutive voice packets

110 may lead during further processing (e.g. playback or use) of the transmitted
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voice information 1 to the effect that it may not be possible to connect the payload
PL of the individual voice packets 110 to a continuous output stream, as outlined
for the first variant of voice output 90 (as an example of processing the received
voice data) in Figure 1. There, the output of the voice information is started
immediately after receiving the payload PL of the first voice packet 110 at the time
of receipt te1. The payload PL of the second voice packet is received at time te2
before the processing, e.g. playback, of the voice information from the payload
PL of the first voice packet is completed. The payload PL of the second voice
packet 110 is therefore temporarily stored in the receiver until processing of the
payload PL of the first voice packet 110 is completed. The processing of the
payload PL of the second voice packet 110 can therefore directly follow the
processing of the payload PL of the first voice packet 110. The same is true for
the payload PL of the third voice packet 110, so that up to this point for example,
a continuous output of the voice information (in the sense of a possible processing
of the payload PL) is possible.

However, owing to a particularly long jitter JIT, the payload PL of the fourth voice
packet 110 is only received at the time of receipt te4, at which the processing of

the payload PL of the third voice packet 110 is already complete.

Any possible desired playback (or other processing) must therefore wait until the
time of receipt te4, which leads to a pause or interruption 92 in the voice output

(processing the payload). Continuous processing is therefore not possible.

What is known as a “buffer” (jitter buffer) is used in the prior art to compensate for
these different time intervals (jitter JIT) when receiving consecutive voice packets
110 and to enable continuous voice output. With respect to voice transmission, a
defined time (wait time) is therefore waited after the payload PL of the first voice
packet 110 from the sequence 119 of voice packets 110 was received at time of

receipt te1 before further processing or voice output. This is illustrated in Figure
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1 in a second variant 91 of the voice output, in which, before the output of the
voice information of the payload PL of the first voice packet 110, at time tw, after
the receipt thereof at time te1, there is a wait of a static, fixed wait time, which is
termed a (static) buffer SJB (static jitter buffer). After the time of receipt te1 of the
first voice packet 110, there is therefore a wait for the fixed buffer SJB (in the
sense of a period of time) before playback/processing of the voice message is
started. During the buffer SJB, subsequent voice packets 110 continue to be
received and stored temporarily. This means that after the playback of the voice
information (payload PL) from the first voice packet 110, the payload (PL) of the
subsequent voice packet 110 has been received already at time of receipt te2 and
is stored temporarily, so that this subsequent voice packet can be played back
directly following the payload PL from the first voice packet 110. The same is true
for the further following voice packets 110, so that a continuous playback of the
whole transmitted voice content 1 by the receiver is possible. The term “playback”
is to be understood to be synonymous with “processing” in the sense of the
invention and should also comprise other processing of the received payload PL
from the voice packets 110 as an audible playback. Examples for this are

described below.

The (static) buffer SJB therefore effects an additional deliberate delay of the
processing (in the example described: voice output), in order to subsequently
output the voice data isochronously. Voice packets 110 which arrive later than the
delay time of the static buffer SIB can no longer be incorporated into the output
data stream. The size of the buffer SJB is added to the delay DEL. The size of the
buffer SUB therefore allows the choice between more delay (and lower packet loss
rate) or less delay (and a higher packet loss rate). If a subsequent voice packet
110 is lost in the sense that its payload PL is not yet present for processing/output
after processing/output of the payload PL of the preceding voice packet, there is

an interruption in the continuous processing/voice output.
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The following method is therefore known from the prior art:

Voice packets 110 with a defined portion of the entire voice content 1 (digital or
digitized voice content) as payload PL are created (in practice e.g. with a payload
length of 10 ms) in the transmitter (data source) and sent at the same time interval,
i.e. with the same transmission frequency. This is shown in the timeline 50 by
equidistant times of sending ts1 to ts4. The voice packets 110 arrive delayed at
the receiver (data sink) due to the delay DEL and jitter (JIT) on the transmission
channel 10. The delay DEL over the transmission channel 10 is to be considered
constant for the short period under consideration, which is applied in the context
of the invention for consecutive voice packets 110 (e.g. a radio message in a
digital radio connection), whereas the jitter JIT per voice packet 110 may be
different and is also usually within a certain jitter bandwidth. This leads to the
voice packets 110 no longer arriving at the receiver with a constant time interval
with respect to one another. This is shown in the timeline 51 by non-equidistant

times of receipt te.

In order to eliminate these temporal differences in the further processing of the
packets, audio output (voice output 90) does not take place immediately after the
arrival of the first voice packet 110 at time of receipt te1. The voice output 90 is

additionally delayed further by the buffer SJB (time of the jitter buffer) to time tw.

If one were not to do this and instead begin with the further processing
immediately upon arrival of the first voice packet, this would lead, in the above
example according to Figure 1, to a voice gap (interruption 92 during the voice
output) between the consecutive third and fourth voice packets 110, as the fourth
voice packet 110 would not yet have arrived after the voice output of the payload
PL of the third voice packet 110.
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It can clearly be seen from Figure 1 that the start of the voice output tw depends
on when the first voice packet 110 arrives at the receiver (time te1) and how large
the buffer SJB is. The start of the voice output is therefore dependent on the delay
DEL, the jitter JIT of the first voice packet of a sequence of voice packets 110 and
the length of the buffer SJB (jitter buffer). The delay DEL and the buffer SJB can
be considered to be constant in the context of normal voice transmission (e.g. as

a radio message). Jitter JIT remains as a variable influencing variable.

With respect to the use of voice over IP for the transmission of e.g. operational
ground-to-air communication between an aircraft and air traffic control, there is an
additional factor which is directly connected to jitter JIT and the delay DEL of the

voice packets: the echo.

Irrespective of the specific example, this is always true if a radio message (e.g.
from air traffic control) should be sent to an aircraft which is moving in airspace,
e.g. from air traffic control, which is monitoring the relevant airspace. The airspace
that is actually affected cannot always be covered by means of a single radio
transmission route by a single radio transmitter. Rather, in many cases, several
radio transmitters are provided (as ground stations) in a spatially distributed
manner, which send out a radio message to an aircraft in the airspace from
various locations, so that the radio receiver in the aircraft can receive the radio
message in the whole airspace. Thus, safety-relevant communication can be
realized, as is necessary e.g. in the case of ground-to-air communication in radio

operation.

The radio transmission by the radio transmitters on the ground to the radio
receivers in the aircraft essentially takes place at the speed of light. In the case
of the radio links in question here, delay differences during transmission can be
disregarded. The radio messages received by the radio receivers (which are

formed by the transmitted voice content 1) are then generally output by the radio
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receivers directly. This is common practice and is not the subject of the invention.
Usually, this radio link between radio transmitters and radio receivers is also not
realized as voice over IP transmission. With respect to the particularly preferred
embodiment of ground-to-air communication described here, the invention relates
to jitter compensation via IP-based networks, which are for transmitting a voice
message from a central source (termed a “transmitter” in the sense of a
transmitter in voice over IP transmission in this text) to a radio transmitter (termed
a “receiver’ in the sense of a receiver in voice over IP transmission in this text).
Several radio transmitters then send the voice message into the airspace by radio,

for receipt by a radio receiver on-board the aircraft.

A radio transmitter therefore receives the digital voice packets 110 via a voice
over IP connection, combines the payloads PL thereof to form the voice message
1, which is then sent out by radio in a modulated manner using conventional radio
technology. This is what is meant with “processing” of voice content contained in

the voice packets and ultimately also output of the voice content.

Also, if relevant delay fluctuations of the various transmissions of the same radio
message, which lead to an echo during playback of the same radio message via
various radio transmitters (CLIMAX operation), generally do not occur during the
actual radio transmission between radio transmitters and radio receivers, the
delays of the radio messages via the IP-based network by means of voice over
IP from the transmitter (source of the radio message) to the receiver (sink of the
radio message for the voice over IP transmission, which is the radio transmitter
for sending out the radio message via radio) are different. This leads to various
times of sending out for the same radio message by the various radio transmitters
and creates an echo during the playback of the radio message in the receiver.
The entire transmission path of the radio message from the source of the radio
message (e.g. air traffic control) to the playback after the receipt of the radio

transmission by the radio receiver is termed the radio channel, wherein the delay
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differences usually causing the echo occur during the voice over IP transmission
by means of the IP-based network and cause the echo. In this respect, radio
channel in the sense of the invention always also means transmission channel in
the general sense. The receipt (and sending) of a contiguous voice content 1 is
also termed a radio message in the described example. Accordingly, radio

message also always means voice content in the general sense.

If the voice packet 110 with identical voice content 1 is successfully transmitted
by the transmitter via two or more radio channels, the voice packet 110 is
transmitted by the transmitter as voice packet 110 via the first channel 10 and as
voice packet 210 via the second radio channel 20. Accordingly, the receiver also
receives the first voice packet 110 and the second voice packet 210 via the
respective radio channels 10, 20 with identical voice content 1 (Figure 2). The
structure of the voice packets 110 and 210 and the temporal sequence
corresponds to the preceding description with respect to Figure 1 with the voice

packets 110. The payload of the voice packets 110 and 210 is identical.

Such a transmission of a voice packet 110, 210 with identical voice content 1, on
radio channel 10 and on radio channel 20 (also termed voice packets 110, 210 to
differentiate the radio channels 10, 20) is also termed CLIMAX operation. This is
not limited to two radio channels 10, 20, but rather applies generally for several

radio channels.

CLIMAX operation (in German “Uberdeckung’/in English “overlap”) is understood
to mean the parallel and fundamentally simultaneous sending (broadcasting) of a
voice packet 110, 210 by the transmitter from several transmission locations
(radio transmitters) on the same frequency. The transmitter (as source of the radio
message) therefore makes use of several different radio transmitters at various
locations, which send out the same voice packet 110, 210 on the same radio

frequency as simultaneously as possible, so that the voice contents overlap at the
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radio receiver, insofar as the radio message sent out by radio by the various radio
transmitters is received at a (the same) receiver. This use case is a particularly

preferred application of the invention.

CLIMAX operation of this type is therefore used for example in ground-to-air
communication, in order to cover very large airspaces or regions with spatially
difficult coverage, caused for example by mountains, using one transmission
frequency. Upon receipt of the radio message 1 (i.e. of the transmitted voice
content), the pilot may be located in a region, in which they receive the voice
packets 110, 210 with the same voice content 1 from more than one radio

transmitter location.

Therefore, it must be ensured by means of suitable technical methods that the
sending out of a radio message takes place as simultaneously as possible at all
radio transmitters (according to the regulation ED-137, within 10ms), in order to

prevent the occurrence of an echo of the radio message for the pilot.

Figure 2 actually shows a situation, in which a radio message starting from a
central transmitter (as source of the radio message) is sent out by sending out
four voice packets 110 on a first radio channel 10 and four voice packets 210 on
a second radio channel 20, in each case via a voice over |IP connection, wherein
the four voice packets 110 and the four voice packets 210 have identical voice
content 1. The voice packets should be processed simultaneously in the receiver.
In the particularly preferred use case of CLIMAX operation described here, this
means that several receivers are provided, which respectively have one radio
transmitter, which broadcasts received voice packets 110, 210 by radio via the
voice over IP connection for receipt by one radio receiver. So that no echoes
occur at the radio receiver, the voice packets 110, 120 received via the voice over

IP connection should be sent out simultaneously by each radio transmitter (which
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corresponds to one receiver of the voice over IP connection in each case) at the

various radio transmitter locations.

It can be seen in this example that the delay DEL from the transmitter to the
receiver on the radio channel 20 is longer than to the receiver on radio channel
10. The differences in the delay occur owing to different interferences or
properties in the radio channels 10, 20 (or more generally transmission channels
10, 20). This (different) delay DEL in the respective radio channel 10, 20 is to be
understood as constant for the given short period under consideration of a radio
message, so these differences in the delay can be termed static delay differences.
In principle, these can also be determined, for example from the current positions
of transmitter and receiver on the respective radio channel 10, 20 (delay
differences owing to different distance) or by determining interferences, e.g. in the

context of connection set-up on the radio channel 10, 20.

Thus, solely owing to the different delay DEL of the voice packets 110, 210 on the
various radio channels 10, 20, there are different times of output tw of the identical
voice content 1 at the receiver owing to the transmission of the same voice packet
110, 210 via the various radio channels 10, 20, namely the time of output tw(10)

on radio channel 10 and the time of output tw(20) on the radio channel 20.

In the preferred use case, the time of output ta at the receiver means the sending
out of the voice content by the radio transmitter. The voice content 1 is then only
output at the radio receiver as analogue speech. Sending out the voice content
via radio then leads to an undesirable echo in the (analogue) playback of the voice
information by the radio receiver. Therefore, the entire system for processing the
voice packets during and after the receipt via the IP-based network connection
(voice over IP) can be understood as a receiver in the sense of the invention. In
the example case described, this is therefore the system made up of the radio

transmitter (as receiver of the voice packets via the voice over IP connection) and
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the output (in the sense of further processing), here by sending out the voice
information via radio and receiving by the radio receiver, which then outputs the
voice content in an audible manner. The radio link (in the sense of a further
processing of the received voice packets for output at the end of the radio link),
which is downstream of the receiver, in practice no longer leads to (new or further)
delay differences on the various radio channels. In the following, only the
behaviour during voice over IP transmission via the IP-based network is
considered, irrespective of whether a direct (analogue) voice output takes place
directly after the voice over IP transmission or only after subsequent radio

transmission between radio transmitter and radio receiver.

A function named “Dynamic Delay Compensation (DDC)” is described in the
standard ED-137 in order to compensate static delay differences from the
transmitter to the receiver via various transmission or radio channels 10, 20. Here,
the different values of the delay DEL are adjusted in such a manner for the various
channels 10, 20 by an additional delay correction DDC, that the sending out on
the “fast” radio channels 10 is delayed by the delay correction DDC, until it
corresponds to the delay DEL on the “slow” radio channels 20. This delay due to
the delay correction DDC is termed dynamic delay compensation. This delay
correction can be realized by a delayed sending out at the transmitter location of
the “faster” radio channel 10, that is to say in the region of the transmitter, or by
a wait time during the processing of the voice information by the receiver,
analogous to the buffer. The delay difference may be known and/or calculable
and correspondingly applied in the transmitter or receiver. The delay difference
may even be determined and applied during a connection period by the receiver

in the previously described manner.

The result of applying the delay correction is shown in Figure 3 for the case
according to Figure 2. Therefore, as a result, the sum of the actual delay of the

voice packet 110, 210 and — if present — the delay correction DDC is the same for
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each radio channel 10, 20. The occurrence of the echo is then no longer

dependent on the different delay DEL.

However, Figure 3 makes it clear that even the jitter JIT, i.e. the arrival time of the
voice packets 110, 210 varies for each radio channel 10, 20 (transmission
channel). It is not difficult to see that, during CLIMAX operation of radio channels
10 and 20, owing to the delay differences, there would also be problems with
echo, for which only the different jitter JIT is responsible. This also leads to
different times of output tw(10) via radio channel 10 and tw(20) via radio channel

20 for the identical voice content 1.

As before, the time of receipt te1 of the first voice packet 110, 210 from a
sequence 119 (cf. Figure 1) determines the start of the voice output tw. If the first
voice packet 210 arrives at an early time when considered relative to the voice
packet 110 (i.e. the current jitter is smaller for this voice packet 210), the voice
playback begins earlier. If the first voice packet 110 arrives at a late time when
considered relatively (i.e. the current jitter is larger for this voice packet 110), the
voice playback begins later, wherein “voice playback” or “voice output” also

means re-sending out by radio.

This problem is not taken into consideration in the ED-137 standard by the delay

correction when using several radio or transmission channels.

However, this problem is overcome by means of the proposed method for dynamic
jitter compensation by means of a dynamic buffer. It is achieved that the start of
the voice output tw of a radio message (or a sequence 119 of voice packets 110,
210) is no longer dependent on the jitter of the first voice packet 110, 210 of the

sequence 119 of voice packets.
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This is achieved according to the invention, in that the actual time of receipt
(synonymous with the actual jitter) is determined for the first voice packet 110,
210 of a sequence 119 of voice packets 110, 210 representing the voice message
(i.e. the voice information 1) and the buffer is fixed (in the sense of determined or
specified) as a dynamic buffer DJB as a function of the actual time of receipt
(synonymous with the actual jitter). The temporal length of the dynamic buffer is
fixed to be dependent on the actual jitter in such a manner that the time period

made up of jitter JIT and dynamic buffer DJB is constant.

This is illustrated in Figure 4 for the temporal sequences described in Figures 2
and 3. Instead of a fixed buffer SJB according to Figure 2 or 3, according to the
invention there is the dynamic buffer DJB, which is orientated dynamically on the
jitter (jitter value, actual time of receipt) of the first voice packet 110, 210 of the
radio message or the voice content 1. If the first voice packet 110, 210 comes
early when considered relatively (low jitter value), this leads to a temporally longer
buffer DJB. The sum of the actual jitter JIT (jitter value in the sense of the random
time of receipt with respect to no jitter or the shortest jitter that occurs) and the
dynamic buffer DJB is therefore constant according to the invention. Receipt here

means the receipt in the voice over IP transmission.

If one then considers several radio messages 1, 2, 3, 4 on various radio channels
10, 20, one can see in Figure 5 that the actual jitter JIT for each radio message
1, 2, 3, 4 and each radio channel 10, 20, is different.

Nonetheless, the start of the voice output tw is the same for all radio messages
1, 2, 3, 4 within a radio channel 10, 20 and for all radio messages 1, 2, 3, 4 on all
radio channels 10, 20. The further processing of the voice packets therefore takes
place simultaneously for all radio messages and for all of the transmission

channels.
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Upon arrival of the first voice packet 111, 211 of a sequence 119 of voice packets
110, 210 (that is to say e.g. one of the radio messages 1, 2, 3, 4), the challenge
when implementing the invention consists in detecting how high the actual jitter
of this first voice packet 111, 211 actually is, or expressed differently, how large
the relative packet transmission duration of this first voice packet 111, 211 is with
respect to the total occurring random temporal fluctuations between the times of
receipt of voice packets (jitter) during receipt of voice content via IP-based
networks. Therefore, it must be determined quantitatively, whether the first voice
packet 111, 211, which fixes the length of the buffer DJB, arrived early or late,

when considered relatively.

This functionality is not known in a “normal” voice over IP application and is also
not described in the ED-137 standard. Whenever a voice over IP connection (in
the sense of a transmission of analogue voice contents 1, 2, 3, 4 via an |IP-based
network) between a source (transmitter) and a sink (receiver) is not set up for the
first time when a sequence 119 of voice packets 110, 210 with the voice content
represent digitized voice data (payload PL) should be broadcast, but rather a
connection exists over a certain connection period, in which several (separate)
voice contents (radio messages) 1, 2, 3, 4 should be transmitted, it is possible to
determine the actual jitter of a first voice packet 111, 211 of the sequence 119 of
voice packets 110, 210. This is possible for example in the case of telephone calls
by means of voice over IP connections, if a connection is set up (permanently) for
the duration of the telephone call, but in pauses in the conversation, no voice
packets with voice content 110, 210, but rather voice packets without voice
content 120 used for maintaining the connection are transmitted. As soon as new
voice content 1, 2, 3, 4 is transmitted, a new dynamic buffer DJB in the sense of

the invention is established.

A further use case is radio connections, for example in ground-to-air

communication, in which it is important that the connection exists permanently,
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because messages have to be transmitted fast. A new connection set-up for each
radio message 1, 2, 3, 4 would take too long and holds too many risks. A radio
connection of this type may for example be developed according to the ED-137
standard. An application of this type is described in detail below. The invention is
not limited to this however, but rather can be used in all applications in which a
connection for voice communication exists over a relatively long time

(permanently).

In the context of a use according to the ED-137 standard, a permanent voice over
IP connection exists in the IP-based network, during which voice packets 110,
120, 210 are constantly transmitted in RTP format for each radio channel 10, 20,
which are used both for voice transmission and maintaining the connection. This
is illustrated in Figure 6 for a connection period 30 and the radio channel 10, in
which three radio messages 1, 2, 3 (with voice content in digitized form, that is to
say voice data) are illustrated by way of example, wherein the three points
indicate that not all radio messages 1, 2, 3, 4 and voice packets 110, 111, 120
are illustrated. The radio messages 1, 2, 3 in each case contain voice packets
110 with voice content, i.e. with header H and payload PL and form a sequence
119 of voice packets. The same applies analogously for the further radio channels
20.

If no radio message 1, 2, 3, is currently being transmitted, “empty” voice packets
120 without voice content are transmitted, which do not have any voice data
(payload PL) and only have a header H. The sending out of the voice packets

110, 120 preferably takes place at a predetermined sending clock rate.

The first voice packet 111 of a sequence of voice packets 110, which form a radio
message 1, 2, 3, is in each case a distinguished voice packet 111, which is
distinguished in that this voice packet is the first voice packet 110 with voice

content, which follows one or more voice packets 120 without voice content and
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therefore indicates the start of a new radio message 1, 2, 3. For this first voice
packet 111 with voice content of a sequence of voice packets, the actual time of
receipt (i.e. the actual jitter) of this voice packet 111 is determined by comparing
the time information in the received voice packet 111 with the receiver time upon
receipt. The buffer DJB (dynamic buffer/jitter buffer) according to the invention is

determined as a function of the actual time of receipt.

With the aid of this permanent connection during the connection period 30 and
the voice packets 110, 120 exchanged during the connection period 30, it is
possible, in a simple manner, to determine the shortest packet delay, when
considered relatively, and thus to calculate the actual jitter in the receiver. If, upon
arrival of the first voice packet 111 to be played back of a sequence 119 of voice
packets 110, it is then known what actual jitter (jitter value) or time of receipt this
first voice packet 111 has, the delay time until the start of the playback of the voice
packet (i.e. the buffer DJB according to the invention) can be dynamically adjusted

accordingly.

The procedure according to the invention therefore consists of two functional

parts:

o PartA
Determining the minimum packet delay between transmitter (data source)
and receiver (data sink) during the transmission via the IP-based network
(voice over IP)

e PartB:
Delaying the first voice packet 111 of a radio message 1, 2, 3 (sequence 119
of voice packets) by dynamically adjusting the buffer DJB (in the sense of the

size of the buffer)



10

15

20

25

30

WO 2023/281068 PCT/EP2022/069098

-39 -

These two parts operate independently of one another are both executed

constantly. The procedure is presented in detail in the following:

Part A

The voice packets 110, 120 are created by the transmitter (data source) according
to the ED-137 standard and labelled as RTP packets. The sampling instant of the
first voice sample is entered in the RTP header H as a timestamp (Trtp). This is
adopted as the time of sending ts of the voice packet 110 (also RTP packet).
Sampling of the voice content 1 is understood to mean sampling analogue voice
content 1 with a sampling frequency, for example 8 kHz, during which a digital
value is respectively assigned to the voice content 1, that is to say the digitization
of the voice content as voice data and the division into packets (payload PL) take

place.

After the sampling, the voice packet 110 is transmitted via the IP-based network
to the data sink by means of voice over IP, wherein the payload PL is also
appended to the header H. The relative or actual time of sending out for the voice
packet 110 at the transmitter is therefore given by the sum of the timestamp Trtp
(time of sending ts) and the length or duration TPS of the payload PL (that is to
say the temporal length or size of the voice data contained). For an RTP packet,
the length or duration of the payload PL may also be termed RTPr. and may in

practice be e.g. 10ms.

For voice packets 120 without voice content (also termed R2S packets), the
duration of the sampling is omitted, i.e. the R2S packet is shorter by the length or
duration TPS of the payload PL (termed RTPr. for RTP packets). In voice packets
120 without voice content, the timestamp Trrp therefore directly corresponds to

the time of sending (time of sending ta). This difference in the two types of voice
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packets 110, 120 is in fact taken into account in that the receiver time is
standardized to voice packets 120 without voice content or correlates with the
same and the expected time of receipt is correspondingly corrected by the

duration of the payload RTPe..

A timer (receiver clock Treceiver, termed Tsivk in the following) runs in the receiver
(data sink) with the same nominal frequency as a timer of the transmitter
(transmitter clock of the data source). In other words, the clocks (timers) of
transmitter and receiver run at the same speed for the time periods considered in
the context of the invention of the order of magnitude of a radio message. Over
longer times, design-mediated deviations of the timers of sink and receiver result,
which are corrected automatically according to preferred embodiments of the
invention. This has already been described and is also shown once more in the

algorithms according to Figures 7 and 9, which are described below.

After the set-up of a session (in the sense of a connection of transmitter and
receiver, which is maintained for the connection period 30), the timer Tsink is set
to the time value Trre + RTPrL of the first arrived voice packet 110 with voice
content (RTP packet) or the first arrived voice packet 120 without voice content
(R2S packet), where RTPr. = 0 applies for a voice packet 120 without voice
content. Thus, the time which is required for the sampling of the voice packet 110
for the payload PL, i.e. the duration RTPe. is included. This in fact corresponds to
a standardization of the receiver clock to the transmitter clock with respect to the

delay of voice packets 120 without voice content.

As aresult, after the receipt of a voice first packet, termed the initial packet, during
a connection period on a transmission channel of the voice packet, the receiver,
a receiver clock is therefore initialized using a transmitter time by means of the
time information in the initial packet, so that the receiver time correlates with the

transmitter time when sending out the voice packet.
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From then on, the times (timer values) Trre + RTPp. of the arriving RTP and R2S
packets, i.e. the timestamp Tr7ep Of the voice packet 110, 120 (if appropriate
corrected by the duration of the payload RTPr. for voice packets 110 with voice
content) are compared with the receiver time (timer value of the timer in the sink)
upon receipt of the voice packet, in order to determine a minimum relative packet

transmission duration.

Algorithmically, this can be achieved as follows:

The start 300 of the algorithm shown in Figure 7 begins after the establishment of
the set-up 301 of a session and the receipt 302 of a first voice packet 110, 120
after the set-up of the session with the setting 303 of the receiver time Tsivk = Tr7p
+ RTPp.. Thus, the receiver time Tsvk is correlated with the transmitter time
Tsource at the time of sending ts of the voice packet 110, 120, which is entered
in the header H of the voice packet 110, 120, i.e. Tsource at the time ts is Trrr. A
possible duration of the payload RTPe.for a voice packet 110 with voice content

1 is corrected.

Within an adjustable interval Ti(e.g. imax is equal to 100 or 200 voice packets)
during the connection duration 30, the following processing is carried out after
every receipt 304 of a voice packet 110, 120 (RTP or R2S packet).

At the start of each interval Ti, a variable Tmv is set to the value -MAXurrer, €.9.
-200, wherein MAXu7Ter specifies a maximum delay of the time of receipt, which
must be taken into account. This corresponds to the maximum jitter that occurs.
The time is specified as values without a unit of measure in this case. For
example, a unit of measure may be 125us (1/8 kHz), i.e. the sampling time.

However, the invention also functions with any desired other sampling times.
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First step 305:

Within an interval T;, the deviation of the actual time of receipt at the receiver
(sink) is then calculated for each voice packet 110, 120 (RTP packet, R2S packet).
This takes place in principle by means of the formation of the difference delta of
the actual time of transmission (for voice packets 120 without voice content, R2S
packets: timestamp Tr7e, as RTPr. = 0; for voice packets 110 without voice
content, RTP packets: timestamp Trrp + RTPr.) and the receiver time (timer

Tsink):

delta = Trre + RTPprL — Tsink

where RTPp. = 0 applies for voice packets 120 without voice content (R2S

packets).

This is based on the following idea. After the described initialization of the receiver
time, the difference delta is equal to zero, if the jitter upon receipt of the voice
packet 110, 120 for initializing the receiver time and upon receipt of the currently
considered voice packet 110, 120 was equal, as the correlation of the receiver

time corresponds exactly to the transmitter time plus the delay and the jitter.

If delta is greater than zero, the current voice packet 110, 120 was faster than the
hitherto fastest voice packet, which formed the basis of the initialization or later
adjustment of the receiver time. If, on the other hand, delta is less than zero, the
current voice packet 110, 120 was slower than the voice packet which forms the

basis of the receiver time.

In this respect, the receiver time (here: Tsink) is therefore in each case compared
with the time information, contained in the header H of the subsequent voice

packet 110, 120, for the transmitter time (here: Tr7r plus, if appropriate, + RTPeL)
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when sending out the voice packet 110, 120, and a relative packet transmission
duration is determined relative to the receiver time, which corresponds to the

value delta.

Second step 306:

Therefore, the fastest relative voice packet 110, 120 during the connection period

30 can be determined in principle as a result.

According to an actual embodiment, it is additionally proposed that initially, in
each interval Ti, the voice packet 110, 120 with the shortest relative delay (that is
to say with the lowest relative jitter) is found by comparing the variable Twmwv with
delta. To this end, the variable Twn, which is set at the start of each interval Ti to
the highest relative jitter value (Twmv =-MAXut7eR) Iin principle, which is absolutely
conceivable or is never reached in practice, is set to the value of delfa, if a voice
packet 110, 120 with a shorter relative delay is found in the interval T;, that is to

say Tmiv < delta applies.
When the measurement interval T; ends, Twminv therefore specifies the shortest
relative delay of a voice packet 110, 120 that has occurred in the measurement

interval Ti.

A resultant minimum relative packet transmission duration is stored temporarily

as Twmn, until the interval Ti ends.

Third step 308:

After the or each interval T; ends 307, the receiver time Tsink is adjusted in such
a manner as a function of the temporarily stored minimum relative packet

transmission duration Twmiv that the receiver time Tsink correlates with the
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transmitter time Tsource when sending out the voice packet with the minimum

relative packet transmission duration.

This can be realized algorithmically using the following steps:

If the request 309 Twmw is greater than zero, this means that within the last interval
Ti, at least one voice packet 110, 120 with shorter jitter JIT (i.e. shorter packet
transmission time, delay) than hitherto has arrived. In this case, the receiver time
(timer of the data sink, Tsink) is corrected as follows (correction 312 of the receiver

time): Tsink = Tsink + Ta.

As a result, the receiver time is therefore advanced by the value Tuiv. The time or
timer correction described here is used to synchronize the receiver clock (timer of
the sink) to the fastest voice packet 110, 120 within the interval Ti or the entire
connection period 30, i.e. the transmitter time and the receiver time are equal for the
time of sending and the time of receipt for a voice packet with the shortest jitter JIT

that occurs, i.e. the shortest occurring packet transmission time until the receipt.

In the example presented, the adjustment of the receiver time as a function of the
temporarily stored minimum relative packet transmission duration therefore takes
place in such a manner that the receiver time is set back by the minimum relative
packet transmission duration, if this indicates that a voice packet with a shorter
packet transmission time was received. This takes place in a simple and reliable
manner using the embodiment described here. However, other implementations
are also conceivable, for example, that at least a certain number of faster packets
must occur in the measurement interval before a correction of the receiver time is

undertaken. Random measurement errors can be compensated as a result.

If Tmivis equal to O, this means that within the last measurement interval T;, at

least one voice packet 110, 120 with the same (shortest) jitter JIT (i.e. shortest
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packet transmission time, delay) as hitherto has arrived. In this case, the receiver

time (timer of the data sink, Tsink) is not corrected, but rather remains unchanged.

If the request 310 Tmivis less than O, this means that within the last measurement
interval Ti, no voice packet with a shorter or the same jitter (packet transmission
time, delay) as hitherto has arrived during the connection period 30. In this case,
the receiver time (timer of the data sink, Tsink) is corrected as follows:
Tsink = Tsink + (Tuinv/ G),

where G is a weighting factor.

Due to the weighting 311 of Tmw, the receiver time is corrected as a function of
the temporarily stored minimum relative packet transmission duration Tammw in such
a manner that the receiver time is set back if the temporarily stored minimum
relative packet transmission duration indicates that only voice packets with a
longer packet transmission duration were received, wherein the receiver time is
set back by a defined or definable duration. The receiver time or timer correction
described here is used such that the receiver clock is not corrected exclusively in
the direction of faster voice packets 110, 102 (with shorter jitter JIT). A correction
is also sensible for the opposite direction (only slower voice packets 110, 102 are
received over a relatively long time). Thus, the fact may be taken into account, for
example that the clocks at the source and sink are not running at exactly the same

speed (particularly in the case of a relatively long connection period 30).

Also, itis automatically taken into account that due to a change in the transmission
route (i.e. in particular changes in the transmission channel 10) all voice packets
110, 120 arrive later and the previously achieved value of the fastest voice packet

110, 120 (with the shortest jitter JIT) is therefore no longer valid.
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The correction method described here takes this into account, in that the receiver
time is corrected with a weighting factor (for example a weighting factor 3 is set),
if “slower” packets occur exclusively in the measurement interval. Other
implementation variants are also conceivable and possible, e.g. the correction by
a fixed value or a different weighting factor, preferably in a range between 1 and

10, but also beyond that, if necessary.

This determination of the minimum relative packet transmission duration takes
place for voice packets without voice content and voice packets with voice
content, wherein the different length of the various voice packets is preferably

corrected according to the invention.

After these preceding steps have been carried out, the counter “/ for the
measurement interval T; and Tmv=-MAXurTer is set back in a re-initialization 313

of the interval Ti.

Using the described method and algorithm, it is possible to determine the relative
minimum packet delay of a voice packet by means of the receiver time Tsivk. This

can be carried out completely in the receiver.

The various previously described steps can also be read on the basis of the flow
chart for the initialization of the receiver clock and the determination of a minimum
relative packet transmission duration according to Figure 7. The individual steps
of the described method procedure can be understood on the basis of the
example log file, an extract of which is illustrated in Figure 8. For the sake of
clarity, the interval T;for this log file has 10 voice packets and will be considerably
larger in real practice, for example 100 or 200 voice packets, and can be fixed by
the person skilled in the art in a suitable manner. The weighting factor applied by

way of example in the second part of the log file was 3. The “measurement
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interval” according to Fig. 8 is synonymous with the previously described interval
Ti.

Part B

After the initialization and adjustment of the receiver time by determining the
minimum packet delay between transmitter (data source) and receiver (data sink),
which preferably takes place continuously during a connection period 30 after the
set-up of a connection between transmitter and receiver by evaluating the
received voice packets 110, 120 with and without voice content according to
Figure 7, voice packets 110, 120 are exchanged permanently according to the

ED-137 standard until the connection between transmitter and receiver ends.

According to the method described in Figure 9, the start 400 of which also takes
place with the set-up of a session 401 and which according to the invention can
in principle run in parallel with the method illustrated in Figure 7, the buffer DJB
proposed according to the invention is determined as a dynamic jitter buffer as a

function of the actual time of receipt of a voice packet.

Normally, during the connection period 30, voice packets 110 with voice content
are then transmitted if a radio message 1, 2, 3, 4 should be sent out. The voice
packets 120 without voice content are used for line monitoring of the radio channel
10, 20, for the time in which, during the connection period 30, no active radio
transmission takes place (cf. Figure 6). The field PT (Payload Type), which
indicates the type of the voice packet 110, 120, is located in the header H of the
voice packets 110 with voice content (RTP packet) and the voice packets 120
without voice content (R2S packet), as is defined as a header extension in the
ED-137 Standard. A further PTT type field determines whether the voice contents
should be broadcast via the flight radio transmitter. If this is set to PTT # 0, the

receiver is notified that voice content is transmitted with this voice packet 110. If,
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by contrast, the PTT type field is set to PTT = 0, the receiver is notified that this
voice packet 120 is transmitted without voice content. During normal operation,
therefore, voice packets 120 without voice content are sent with PTToff (PTT = 0)
and voice packets 110 with voice content are sent with PTTon (PTT # 0). A change
from PTToff to PTTon therefore indicates the start of a radio message 1, 2, 3, 4.
A change from PTTon to PTToff therefore indicates the end of a radio message
1,23, 4

In order to detect such a change, according to Figure 9, the PTT type fields of two
consecutive voice packets 110, 120 are evaluated in each case, wherein a
variable PTTocp indicates which PPT type the preceding voice packet 110, 120
had, and the variable PTT indicates which PTT the current voice packet 110, 120

(or in other words the voice packet following the preceding voice packet) has.

Therefore, if initially voice packets 120 with PTToff are received and at a time, a
voice packet 110 with PTTon is received, then this voice packet is the first voice
packet 111 of a new radio message 1, 2, 3, 4. This voice packet 111 is then
delayed by a dynamic buffer DJB as a function of the relative time of receipt
according to the time of the receiver at receipt relative to the time information in
the header H of the voice packet 111 for sending out the voice packet 111, until

the receiver starts playing back the voice content 1, 2, 3, 4 (or the radio message).

After the start 400 and in the case of a set-up session 401, first the initialization
402 of the variable PTTorp to the value PTToLp = PTTorr takes place. According to
the invention, the receiver determines the value of the variable PTT as PTToff or
PTTon upon receipt 403 of each voice packet 110, 120. By querying 404 the
variables PTToLp and PTT, it is determined whether the voice packet is a first voice
packet 111 with voice content after at least one voice packet 120 without voice
content, for example by means of the query PTT = PPTon && PTTop = PPTor. If

this is not the case, the value of the variable PTTowp is set to the value of the
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variable PTT (step 410) and the receipt of a new voice packet 110, 120 is

expected.

If this is actually a first voice packet 111 with voice content after a preceding voice
packet 120 without voice content, the time of receipt of this first voice packet 111
is determined by comparing the time information in the received voice packet 111
with the receiver time upon receipt. Subsequently, the (dynamic) buffer DJB

according to the invention is determined as a function of the actual time of receipt.

According to a preferred embodiment, this functions for example using the

procedure described below:

In the case of a voice packet 111, a difference delfaJB is determined 405 of the
actual time of receipt Trre + RTPrL from the receiver time Tsivk, which indicates
the expected time of receipt for a voice packet 110 with voice content with the
hitherto shortest jitter that has occurred:

deltaJB = Trrp + RTPpL — Tsink

In the case of a voice packet 120 without voice content, which should not occur

at all in this method step, the duration of the payload would be RTPp.=0.

This is in accordance with the determination of the relative packet transmission

duration 305 by the difference delta according to Figure 7.

Subsequently, a querying 406 of the difference deltaJB takes place. If deltaJB is
greater than zero (deltaJB > 0; query 406 %), this means that the voice packet
111 has a shorter relative packet transmission time (that is to say with lower jitter)
than had hitherto been found during the adjustment of the receiver time according
to Part A. Then, the playback of the voice content 1, 2, 3, 4 (radio message)

should be delayed by the full length of the predefined maximum buffer
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(Defaultjitterbuffersize; e.g. 160), which was fixed for the voice packets with the
shortest possible jitter JIT beforehand by the person skilled in the art in a suitable
manner (setting 407 the buffer DJB to the maximum size MAX =
Defaultjitterbuffersize):

DJB = MAX

DJB in this case describes the buffer, i.e. the size or temporal length of the buffer.

If deltadB is less than zero (that is to say delfaJB < O; query 406 “n”), this means
that the voice packet 111 has a longer relative packet transmission time (that is
to say with higher jitter) than had hitherto been found during the adjustment of the
receiver time according to Part A. Then, the playback of the voice content 1, 2, 3,
4 (radio message) should not be delayed by the full length of the predefined
maximum buffer (Defaultjitterbuffersize = MAX). The dynamic buffer DJB
according to the invention is reduced by the deviation from the shortest delay (that
is to say deltadB: setting 408 of the buffer DJB to a reduced size RED):

DJB = Defaultjitterbuffersize — | deltaJB |

| deltadB | here describes the (positive) value of the inherently negative variable
deltaJB.

Should the size of the buffer DJB become less than zero, JBsize = 0 is set (zeroing
409 the buffer DJB.

Also, after that, the value of the variable PTToip = PPT is set to the value of the
variable PTT (step 410) and the receipt of a new voice packet 110, 120 is

expected.
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The various previously described steps can also be read on the basis of the flow
chart for delaying the first voice packet 111 of a radio message 1, 2, 3, 4
(sequence 119 of voice packets) by dynamically adjusting the buffer DJB
according to Figure 9. The individual steps of the described method procedure
can be understood from the example log file, an extract of which is illustrated in
Figure 10. The third voice packet illustrated is the first voice packet 110 with voice
content (PTTon = 1). As this packet is too late by 7 time units, when considered
relatively (deltaJB=delta=-7), the predefined maximum buffer
(Defaultjitterbuffersize=160) is reduced to 153 according to the calculation 160 -
7 =153.

Reference List:

Voice content, radio message
Voice content, radio message
Voice content, radio message

Voice content, radio message

= N W N =

0 First transmission channel of the IP-based network
20 Second transmission channel of the IP-based network

30 Connection period

50  Timeline during sending

51 Timeline on the transmission channel

90 Second variant of the voice output

91 First variant of the voice output

92 Interruption during the voice output

110 Voice packet with voice content on the first transmission channel
111  First voice packet with voice content

119 Sequence of voice packets

120 Voice packet without voice content
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211
230

300
301
302
303
304
305
306

307
308
309
310
311
312
313

400
401
402
403
404

407
408
409
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Voice packet with voice content on the second transmission channel
First voice packet with voice content

Packet transmission time or duration

Start of the algorithm for determining the minimum packet delay
Set-up of a session

Receipt of a first voice packet after the set-up of the session
Setting the receiver time

Receipt of a voice packet

First step: Determining the relative packet transmission duration
Second step: Determining the voice packet with minimum relative packet
transmission duration

Checking for the end of the interval

Third step: Adjusting the receiver time

Query if Twiv greater than zero

Query if Tmiv less than zero

Weighting of Tminv

Correction of the receiver time

Re-initialization of the interval

Start of the algorithm for fixing the dynamic buffer
Set-up of a session

Initializing the variable PTTocp

Receipt of a voice packet

Querying the variables PTTowp and PTT

Setting the buffer DJB to the maximum size
Setting the buffer DJB to a reduced size
Zeroing the buffer DJB
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DEL
JIT

SJB
DJB
TPS
DDC
TWD

PPT
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Header of a voice packet (communication control)

Payload (voice content as digitized voice data)

Delay of the voice packet on the transmission channel (delay)

Jitter (random temporal fluctuations between times of receipt of voice
packets)

Static buffer (jitter buffer) (prior art)

Dynamic buffer (jitter buffer) (invention)

Length of the payload (duration of sending out the payload)

Additional delay correction for various transmission channels

Time period from the sending out of the first voice packet until the start of
the processing

PTT field of the current voice packet

PPToLp PPT of the preceding voice packet

Tsink

Receiver time

Tsource Transmitter time

delta

Difference of the actual time of receipt and the receiver time

deltaJB Difference of the actual time of receipt and the receiver time

ts
ta
te

tw

Time of sending of the voice packet
Actual time of transmission (time of sending out)
Time of receipt of the voice packet

Start of the voice output (time of output or time of processing)
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Claims:

1. A method for jitter compensation of random temporal fluctuations, which
are termed jitter (JIT), between the times of receipt (te) of voice packets (110,
120; 210) when receiving voice content (1, 2, 3, 4) via IP-based networks, in which
a sequence of digital voice packets (110, 120; 210) with or without voice content
(1, 2, 3, 4) is received by a receiver for processing voice content (1, 2, 3 4)

contained in the voice packets (110, 120; 210),

a voice packet (110; 210) with voice content having a section, termed the
header (H), with data for communication control and a section, termed the payload

(PL), with digital voice data from part of the voice content (1, 2, 3, 4),

a voice packet (120) without voice content having the header (H) without

the payload,

at least one piece of time information of a transmitter time of a transmitter,
which indicates the time of sending (ts) of the voice packet (110, 120; 210), being
contained in the voice packet (110, 120; 210), and

the receiver waiting to process the voice content (1, 2, 3, 4) for a wait time,
termed a buffer (DJB), after receiving a first voice packet (111) with voice content
(1, 2, 3, 4),

characterized

in that, after the receipt of a first voice packet (110, 120; 210), termed the

initial packet, during a connection period (30) on a transmission channel (10, 20)
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of the voice packet (110, 120; 210), the receiver initializes a receiver clock using
a transmitter time by means of the time information in the initial packet, so that
the receiver time correlates with the transmitter time when sending out the voice
packet (110, 120; 210),

in that the receiver determines a minimum relative packet transmission
duration (delta) after the receiver clock has been initialized, in that during the
receipt of subsequent voice packets (110, 120; 210) in each case,

e the receiver time is compared with the time information, which is contained
in the header (H) of the subsequent voice packet (110, 120; 210), at the
transmitter time when the voice packet was sent out and a relative packet
transmission duration (delta) is determined relative to the receiver time,

e a resultant minimum relative packet transmission duration (delfa) is
temporarily stored, and

e the receiver time dependent on the temporarily stored minimum relative
packet transmission duration (delta) is adjusted in such a manner that the
receiver time correlates with the transmitter time when sending out the
voice packet (110, 120; 210) with the minimum relative packet transmission

duration,

in that, when receiving a first voice packet (111) with voice content after at
least one voice packet (120) without voice content, the receiver determines the
actual time of receipt of this voice packet by comparing (defltaJB) the time
information in the received voice packet (111) with the receiver time at receipt and

determines the buffer (DJB) as a function of the actual time of receipt.

2. The method according to claim 1, characterized in that during the
initialization of the receiver clock and during the determination of the relative

packet transmission duration (delta), a different length of voice packets (110; 210)
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with voice content and voice packets (120) without voice content is taken into

account.

3. The method according to claim 1 or 2, characterized in that the
determination of the minimum packet transmission duration (delta) takes place at

multiple intervals during the connection period (30).

4, The method according to one of the preceding claims, characterized in
that the adjustment of the receiver time as a function of the temporarily stored
minimum relative packet transmission duration (delta) takes place in such a
manner that the receiver time is advanced by the minimum relative packet
transmission duration (delfa), if this indicates that a voice packet (110, 120; 210)

with a shorter packet transmission time was received.

5. The method according to the preceding claims, characterized in that the
adjustment of the receiver time as a function of the temporarily stored minimum
relative packet transmission duration (delta) takes place in such a manner that
the receiver time is set back if the temporarily stored minimum relative packet
transmission duration (delta) indicates that only voice packets with a longer
packet transmission duration were received, wherein the receiver time is set back

by a defined or definable duration.

6. The method according to one of the preceding claims, characterized in
that the determination of the minimum relative packet transmission duration
(delta) takes place for voice packets (120) without voice content and voice

packets (110; 210) with voice content.

7. The method according to one of the preceding claims, characterized in
that the buffer (DJB), starting from a maximum buffer, adjusts a maximum jitter to

be taken into account on the basis of a delay to receipt (delfadB) resulting from
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the comparison of the time information in the first voice packet (111) with voice

content and the receiver time when this first voice packet (111) is received.

8. The method according to one of the preceding claims, characterized in
that the voice packet (110; 210) with identical voice content is received by the
receiver via a plurality of different transmission channels (10, 20), wherein a
correction of the delay (DDC) of the voice packets (110, 210) with identical voice

content via the various transmission channels is applied by the receiver.

9. A receiver for receiving digital voice packets (110, 120; 210) via IP-based
networks and for processing voice content (1, 2, 3, 4) contained in the voice
packets (110; 210)

having a receiving unit, which can be connected to the IP-based network
and is set up for receiving voice packets (110, 120; 210) transmitted via the IP-

based network, and

having an arithmetic logic unit with receiver clock, which is set up to

process the received voice packets (110, 120; 210),

characterized in that the arithmetic logic unit is set up to execute the method for
jitter compensation according to one of claims 1 to 8, when receiving and

processing the voice content (1, 2, 3, 4).

10.  The receiver according to claim 9, characterized in that the receiver is set
up to receive the voice packet (110; 210) with the identical voice content via a
plurality of different transmission channels (10, 20) and to apply the method
according to Claim 8 in the process, wherein the arithmetic logic unit is set up to

process the voice content (1, 2, 3, 4) from the received voice packets (110, 120)
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(110, 120; 210) with the identical voice content from a plurality of the various

transmission channels (10, 20).

11. A method for sending and receiving voice content,

in which a transmitter converts voice content (1, 2, 3, 4) into a sequence of
digital voice packets (110, 120; 210) with or without voice content, a voice packet
(110; 210) with voice content having a section, termed the header (H), with data
for communication control and a section, termed the payload (PL), with voice data
digitized from part of the voice content (1, 2, 3, 4) and a voice packet (120) without
voice content having the header (H) without the payload, and each voice packet
(110, 120; 210), particularly the header (H) of the voice packet (110, 120; 210),
containing at least one piece of time information of a transmitter time, which
indicates the time of sending (ts) of the voice packet (110, 120; 210), and sends
out the sequence of the voice packets (110, 120; 210) via at least one

transmission channel (10, 20) of an IP-based network, and

in which a receiver receives the sequence of digital voice packets (110,
120; 210) with or without voice content and processes the voice content (1, 2, 3,
4),

characterized in that the method according to one of claims 1 to 8 is applied in

the receiver.

12. The method according to claim 11, characterized in that a permanent
communication connection is set up in the IP-based network for a connection
period (30) between the transmitter and the receiver via at least one
communication channel (10, 20), wherein, during the connection period (30), at
times when no voice content (1, 2, 3, 4) should be transmitted, voice packets (120)

without voice content are exchanged to maintain the connection between the



10

15

20

25

WO 2023/281068 PCT/EP2022/069098
59

transmitter and receiver, and wherein, at times during the connection period (30)
when voice content (1, 2, 3, 4) should be transmitted, the sequence of digital voice
packets (110; 210) with the voice content is transmitted from the transmitter to the

receiver.

13.  The method according to claim 11 or 12, characterized in that the
transmitter sends out a voice packet (110, 120; 210) via a plurality of different
transmission channels (10, 20) and the receiver receives the voice packets (110,

120; 210) sent out via various transmission channels (10, 20).

14. The method according to one of claims 11 to 13, characterized in that the
method is used in radio communication, particularly for the transmission of
operational ground-to-air communication in CLIMAX operation, in which a plurality
of different transmission channels (10, 20) are used for transmitting a radio

message as voice content (1, 2, 3, 4).

15. A device for sending and receiving digital voice packets (110, 120; 210) via
IP-based networks with voice content (1, 2, 3, 4) contained in the voice packets

(110; 210) having a transmitter and a receiver,

the transmitter having a voice recording unit for recording the voice content
(1, 2, 3 4), and an arithmetic logic unit with transmitter clock, the arithmetic logic
unit being set up for processing the voice content (1, 2, 3, 4) according to the

method according to one of claims 11 to 14, and

the receiver being constructed according to the features according to one

of claims 9 or 10.



