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Description

Cross-reference to related applications

[0001] This application claims priority to United States Provisional Patent Application No. 62/158,134, filed on May 7,
2015 and European Patent Application No. 15189489.6, filed on October 13, 2015.

Technical field

[0002] This disclosure falls into the field of voice communication systems, more specifically it is related to the field of
voice quality estimation in a packet based voice communication system. In particular the disclosure provides methods,
computer program products and devices for reducing a prediction error of the voice quality estimation by considering
forward error correction of lost voice packets.

Background art

[0003] In previous years, Voice over internet protocol (VoIP) has become an important application and is expected to
carry more and more voice traffic over TCP/IP networks.
[0004] In such Internet protocol (IP)-based voice communications systems, typically a voice waveform of a user is
sliced in time, compressed by a voice coder, packetized, and transmitted to other users. Due to the inherent nature of
IP networks and real-time constraint of human voice communications, it is common to lose voice packets during trans-
mission or that late voice packets are discarded even if they are received, resulting in degraded voice quality. Mobile
and WIFI networks usually make the situation worse in many cases. Thus, accurate real-time monitoring of voice quality
is an advantagous feature for analysis, management, and optimization of voice communication systems.
[0005] A typical voice quality monitoring system adopts a scheme that analyzes packet loss information, such as
packet loss rate and loss patterns (e.g., if the losses are random or of a bursty nature), as it provides a simple and
computationally inexpensive way to estimate voice quality. This scheme is known as a modified E-model. However,
these systems may suffer from low accuracy in estimating voice quality.
[0006] US 8 804 575 B2 relates to a method and a system in which a user device monitors the quality of received
voice packets and computes statistical metrics. If the quality falls below a threshold, the user device sends the statistical
data to a central entity which modifies the amount or error correction accordingly.
[0007] Many IP-based voice communications systems employ forward error correction (FEC) for recreating as many
of the lost voice packets as possible. FEC provides the possibility of such recreation by adding redundant data streams,
which are transmitted along with the voice packets. This may influence the voice quality as perceived by a user, since
some of the lost voice packets may be recreated.
[0008] Thus, it is desirable to have a voice quality monitoring system utilizing both packet loss information and data
about FEC.

Summary

[0009] The invention is defined by a method according to independent claim 1, a computer program product according
to independent claim 12 and a device according to independent claim 13. Further embodiments are set out in the
dependent claims.

Brief description of the drawings

[0010] Example embodiments will now be described with reference to the accompanying drawings, on which:

figure 1 shows a generalized block diagram of a device for modifying a statistical metric relating to lost voice packets
in accordance with an example embodiment,
figure 2 shows by way of example a method for modifying a statistical metric relating to lost voice packets,
figure 3 shows a generalized block diagram of a device for estimating voice quality in accordance with an example
embodiment,
figure 4 shows by way of example a modification of a statistical metric relating to groups of consecutive lost voice
packets, wherein the modification is based on a FEC scheme and FEC data used for recovering some of the lost
voice packets,
figure 5 shows by way of example a modification of a statistical metric relating to groups of consecutive lost voice
packets, wherein the modification is based on a recovery factor of recovered voice packets,
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figure 6 shows by way of example how a prediction error of a voice quality estimate is reduced when modifying
statistical metrics based on a FEC scheme and FEC data.

[0011] All the figures are schematic and generally only show parts which are necessary in order to elucidate the
disclosure, whereas other parts may be omitted or merely suggested. Unless otherwise indicated, like reference numerals
refer to like parts in different figures.

Detailed description

[0012] In view of the above it is an object to provide devices, computer program products, and associated methods
which provide a reduced prediction error of a voice quality estimate by modifying conventional statistical metrics relating
to lost voice packets based on recovery data relating to recovered voice packets, wherein the recovered voice packets
are recovered using forward error correction.

I. Overview - Modifying statistical metrics relating to lost voice packets based on FEC

[0013] The invention is defined by the attached independent claims. Embodiments are given by the dependent claims.
[0014] According to a first aspect, example embodiments propose methods for modifying a statistical metric relating
to lost voice packets, devices implementing the methods, and computer program product adapted to carry out the method.
The proposed methods, devices and computer program products may generally have the same features and advantages.
[0015] According to example embodiments there is provided a first method for modifying a statistical metric relating
to lost voice packets in a packet based voice communication system.
[0016] The method comprises receiving a statistical metric, the statistical metric being calculated based on

- a sequence of encoded voice packets received by a decoder and transmitted from one or more end-points in the
voice communication system, and on

- one or more lost voice packets which were lost during the transmission from the one or more end-points or discarded
due to latency and/or jitter in the transmission.

[0017] The method further comprises receiving recovery data relating to recovered voice packets among the one or
more of the lost voice packets, wherein the recovered voice packets are recovered using a forward error correction,
FEC, scheme and FEC data relating to the lost voice packets.
[0018] The method further comprises modifying the statistical metric based on the recovery data, and transmitting the
modified statistical metric to a voice quality estimator so as to reduce a prediction error of a voice quality estimate when
using the modified statistical metric as input to a voice quality estimating algorithm of the voice quality estimator.
[0019] This disclosure relates generally to a teleconferencing system comprising a plurality of telephone endpoints,
and in particular to the improvement of perceived call quality when such a system experiences channel degradation.
[0020] By way of background, in a typical teleconferencing system, a mixer receives a respective uplink data stream
from each of the telephone endpoints in a voice call, which carries an audio signal captured by that telephone endpoint,
and sends a respective downlink data stream to each of the telephone endpoints. Consequently, each telephone endpoint
receives a downlink data stream which carries a mixture of the respective audio signals captured by the other telephone
endpoints. Accordingly, when two or more participants in a telephone conference speak at the same time, the other
participant(s) can hear both participants speaking.
[0021] If there is a problem with the data channel which carries the downlink and uplink data streams to and from one
of the endpoints, this may cause errors in the downlink and/or uplink data streams. The errors may be perceptible to the
participant using said one of the endpoints, and/or to other participants in the voice call. The errors may result in lost
voice packets which were lost during the transmission from the one or more end-points.
[0022] The errors may further result in jitter. Jitter is technically the measure of the variability over time of the latency
across a network and is a common problem in a packet based voice communication system. Since the voice packets
can travel by a different path from the sender to the receiver, the voice packets may arrive at their intended destination
in a different order then they were originally sent. Even if a Jitter buffer is used to temporarily store arriving voice packets
in order to minimize delay variations, some jitter characteristics exceed the capability of a jitter buffer and some voice
packets may still be arriving too late. These packets are eventually discarded. This discarded voice packets are thus
looked upon as lost voice packets which were discarded due to latency and/or jitter in the transmission.
[0023] This above discussed problems relating to the errors in the downlink and/or uplink data streams may result in
that out of the encoded voice packets that are transmitted from the one or more end-points, some are lost during the
transmission or discarded due to latency and/or jitter in the transmission, and the rest are received as a sequence of
encoded voice packets.
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[0024] As used herein an end-point refers to a telephone endpoint and/or a mixer.
[0025] The above method may be implemented in such an end-point (decoder, etc.) comprising a packet statistics
modification module, or it may be implemented by a packet statistics modification module detached from the end-point
(decoder, etc.) receiving the sequence of encoded voice packets transmitted from one or more end-points in the voice
communication system. In the latter case, the packet statistics modification module may be implemented in a separate
server, or as a cloud service or in any other suitable way.
[0026] The above method provides a simple and flexible way of reducing the prediction error of a voice quality estimate.
[0027] Moreover, an existing voice quality estimator may be reused, since the statistical metrics is only modified by
using the packet statistics modification module. The modified statistical metric is transmitted to the voice quality estimator
in the same way as the unmodified statistical metric would be if the packet statistics modification module was not
implemented.
[0028] It should be noted that the statistical metric may comprise one or more statistical metrics.
[0029] As used herein FEC scheme refers to the implementation of FEC in the end-point (decoder, etc.) receiving the
sequence of encoded voice packets transmitted from one or more end-points in the voice communication system.
Examples of FEC schemes are media independent FEC (e.g. block codes and convolutional codes) or media specific
FEC (e.g. involving replicating voice packets). An end-point (decoder, etc.) may handle a plurality of FEC schemes and
select the correct one based on the received FEC data.
[0030] As used herein FEC data refers to the redundant data streams received by the end-point (decoder, etc.), which
are used in combination with the FEC scheme to recover at least some of the lost voice packets.
[0031] The recovery data relates to recovered voice packets among the one or more of the lost voice packets, e.g. to
which lost voice packets that were recovered using FEC, and is consequently based on the FEC scheme and the FEC data.
[0032] Conventional statistical metrics when calculating a voice quality estimate does not take into account FEC.
Rather, only the information whether a voice packet is lost or received by the receiving end-point (decoder, etc.) is taken
into account.
[0033] However, data about FEC may be very relevant for reducing a prediction error of a voice quality estimate since
the recovered voice packets may increase the voice quality compared to if no FEC was used.
[0034] Moreover, the modification of the statistical metric may not only be done by subtracting the count of the recovered
packets from the count of the lost packets. For example, depending on which of the lost voice packets that were recon-
structed (this information may be understood from or included in the FEC data); the statistical metric may be modified
differently. For example, if the statistical metric is based on a number of groups of consecutive lost voice packets, a
recovered voice packet in the beginning or end of such a group may be treated differently compared to a recovered
voice packet in the middle of such a group.
[0035] Moreover, the reconstruction of a lost voice packet may be done differently based on the used FEC scheme.
According to some embodiments, the used FEC scheme may e.g. not fully reconstruct a lost voice packet which could
result in a mixture of lost voice packets and partial recovered voice packets using FEC.
[0036] By reducing the prediction error, problems that may result in one or more participants perceiving degraded call
quality can be detected earlier and/or more accurately and thus better handled.
[0037] According to some embodiments, the statistical metric comprises or is calculated using at least one of: a total
number of transmitted voice packets from the one or more end-points in the voice communication system including a
number of the one or more lost voice packets, a number of groups of consecutive lost voice packets, and the number
of the one or more lost voice packets. Using one or more from the above list, conventional statistical metrics relating to
voice quality in a packet based voice communication system may be calculated, e.g. a packet loss rate, PLR, which is
the number of lost voice packets in relation to a total number of transmitted voice packets, and/or a burstiness factor,
BF, which is one minus a number of groups of consecutive lost voice packets in relation to the number of lost voice
packets. Moreover, by e.g. sending one or more from the above list of statistical metrics to the packet statistics modification
module, instead or in addition to PLR and/or BF, the modification of the statistical metric based on the FEC scheme and
FEC data may be more flexible.
[0038] According to some embodiments, the FEC scheme is a media specific FEC scheme.
[0039] According to some embodiments, the recovery data comprises information pertaining to a recovery factor of
each of the recovered voice packets, wherein the step of modifying the statistical metric comprises weighting of the
statistical metric using to the recovery factor of each of the recovered voice packets. As mentioned above, according to
some FEC schemes, a lost voice packet is not fully recovered. This means that a recovered voice packet do not comprise
all the information that was present in the lost voice packet that the recovered voice packet is replacing. This is something
that is advantageously addressed by the packet statistics modification module when modifying the statistical metric. In
other words, a partly recovered voice packet may be treated differently compared to a fully recovered voice packet when
it comes to modifying the statistical metric.
[0040] According to some embodiments, the recovery factor of a recovered voice packet is calculated using a pre
trained mapping function trained for determining a recovery factor based on the used FEC scheme and/or on the FEC
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data. For example, if the recovery factor is a value between 0 and 1 (1 indicates a fully recovered voice packet) and the
FEC scheme and/or FEC data indicate that only 60% of the bits of a certain lost voice packet are recovered, the 60%
recovered bits may not directly map to a recovery factor of 0.6. For example, the rate of the decrease of a perceived
voice quality may be slow between 100-50 percent of recovered bits, while the rate is increasing if less than 50% of the
bits of a lost voice packet are recovered. The optimal value of the recovery factor for different FEC schemes and/or FEC
data may thus advantageously be pre-trained using a pool of speech data and listeners giving subjective score of the
voice quality for different embodiments of FEC.
[0041] According to some embodiments, the FEC data are in the form of data packets, wherein a header of each data
packet comprises information pertaining to the recovery factor of the one or more recovered voice packets. This is a
convenient way of receiving the information pertaining to the recovery factor of the one or more recovered voice packets
from e.g. a transmitting end-points in the voice communication system. According to other embodiments, the recovery
factor is pre set to a fixed value between the encoder and decoder or within the packet based communication system.
[0042] According to some embodiments, the FEC data comprises replica data relating to at least some of the one or
more of the lost voice packets, wherein the replica data is encoded with a codec having a first bit rate, wherein the
encoded voice packets transmitted from the one or more end-points is encoded with a codec having a second bit rate
being higher than the first bit rate, wherein the recovery factor of a recovered voice packet is determined based on a
ratio between the first bit rate and the second bit rate.
[0043] In some media dependent FEC schemes, the lost packets are replaced by the lower bit rate version of the
original packets to reduce the extra bandwidth required by the FEC data. In other words, a unit (e.g. a end-point, encoder
etc.) creating the redundant data stream (FEC data) do this by adding replica data, relating to the sequence of encoded
voice packets received by a decoder (e.g. the "main" data stream), to the FEC data, wherein the replica data may be
encoded by a lower quality codec (i.e. resulting in lower bit rate versions of the packets in the "main" stream). This means
that the recovery factor for a voice packet will be less than e.g. 1 (in the case 1 corresponds to a fully recovered voice
packet) and can be determined based on a ratio between the first bit rate and the second bit rate.
[0044] According to some embodiments, wherein the statistical metric comprises a number of groups of consecutive
lost voice packets and a number of lost voice packets, the step of modifying the statistical metric comprises: calculating
a modified burstiness factor, BFFEC, based on:

- the number of groups of consecutive lost voice packets,
- the number of lost voice packets,
- the recovery factor of each of the one or more recovered voice packet,
- a number of groups of consecutive lost voice packets in which all consecutive lost voice packets in a group are

recovered, and
- a number of groups of consecutive lost voice packets being split by a recovered voice packet.

[0045] Since the statistical metric is based on groups of consecutive lost voice packets, the pattern of the loss packets
is taken into account. It should be noted that a group may comprise just one lost voice packets.
[0046] In a packet based voice communication system, random loss patterns may decrease the voice quality less than
if the lost packets are grouped (e.g. a bursty loss pattern), since a larger number of consecutive lost voice packets may
increase the risk of perceptually important data being lost. Consequently, the normal burstiness factor depends on
number of groups of consecutive lost voice packets. This means that several outcomes of the FEC need to be considered
along with the recovery factor of the recovered voice packet. For example, how to handle a group of lost voice packets
which are all recovered but with a recovery factor below perfect recovery (e.g. below 1). Another example is how to
handle a group of lost voice packet being split into two groups by a recovered packet. This embodiment may advanta-
geously handle both scenarios.
[0047] According to some embodiments, the step of calculating a modified burstiness factor, BFFEC, further comprises
a mapping of the recovery factor of a recovered voice packet using a pre trained monotonically increasing non-linear
mapping function. Since the modified burstiness factor take into account e.g. a split of a group of lost voice packets or
completely recovered groups of lost voice packet but with a below perfect recovery factor, further mappings of the
recovery factor may be advantageous for calculating the BFFEC. The optimal value of such a mapping for different cases
of FEC may be achieved by pre-trained using a pool of speech data and listeners giving subjective score of the voice
quality for the different cases of FEC.
[0048] According to some embodiments, wherein step of modifying the statistical metric comprises:
calculating a modified packet loss rate, PLRFEC, based on:

- a packet loss rate, PLR, which is the number of lost voice packets in relation to a total number of transmitted voice
packets,

- a number of the one or more recovered voice packet in relation to the total number of transmitted voice packets, and
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- the recovery factor of each of the recovered voice packets.

[0049] Consequently, the modified packet loss rate may be calculated based on recovery factor of the recovered voice
packets and thus better measure lost information in the voice call.
[0050] According to some embodiments, the recovery factor for each of the recovered voice packets are determined
to be the same. For example, in the media dependent case, the replica data of the redundant data stream (FEC data)
may all be encoded using the same lower bit rate codec. This may be advantageous since the recover factor of recovered
voice packets only needs to be calculated once for e.g. a voice call using the packet based voice communication system.
In other embodiments, the end-points concerned in the voice call may continuously adapt the bit rate of the FEC data
(or even the FEC scheme) based on current network characteristics, e.g. available bit rate or transmission quality of the
network.
[0051] According to an example which is useful for understanding the invention, there is provided a second method
for modifying a statistical metric relating to lost voice packets in a packet based voice communication system. The
method comprises the steps of receiving data comprising a sequence of encoded voice packets transmitted from one
or more end-points in the voice communication system, wherein encoded voice packets transmitted from the one or
more end-points comprises the received sequence of encoded voice packets and one or more lost voice packets which
were lost during the transmission from the one or more end-points or discarded due to latency and/or jitter in the
transmission, wherein the data further comprises forward error correction, FEC, data relating to the encoded voice
packets transmitted from the one or more end-points, calculating, based on the received sequence of encoded voice
packets, a statistical metric relating to the lost voice packets, recovering one or more of the lost voice packets using a
FEC scheme and the FEC data relating to the lost voice packets, and modifying the statistical metric based on the
recovered one or more voice packets, so as to reduce a prediction error of a voice quality estimate when using the
modified statistical metric as input to a voice quality estimating algorithm. This method may be implemented in a end-
point in the voice communication system and may generally have the same features and advantages as the above
described first method.
[0052] According to example embodiments there is provided a computer-readable medium comprising computer code
instructions adapted to carry out any of the above described methods and embodiments when executed on a device
having processing capability.
[0053] According to example embodiments there is provided a first device for modifying a statistical metric relating to
lost voice packets in a packet based voice communication system, the first device being configured to:

- receive a statistical metric, the statistical metric being calculated based on a sequence of encoded voice packets
received by a decoder and transmitted from one or more end-points in the voice communication system, and on
one or more lost voice packets which were lost during the transmission from the one or more end-points or discarded
due to latency and/or jitter in the transmission,

- receive recovery data relating to recovered voice packets among the one or more of the lost voice packets, wherein
the recovered voice packets are recovered using a forward error correction, FEC, scheme and FEC data relating
to the lost voice packets.

- modify the statistical metric based on the recovery data, and
- transmit the modified statistical metric to a voice quality estimator so as to reduce a prediction error of a voice quality

estimate when using the modified statistical metric as input to a voice quality estimating algorithm of the voice quality
estimator.

[0054] According to an example which is useful for understanding the invention, there is provided a second device for
modifying a statistical metric relating to lost voice packets in a packet based voice communication system.
[0055] The second device may comprise a receiving stage configured to receive data comprising a sequence of
encoded voice packets transmitted from one or more end-points in the voice communication system, wherein encoded
voice packets transmitted from the one or more end-points comprises the received sequence of encoded voice packets
and one or more lost voice packets which were lost during the transmission from the one or more end-points or discarded
due to latency and/or jitter in the transmission, wherein the data further comprises forward error correction, FEC, data
relating to the encoded voice packets transmitted from the one or more end-points.
[0056] The second device may further comprise a calculating stage configured to calculate, based on the received
sequence of encoded voice packets, a statistical metric relating to a number of lost voice packets.
[0057] The second device may further comprise a FEC recovery stage for recovering one or more of the lost voice
packets using a FEC scheme and the FEC data relating to the lost voice packets, and a statistical modification stage
configured to modify the statistical metric based on the recovered one or more voice packets, so as to reduce a prediction
error of a voice quality estimate when using the modified statistical metric as input to a voice quality estimating algorithm.
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II. Example Embodiments

[0058] Figure 1 shows by way of example a generalized block diagram of a device 100 for modifying a statistical
metric. Such modification will now be described in conjunction with figure 2 which shows by way of example a method
200 for modifying a statistical metric relating to lost voice packets.
[0059] The device 100 is part of a packet based voice communication system. The device 100 comprises a packet
loss statistics (PLS) modification unit 114 and may for example be implemented in an end-point in the voice communication
system, for example a telephone or a computer running voice communication software, this embodiment is described
in figure 3. The device 100 and the PLS modification unit 114 may also be in communication with such end-point but
implemented separate from the end-point, for example in a cloud service. The device 100 comprises a processer which
may implement the PLS modification 114 unit and which is configured to receive S202 a statistical metric 107. The
statistical metric 107 may be calculated based on a sequence of encoded voice packets received by a decoder and
transmitted from one or more end-points in the voice communication system, and on one or more lost voice packets
which were lost during the transmission from the one or more end-points or discarded due to latency and/or jitter in the
transmission. The statistical metric 107 may comprise or be calculated using at least one of:

- a total number of transmitted voice packets from the one or more end-points in the voice communication system
including a number of the one or more lost voice packets,

- a number of groups of consecutive lost voice packets, and
- the number of the one or more lost voice packets.

[0060] According to some embodiments, one or more of metrics from the above list is received by the PLS modification
unit 114. Additionally or alternatively, the statistical metric 107 received by the PLS modification unit 114 may relate to
a burstiness factor, BF, which is one minus a number of groups of consecutive lost voice packets in relation to the number
of lost voice packets. If, out of 10 lost voice packet, three groups of consecutive lost packets can be formed, e.g.
comprising 1, 3 and 6 lost voice packet each, the BF equals 1-(3/10) = 0.7. Additionally or alternatively, the statistical
metric 107 received by the PLS modification unit 114 may include a packet loss rate, PLR, which is the number of lost
voice packets in relation to a total number of transmitted voice packets. For example, if 10 out of 100 voice packets are
lost, the PLR equals 0.1.
[0061] The PLS modification unit 114 is also receiving S204 recovery data 113 relating to recovered voice packets
among the one or more of the lost voice packets. The decoder, to which the PLS modification unit 114 is coupled,
receiving the sequence of encoded voice packets may implement forward error correction (FEC) in order to improve
voice quality such that lost voice packets in lossy channel can be recovered. This may be possible since the voice
packets transmitted from the transmitting end point (encoder, etc,) are encoded in a redundant way. The decoder thus
receives FEC data relating to the lost voice packets and comprising the redundant data which are used in combination
with a FEC scheme to recover at least some of the lost voice packets.
[0062] The FEC scheme may for example be a media specific FEC scheme. The FEC data may in that case comprise
replica data relating to at least some of the one or more of the lost voice packets. According to one embodiment, each
voice packet transmitted from the transmitting end point in the packet based voice communication system carries a
replica data of a voice packet previously transmitted. In other words, in some media specific FEC, the replica data of
the m-th voice packet is piggybacked on the following transmitted voice packet, i.e. the voice packet m+1. To safeguard
against burst errors, i.e. consecutive lost voice packets, the replica data of the m-th voice packet can be attached to the
n-th next packet instead of the immediate subsequent packet (m+1), i.e. the voice packet m+n, at the cost of a decoding
delay of n packets.
[0063] The PLS modification unit 114 is arranged to modify the statistical metric 107 based on the recovery data 113.
This will be further described in conjunction with figures 4-5.
[0064] The PLS modification unit 114 is further arranged to transmit S208 the modified statistical metric 116 to a voice
quality estimator 108 so as to reduce a prediction error of a voice quality estimate when using the modified statistical
metric as input to a voice quality estimating algorithm of the voice quality estimator. In other words, by modifying the
statistical metric 107 based on the recovery data 113, an accuracy of the voice quality estimate made by the voice quality
estimator 108 may be improved. This will be further described in conjunction with figure 6. According to some embodi-
ments, the voice quality estimator 108 is part of the device 100 and implemented by a processor of the device 100, but
according to other embodiments, the voice quality estimator 108 is implemented by a processor in a device separate
from the device 100, e.g. in a server or cloud service.
[0065] Figure 3 shows a generalized block diagram of a device 300 for estimating voice quality in accordance with an
example embodiment.
[0066] The device 300 is part of a packet based voice communication system, e.g. a mixer or a telephone end-point
in a teleconferencing system.
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[0067] The device comprises a receiving stage 102 comprising a Jitter buffer and implementing FEC, and a stage 104
for decoding and packet loss concealment (PLC), and may be a typical voice processing unit at a receiver, e.g. a mobile
phone. The Jitter buffer 102 typically is a buffer which receives incoming voice packets 101 from other parts of the packet
based voice communication system. The incoming voice packets 101 usually arrive in irregular time intervals due to
problems with the uplink and/or downlink data streams in the packet based voice communication system. Some of the
incoming packets are discarded since they are late due to latency in the network, meaning that the corresponding time
segment of the voice call already has been rendered by a speaker of the receiver (e.g. the device 300). Some voice
packets will be discarded due to that the jitter characteristics exceed the capability of the jitter buffer 102.
[0068] The receiving stage 102 further comprises a FEC recovery stage which implements FEC and uses a received
FEC data 120 and a FEC scheme for recovering some of the lost voice packets.
[0069] The jitter buffer 102 may output voice packets 103 in evenly spaced time intervals. Optionally the Jitter buffer
102 may also create packets representing to the lost voice packet which was not recovered using FEC, mark them as
such and include them in the outputted voice packets 103 in evenly spaced time intervals. The jitter buffer 102 may also
mark any recreated voice packet using FEC as such. The mark for lost voice packet or recreated voice packet may be
a single bit in the outputted voice packets, e.g. a zero if the voice packet is recovered using FEC and a one if the voice
packet represents a lost voice packet. The Jitter buffer may for example use sequence numbers included in the voice
packets in order to determine if packets are lost or not and where those lost voice packets originally (when transmitted)
were located in the stream of voice packets.
[0070] The stage 104 for decoding and PLC decodes the contents (payload) of the stream of voice packets to synthesize
voice waveforms. If there are losses in voice packets, possibly marked by the Jitter buffer 102 or otherwise known to
the stage 104 (e.g. by a running number in each voice packet), PLC is employed to estimate voice waveforms of the
lost packets by using the previously received voice packets.
[0071] The remaining parts of the device 300 are the parts that perform the estimation of the impact of lost packets
on the perceived voice quality, i.e. the part that calculates the voice quality estimate 112. The calculated voice quality
estimate 112 may be outputted in the mean opinion score (MOS) scale.
[0072] The outputted voice packets 103 from the unit 102 are received by a packet loss statistics (PLS) calculating
unit 106 (i.e. a calculation stage of the device 100). The PLS calculation unit 106 comprises a receiving stage which is
adapted to receive data comprising a sequence of encoded voice packets 103 transmitted from one or more end-points
in the voice communication system. As described above, some of the encoded voice packets transmitted from the one
or more end-points may have been lost during the transmission from the one or more end-points to the device 100 or
discarded by the Jitter buffer 102 for being late. Some of the lost voice packets were recreated by the FEC 102. In any
event, these lost packets may cause a reduced perceptual quality of the voice call which the encoded voice packets
relate to.
[0073] The PLS calculation unit 106 is configured to calculate, based on the received sequence 103 of encoded voice
packets, a statistical metric 107 relating to a number of lost voice packets. The statistical metric 107 as described above
may comprise or be calculated using at least one of: a total number of transmitted voice packets from the one or more
end-points in the voice communication system including a number of the one or more lost voice packets, a number of
groups of consecutive lost voice packets, and the number of the one or more lost voice packets. According to some
embodiments, the PLS calculation unit 106 take any recovered voice packets into account when calculating the statistical
metric 107 and remove these from the lost voice packets, but according other embodiments, the PLS calculation unit
106 disregards any recovered voice packets when calculating the statistical metric 107.
[0074] The statistical metric 107 is then transmitted from the PLS calculation unit 106 to the PLS modification unit 114
(e.g. a statistical modification stage of the device 300). The PLS modification unit 114 is further receiving recovery data
113 relating to recovered voice packets among the one or more of the lost voice packets. According to some embodiment,
the recovery data comprises information pertaining to a recovery factor of each of the recovered voice packets. Such
recovery factor may be determined in many different ways. According to some embodiment, the recovery factor is
received along with the FEC data 120 and thus determined by e.g. the transmitting end point in the packet based voice
communication system. According to some embodiments, the recovery factor is pre-determined or pre set within the
packet based communication system and thus known to the decoder. According other embodiments, the recovery factor
for a recovered voice packet is calculated by the device 300 using a pre trained mapping function trained for determining
a recovery factor based on the used FEC scheme and the received FEC data 120. For example, the FEC data may be
received in the form of data packets, wherein a header of each data packet comprises information pertaining to the
recovery factor of the one or more recovered voice packets. The headers may comprise the recovery factor, or the
information in the headers may be used as input to the above described pre trained mapping function. As exemplified
above, the FEC data 120 may comprise replica data encoded with a codec having a first bit rate, and the encoded voice
packets 101 may be encoded with a codec having a second bit rate being higher than the first bit rate. In this case, the
recovery factor of a recovered voice packet may be determined based on a ratio between the first bit rate and the second
bit rate.
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[0075] As described above, the PLS modification unit 114 is configured for modifying the statistical metric 107 based
on the recovery data 113. Such modification is schematically shown in figure 4.
[0076] The upper part of figure 4 exemplifies a relation between received packets 101 and lost packets 402 in encoded
voice packets transmitted from the one or more end-points to the device 100. As described above in conjunction with
figure 3, the Jitter buffer 102 may include packets representing the one or more lost voice packets 402 in the data 103
received by the PLS calculation unit. These packets may be empty and/or comprising data indicating that they represent
a lost packet. This is described in figure 4 where the data 103 comprises the empty packets representing the one or
more lost voice packets 402. According to some embodiments, any recovered packets are still considered as lost by
the PLS calculation unit 106, while in other embodiments, the recovered packets is considered as not lost by the PLS
calculation unit 106.
[0077] Given a time series of lost voice packets that can be obtained from 103, a packet loss event function, s(k) can
be defined, which represents the number of consecutive lost packets at the k-th group a loss event, for k = 1, 2, ..., K,
where K is the number of groups of consecutive lost packets. In figure 4, the number of such groups is 3. The packet
loss event function s(k) in this example is a vector with the values [1, 3, 2].
[0078] Figure 4 further describe how the statistical metric 107 (in this case the vector s(k)) is inputted to the PLS
modification unit 114 which modifies the statistical metric 107 based on recovery data 113. The PLS modification unit
114 transforms the vector s(k) to a new vector sFEC(k). The packet loss event function sFEC(k) in this example is a vector
with the values [0, 3, 1].
[0079] For some FEC schemes, a lost voice packet is not fully recovered. For example, for a media specific FEC
scheme, a lost voice packet may be replaced by a lower bit rate version of the original voice packet. In other words, the
replica data for a certain voice packet may be encoded with a codec having a first bit rate, wherein the certain voice
packet itself is encoded with a codec having a second bit rate being higher than the first bit rate. For media independent
FEC, the same thing may apply when the redundant data for a certain voice packet (e.g. block codes) are calculated
for not recovering the full voice packet but only parts of it. In these embodiments, it may be advantageously to introduce
a further parameter when modifying the statistical metric, i.e. a recovery factor of each of the recovered voice packets.
The recovery factor parameter and its implication for such modification of statistical metrics will be exemplified in con-
junction with figure 5.
[0080] The upper part of figure 5 shows the relation between the number of lost packets 402 in encoded voice packets
transmitted from the one or more end-points to the device 100 and the packet loss event function, s(k). In this embodiment,
the number of consecutive lost packets in a group, e.g. the first group has tree lost packets, equals s(k), e.g. s(1) = 3.
The packet loss event function, s(k), thus represents the number of consecutive lost packets at the k-th group a loss
event, for k = 1, 2, ..., K, where K is the number of groups of consecutive lost packets. From s(k), the packet loss rate
(PLR) can be calculated by 

where M is the total number of packets received 101 and packets lost 402. Also, the burstiness factor can be calculated
from s(k) by 

where S is the number of lost voice packets.
[0081] However, when FEC is used, which do not perfectly recover lost voice packets; this may advantageously be
taken into account when modifying the statistical metrics in order to calculate e.g. a PLRFEC and/or a BFFEC.
[0082] Some of the lost packets 402 is thus recovered using FEC 502. This is shown in the lower part of figure 5,
which shows the relation between the lost packets and recovered packets 402’ and the packet loss event function,
sFEC(k) which represent the modified statistical metric 116.
[0083] The white squares with black border correspond to the lost voice packets that have been recovered by the
decoder using FEC. For example, in the first group of consecutive lost packets (k = 1), the last of the lost voice packets
in the group has been recovered. In Figure 5, the recovered voice packets are represented by the function m(k). Since
the recovered packets may not be fully recovered, each recovered voice packet corresponds to a recovery factor. In the
following, the recovery factor of all recovered voice packets is the same, but according to other embodiments, the
recovery factor may vary between the recovered voice packets. The modified packet loss event function, sFEC(k), can
be calculated by 
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wherein p denotes the recovery factor of the recovered voice packets.
[0084] The packet loss event function s(k) in this example is a vector with the values [3, 1, 5] while the modified packet
loss event function sFEC(k) is a vector with the values [2.2, 0.2, 3.2, 1] since the one lost voice packet in each group of
consecutive lost voice packet were recovered (m(k) = 1 for k = 1, 2, 3), one group was split into two by a recovered voice
packet, and the recovery factor for each recovered voice packet was determined to be 0.8.
[0085] Using equation 2, a modified packet loss rate, PLRFEC, can be calculated based on the unmodified PLR (the
number of lost voice packets in relation to a total number of transmitted voice packets), a number of the one or more
recovered voice packet in relation to the total number of transmitted voice packets, and the recovery factor of each of
the one or more recovered voice packet: 

which translates to: 

[0086] When it comes to the modified burstiness factor, BFFEC, which relate to the number of groups of consecutive
lost voice packets (K), two special cases need to be considered. Firstly, all lost voice packets in a group of consecutive
lost voice packets may be recovered. Secondly, a group of consecutive lost voice packets may be split in two by recovered
voice packets. Consequently, FEC and the recovery factor of the recovered voice packets may influence the K-value
such that further mappings of the recovery factor may advantageous be made for calculating a modified measure of the
number of groups of consecutive lost voice packets, KFEC. Such mapping may be made using a pre trained monotonically
increasing non-linear mapping function, g(p). A modified statistical metric for the number of packet loss even groups,
KFEC, can thus be calculated by: 

where Kmask is the number of occurrences a loss event is completely masked by FEC, Ksplit is the number of occurrences
a loss event is split by FEC, and g(p) is a monotonically increasing function of p (0 <= g(p) <= 1).
[0087] A modified statistical metric of the number of lost packets, SFEC, can be calculated using equation 3: 

which translates to: 

[0088] Using equation 6 and 8, a modified burstiness factor, BFFEC, can be calculated: 

[0089] Now returning to figure 3, the modified statistical metrics may be used as input to a voice quality estimation
stage 108. An example embodiment of the voice quality estimation stage 108 will now be described. According to this
embodiment, the voice quality estimation stage 108 requires two inputs, which are a packet loss rate, i.e. PLR or PLRFEC
and a burstiness value, i.e. BF or BFFEC. According to other embodiment, statistical metrics for calculating the packet
loss rate and the burstiness value may be used as input to the voice quality estimation stage 108. An advantage of the
invention is that regardless of if the statistical metrics have been modified as described above or not, the same voice
quality estimation algorithm may be used at the voice quality estimation stage 108. The voice quality estimation stage
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108 comprises L regression models. L is a preset number of choices of burstiness factors. For example, the voice quality
estimation stage 108 may comprise six regression models (L = 6), each corresponding to a BF value of 0, 0.2, 0.4, 0.6,
0.8 and 1.0 respectively.
[0090] Given an input of a PLR value and BF value, two regression models are selected that have the closest proximity
to the value of BF, and these two regression models estimate voice quality values from the PLR value. The final voice
quality is estimated by the weighted sum of the two voice quality values.
[0091] However, in order to improve the accuracy of the voice quality estimate, the above described modification of
the input to the voice quality estimating algorithm may be made. This use of the PLR and BF values in the voice quality
estimation stage 108, with or without being weighted based on FEC and on the recovery factor of the recovered voice
packets will now be described in conjunction with figure 6.
[0092] In figure 6, the regression curve 602 is determined based on the BF value. The form of the regression curve
is based on empirical data of actual perceived voice quality and is thus a predefined reference. As described previously,
the regression curve may also be determined based on modified BF value, BFFEC.
[0093] Figure 6 shows how the use of the PLRFEC value 606 as input to the voice quality estimation stage reduces
the prediction error by a large value (referred to as 608 in figure 4) compared to using the conventional PLR value 604
as input. In other words, by applying the process to transform PLR to PLRFEC, the data point 604 is translated to the
data point 606, resulting in reduced voice quality estimation error using the same regression curve 602.

III. Equivalents, extensions, alternatives and miscellaneous

[0094] Further embodiments of the present disclosure will become apparent to a person skilled in the art after studying
the description above. Even though the present description and drawings disclose embodiments and examples, the
disclosure is not restricted to these specific examples. Numerous modifications and variations can be made without
departing from the scope of the present disclosure, which is defined by the accompanying claims. Any reference signs
appearing in the claims are not to be understood as limiting their scope.
[0095] Additionally, variations to the disclosed embodiments can be understood and effected by the skilled person in
practicing the disclosure, from a study of the drawings, the disclosure, and the appended claims, as long as these
variations fall within the scope of the invention which is only defined by the appended claims. In the claims, the word
"comprising" does not exclude other elements or steps, and the indefinite article "a" or "an" does not exclude a plurality.
The mere fact that certain measures are recited in mutually different dependent claims does not indicate that a combination
of these measured cannot be used to advantage.
[0096] The systems and methods disclosed hereinabove may be implemented as software, firmware, hardware or a
combination thereof. In a hardware implementation, the division of tasks between functional units or stages referred to
in the above description does not necessarily correspond to the division into physical units; to the contrary, one physical
component may have multiple functionalities, and one task may be carried out by several physical components in
cooperation. Certain components or all components may be implemented as software executed by a digital signal
processor or microprocessor, or be implemented as hardware or as an application-specific integrated circuit. Such
software may be distributed on computer readable media, which may comprise computer storage media (or non-transitory
media) and communication media (or transitory media). As is well known to a person skilled in the art, the term computer
storage media includes both volatile and nonvolatile, removable and non-removable media implemented in any method
or technology for storage of information such as computer readable instructions, data structures, program modules or
other data. Computer storage media includes, but is not limited to, RAM, ROM, EEPROM, flash memory or other memory
technology, CD-ROM, digital versatile disks (DVD) or other optical disk storage, magnetic cassettes, magnetic tape,
magnetic disk storage or other magnetic storage devices, or any other medium which can be used to store the desired
information and which can be accessed by a computer. Further, it is well known to the skilled person that communication
media typically embodies computer readable instructions, data structures, program modules or other data in a modulated
data signal such as a carrier wave or other transport mechanism and includes any information delivery media.

Claims

1. A method (200) for modifying a statistical metric relating to lost voice packets in a packet based voice communication
system,
receiving (S202) a statistical metric (107), the statistical metric (107) being calculated based on

a sequence of encoded voice packets (101) received by a decoder and transmitted from one or more end-points
in the voice communication system, and on
one or more lost voice packets (402) which were lost during the transmission from the one or more end-points
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or discarded due to latency and/or jitter in the transmission,
the method characterized by

receiving (S204) recovery data (113) relating to recovered voice packets among the one or more of the lost voice
packets, wherein the recovered voice packets are recovered using a forward error correction, FEC, scheme and
FEC data (120) relating to the lost voice packets (402),
modifying (S206) the statistical metric (107) based on the recovery data (113), and
transmitting (S208) the modified statistical metric (116) to a voice quality estimator (108) so as to reduce a prediction
error of a voice quality estimate when using the modified statistical metric (116) as input to a voice quality estimating
algorithm of the voice quality estimator (108).

2. The method according to claim 1, wherein the statistical metric (107) comprises or is calculated using at least one of:

a total number of transmitted voice packets from the one or more end-points in the voice communication system
including a number of the one or more lost voice packets,
a number of groups of consecutive lost voice packets, and
the number of the one or more lost voice packets.

3. The method according to any one of claims 1-2, wherein the FEC scheme is a media specific FEC scheme.

4. The method according to any one of claims 1-3, wherein the recovery data (113) comprises information pertaining
to a recovery factor of each of the recovered voice packets,
wherein the step (S206) of modifying the statistical metric (107) comprises weighting of the statistical metric using
to the recovery factor of each of the recovered voice packets.

5. The method according to claim 4, wherein the recovery factor of a recovered voice packet is calculated using a pre
trained mapping function trained for determining a recovery factor based on the used FEC scheme and the FEC
data (120).

6. The method of any of claims 4-5, wherein the FEC data (120) are in the form of data packets, wherein a header of
each data packet comprises information pertaining to the recovery factor of the recovered voice packets.

7. The method of any one of claims 4-6, wherein the FEC data (120) comprises replica data relating to at least some
of the one or more of the lost voice packets, wherein the replica data is encoded with a codec having a first bit rate,
wherein the encoded voice packets transmitted from the one or more end-points is encoded with a codec having a
second bit rate being higher than the first bit rate, wherein the recovery factor of a recovered voice packet is
determined based on a ratio between the first bit rate and the second bit rate.

8. The method of any one of claims 4-7, wherein the statistical metric (107) comprises a number of groups of consecutive
lost voice packets and a number of lost voice packets, and wherein the step of modifying the statistical metric
comprises:
calculating a modified burstiness factor, BFFEC, based on the number of groups of consecutive lost voice packets,
the number of lost voice packets, the recovery factor of each of the one or more recovered voice packet, a number
of groups of consecutive lost voice packets in which all consecutive lost voice packets in a group are recovered,
and a number of groups of consecutive lost voice packets being split by a recovered voice packet.

9. The method of claim 8, wherein the step of calculating a modified burstiness factor, BFFEC, further comprising a
mapping of the recovery factor of a recovered voice packet using a pre trained monotonically increasing non-linear
mapping function.

10. The method of any one of claims 4-9, wherein the step of modifying (S206) the statistical metric comprises:
calculating a modified packet loss rate, PLRFEC, based on

a packet loss rate, PLR, which is the number of lost voice packets in relation to a total number of transmitted
voice packets,
a number of the one or more recovered voice packet in relation to the total number of transmitted voice packets,
and
the recovery factor of each of the recovered voice packets.
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11. The method of any one of claims 4-10, wherein the recovery factor for each of the recovered voice packets are
determined to be the same.

12. A computer program product comprising a computer-readable storage medium with instructions adapted to carry
out the method of any one of claims 1-11 when executed by a device having processing capability.

13. A device (100) for modifying a statistical metric (107) relating to lost voice packets in a packet based voice commu-
nication system, the device (100) being configured to:

receive (S202) a statistical metric (107), the statistical metric (107) being calculated based on a sequence of
encoded voice packets (101) received by a decoder and transmitted from one or more end-points in the voice
communication system, and on one or more lost voice packets (402) which were lost during the transmission
from the one or more end-points or discarded due to latency and/or jitter in the transmission,
the device (100) characterized by being further configured to
receive (S204) recovery data (113) relating to recovered voice packets among the one or more of the lost voice
packets, wherein the recovered voice packets are recovered using a forward error correction, FEC, scheme
and FEC data (120) relating to the lost voice packets (402),
modify (S206) the statistical metric (107) based on the recovery data (113),
transmit (S208) the modified statistical metric (116) to a voice quality estimator (108) so as to reduce a prediction
error of a voice quality estimate when using the modified statistical metric (116) as input to a voice quality
estimating algorithm of the voice quality estimator (108).

Patentansprüche

1. Verfahren (200) zum Modifizieren eines statistischen Messwerts, welcher sich auf verlorene Sprachpakete in einem
paketbasierten Sprachkommunikationssystem bezieht,
Empfangen (S202) eines statistischen Messwerts (107), wobei der statistische Messwert (107) auf folgender Basis
berechnet wird:

einer Sequenz von codierten Sprachpaketen (101), welche von einem Decoder empfangen und von einem oder
mehreren Endpunkten in dem Sprachkommunikationssystem übertragen wurden, und
einem oder mehreren verlorenen Sprachpaketen (402), welche während der Übertragung von dem einen oder
den mehreren Endpunkten verloren oder aufgrund von Latenz und/oder Jitter in der Übertragung verworfen
wurden,

wobei das Verfahren durch Empfangen (S204) von Wiederherstellungsdaten (113) gekennzeichnet ist, welche sich
auf wiederhergestellte Sprachpakete unter dem einen oder den mehreren verlorenen Sprachpaketen beziehen,
wobei die wiederhergestellten Sprachpaket unter Verwendung eines Vorwärtsfehlerkorrektur, FEC-Schemas und
FEC-Daten (120), welche sich auf die verlorenen Sprachpakete (402) beziehen, wiederhergestellt werden,
Modifizieren (S206) des statistischen Messwerts (107) auf Basis der Wiederherstellungsdaten (113), und
Übertragen (S208) des modifizierten statistischen Messwerts (116) auf einen Sprachqualitätskalkulator (108), um
einen Vorhersagefehler einer Sprachqualitätsschätzung zu verringern, wenn der modifizierte statistische Messwert
(116) als Eingabe für einen Sprachqualitätsschätzungsalgorithmus des Sprachqualitätskalkulators (108) verwendet
wird.

2. Verfahren nach Anspruch 1, wobei der statistische Messwert (107) zumindest eines der folgenden umfasst oder
unter Verwendung davon berechnet wird:

eine Gesamtanzahl übertragener Sprachpakete von dem einen oder den mehreren Endpunkten in dem Sprach-
kommunikationssystem einschließlich einer Anzahl des einen oder der mehreren verlorenen Sprachpaketen,
eine Anzahl von Gruppen von aufeinander folgenden verlorenen Sprachpaketen, und
die Anzahl des einen oder der mehreren verlorenen Sprachpakete.

3. Verfahren nach einem der Ansprüche 1-2, wobei das FEC-Schema ein medienspezifisches FEC-Schema ist.

4. Verfahren nach einem der Ansprüche 1-3, wobei die Wiederherstellungsdaten (113) Informationen umfassen, welche
zu einem Wiederherstellungsfaktor jedes der wiederhergestellten Sprachpakete gehören,
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wobei der Schritt (S206) des Modifizierens des statistischen Messwerts (107) Gewichten des statistischen Messwerts
unter Verwendung des Wiederherstellungsfaktors jedes der wiederhergestellten Sprachpakete umfasst.

5. Verfahren nach Anspruch 4, wobei der Wiederherstellungsfaktor eines wiederhergestellten Sprachpakets unter
Verwendung einer zuvor trainierten Zuordnungsfunktion berechnet wird, welche zum Bestimmen eines Wiederher-
stellungsfaktors auf Basis des verwendeten FEC-Schemas und der FEC-Daten (120) trainiert wurde.

6. Verfahren nach einem der Ansprüche 4-5, wobei die FEC-Daten (120) in der Form von Datenpaketen vorliegen,
wobei eine Kopfzeile jedes Datenpakets Informationen umfasst, welche zu dem Wiederherstellungsfaktor der wie-
derhergestellten Datenpakete gehören.

7. Verfahren nach einem der Ansprüche 4-6, wobei die FEC-Daten (120) Replizierungsdaten umfassen, welche sich
zumindest auf einige des einen oder der mehreren verlorenen Datenpakete beziehen, wobei die Replizierungsdaten
mit einem Codec codiert sind, welcher eine erste Bitrate aufweist, wobei die codierten Sprachpakete, welche von
dem einen oder den mehreren Endpunkten übertragen werden, mit einem Codec codiert sind, welcher eine zweite
Bitrate aufweist, welcher höher ist als die erste Bitrate, wobei der Wiederherstellungsfaktor eines wiederhergestellten
Sprachpakets auf Basis eines Verhältnisses zwischen der ersten Bitrate und der zweiten Bitrate bestimmt wird.

8. Verfahren nach einem der Ansprüche 4-7, wobei der statistische Messwert (107) eine Anzahl von Gruppen von
aufeinander folgenden verlorenen Sprachpaketen und eine Anzahl von verlorenen Sprachpaketen umfasst, und
wobei der Schritt des Modifizierens des statistischen Messwerts umfasst:
Berechnen eines modifizierten Büschelfaktors, BFFEC, auf Basis der Anzahl von Gruppen von aufeinander folgenden
verlorenen Sprachpaketen, der Anzahl von verlorenen Sprachpaketen, dem Wiederherstellungsfaktor jedes des
einen oder der mehreren wiederhergestellten Sprachpakete, einer Anzahl von Gruppen von aufeinander folgenden
verlorenen Sprachpaketen, in welchen alle aufeinander folgende verlorene Sprachpakete in einer Gruppe wieder-
hergestellt sind, und einer Anzahl von Gruppen von aufeinander folgenden verlorenen Sprachpaketen, welche durch
ein wiederhergestelltes Sprachpaket aufgeteilt sind.

9. Verfahren nach Anspruch 8, wobei der Schritt des Berechnens eines modifizierten Büschelfaktors, BFFEC, weiter
eine Zuordnung des Wiederherstellungsfaktors eines wiederhergestellten Sprachpakets unter Verwendung einer
zuvor trainierten monoton ansteigenden, nicht linearen Zuordnungsfunktion umfasst.

10. Verfahren nach einem der Ansprüche 4-9, wobei der Schritt des Modifizierens (S206) der statistischen Messwerts
umfasst:
Berechnen eines modifizierten Paketverlustverhältnisses, PLRFEC auf Basis von:

einem Paketverlustverhältnis, PLR, welches die Anzahl von verlorenen Sprachpaketen in Relation zu einer
Gesamtzahl von übertragenen Sprachpaketen ist,
einer Anzahl des einen oder der mehreren wiederhergestellten Sprachpakete in Reaktion zu der Gesamtzahl
von übertragenen Sprachpaketen, und
dem Wiederherstellungsfaktor jedes der wiederhergestellten Sprachpakete.

11. Verfahren nach einem der Ansprüche 4-10, wobei der Wiederherstellungsfaktor für jedes der wiederhergestellten
Sprachpakete als derselbe bestimmt wird.

12. Computerprogrammprodukt, umfassend ein computerlesbares Speichermedium mit Anweisungen, welche adaptiert
sind, um das Verfahren nach einem der Ansprüche 1-11 auszuführen, wenn durch eine Vorrichtung mit Verarbei-
tungsmöglichkeiten ausgeführt.

13. Vorrichtung (100) zum Modifizieren eines statistischen Messwerts (107), welcher sich auf verlorene Sprachpakete
in einem paketbasierten Sprachkommunikationssystem bezieht, wobei die Vorrichtung (100) konfiguriert ist, um:

einen statistischen Messwert (107) zu empfangen (S202), wobei der statistische Messwert (107) auf Basis einer
Sequenz von codierten Sprachpaketen (101), welche von einem Decoder empfangen und von einem oder
mehreren Endpunkten in dem Sprachkommunikationssystem übertragen wurden, und einem oder mehreren
verlorenen Sprachpaketen (402), welche während der Übertragung von dem einen oder den mehreren End-
punkten verloren oder aufgrund von Latenz und/oder Jitter in der Übertragung verworfen wurden, berechnet wird,
wobei die Vorrichtung (100) dadurch gekennzeichnet ist, dass sie weiter konfiguriert ist, um:
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Wiederherstellungsdaten (113), welche sich auf wiederhergestellte Sprachpakete unter dem einen oder
den mehreren verlorenen Sprachpaketen beziehen, zu empfangen (S204), wobei die wiederhergestellten
Sprachpakete unter Verwendung eines Vorwärtsfehlerkorrektur, FEC-Schemas und FEC-Daten (120), wel-
che sich auf die verlorenen Sprachpakete (402) beziehen, wiederhergestellt werden,
den statistischen Messwert (107) auf Basis der Wiederherstellungsdaten (113) zu modifizieren (S206),
den modifizierten statistischen Messwert (116) an einen Sprachqualitätskalkulator (108) zu übertragen
(S208), um einen Vorhersagefehler einer Sprachqualitätsschätzung zu vermindern, wenn der modifizierte
statistische Messwert (116) als Eingabe für einen Sprachqualitätsschätzungsalgorithmus des Sprachqua-
litätskalkulators (108) verwendet wird.

Revendications

1. Procédé (200) pour la modification d’une métrique statistique relative à des paquets vocaux perdus dans un système
de communication vocale par paquets,
la réception (S202) d’une métrique statistique (107), la métrique statistique (107) étant calculée sur la base

d’une séquence de paquets vocaux codés (101) reçus par un décodeur et transmis à partir d’un ou plusieurs
points d’extrémité dans le système de communication vocale, et
d’un ou plusieurs paquets vocaux perdus (402) qui ont été perdus durant la transmission à partir des un ou
plusieurs points d’extrémité ou rejetés à cause d’une latence et/ou d’une gigue dans la transmission,

le procédé étant caractérisé par

la réception (S204) de données de récupération (113) relatives à des paquets vocaux récupérés parmi les un
ou plusieurs des paquets vocaux perdus, dans lequel les paquets vocaux récupérés sont récupérés en utilisant
un schéma de correction d’erreur sans voie de retour, FEC, et des données FEC (120) relatives aux paquets
vocaux perdus (402),
la modification (S206) de la métrique statistique (107) sur la base des données de récupération (113), et
la transmission (S208) de la métrique statistique modifiée (116) à un estimateur de qualité vocale (108) de
manière à réduire une erreur de prédiction d’une estimation de qualité vocale lors de l’utilisation de la métrique
statistique modifiée (116) comme une entrée pour un algorithme d’estimation de qualité vocale de l’estimateur
de qualité vocale (108).

2. Procédé selon la revendication 1, dans lequel la métrique statistique (107) comprend ou est calculée en utilisant
au moins un parmi :

un nombre total de paquets vocaux transmis à partir des un ou plusieurs points d’extrémité dans le système
de communication vocale, incluant un nombre des un ou plusieurs paquets vocaux perdus,
un nombre de groupes de paquets vocaux perdus consécutifs, et
le nombre des un ou plusieurs paquets vocaux perdus.

3. Procédé selon l’une quelconque des revendications 1-2, dans lequel le schéma FEC est un schéma FEC spécifique
au support.

4. Procédé selon l’une quelconque des revendications 1-3, dans lequel les données de récupération (113) comprennent
des informations concernant un facteur de récupération de chacun des paquets vocaux récupérés,
dans lequel l’étape (S206) de modification de la métrique statistique (107) comprend la pondération de la métrique
statistique en utilisant le facteur de récupération de chacun des paquets vocaux récupérés.

5. Procédé selon la revendication 4, dans lequel le facteur de récupération d’un paquet vocal récupéré est calculé en
utilisant une fonction de mappage préalablement formée, formée pour déterminer un facteur de récupération sur la
base du schéma FEC utilisé et des données FEC (120).

6. Procédé selon l’une quelconque des revendications 4-5, dans lequel les données FEC (120) sont sous la forme de
paquets de données, dans lequel un en-tête de chaque paquet de données comprend des informations concernant
le facteur de récupération des paquets vocaux récupérés.
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7. Procédé selon l’une quelconque des revendications 4-6, dans lequel les données FEC (120) comprennent des
données de réplique relatives à au moins certains des un ou plusieurs des paquets vocaux perdus, dans lequel les
données de réplique sont codées avec un codec ayant un premier débit binaire, dans lequel les paquets vocaux
codés transmis à partir des un ou plusieurs points d’extrémité sont codés avec un codec ayant un second débit
binaire qui est supérieur au premier débit binaire, dans lequel le facteur de récupération d’un paquet vocal récupéré
est déterminé sur la base d’un rapport entre le premier débit binaire et le second débit binaire.

8. Procédé selon l’une quelconque des revendications 4-7, dans lequel la métrique statistique (107) comprend un
nombre de groupes de paquets vocaux perdus consécutifs et un nombre de paquets vocaux perdus, et dans lequel
l’étape de modification de la métrique statistique comprend :

le calcul d’un facteur d’état de rafale modifié, BFFEC, sur la base du nombre de groupes de paquets vocaux
perdus consécutifs, du nombre de paquets vocaux perdus, du facteur de récupération de chacun des un ou
plusieurs paquets vocaux récupérés, d’un nombre de groupes de paquets vocaux perdus consécutifs dans
lequel tous les paquets vocaux perdus consécutifs dans un groupe sont récupérés, et d’un nombre de groupes
de paquets vocaux perdus consécutifs qui est divisé par un paquet vocal récupéré.

9. Procédé selon la revendication 8, dans lequel l’étape de calcul d’un facteur d’état de rafale modifié, BFFEC, com-
prenant en outre un mappage du facteur de récupération d’un paquet vocal récupéré en utilisant une fonction de
mappage non linéaire à croissance monotone préalablement formée.

10. Procédé selon l’une quelconque des revendications 4-9, dans lequel l’étape (S206) de modification de la métrique
statistique comprend :
le calcul d’un taux de perte de paquets modifié, PLRFEC, sur la base

d’un taux de perte de paquets, PLR, qui est le nombre de paquets vocaux perdus par rapport à un nombre total
de paquets vocaux transmis,
d’un nombre des un ou plusieurs paquets vocaux récupérés par rapport au nombre total de paquets vocaux
transmis, et
du facteur de récupération de chacun des paquets vocaux récupérés.

11. Procédé selon l’une quelconque des revendications 4-10, dans lequel le facteur de récupération pour chacun des
paquets vocaux récupérés est déterminé comme étant le même.

12. Produit de programme informatique comprenant un support de stockage lisible par ordinateur avec des instructions
adaptées pour réaliser le procédé selon l’une quelconque des revendications 1-11 quand elles sont exécutées par
un dispositif ayant une capacité de traitement.

13. Dispositif (100) pour la modification d’une métrique statistique (107) relative à des paquets vocaux perdus dans un
système de communication vocale par paquets, le dispositif (100) étant configuré pour :

recevoir (S202) une métrique statistique (107), la métrique statistique (107) étant calculée sur la base d’une
séquence de paquets vocaux codés (101) reçus par un décodeur et transmis à partir d’un ou plusieurs points
d’extrémité dans le système de communication vocale, et d’un ou plusieurs paquets vocaux perdus (402) qui
ont été perdus durant la transmission à partir des un ou plusieurs points d’extrémité ou rejetés à cause d’une
latence et/ou d’une gigue dans la transmission,
le dispositif (100) étant caractérisé en ce qu’il est configuré en outre pour

recevoir (S204) des données de récupération (113) relatives à des paquets vocaux récupérés parmi les
un ou plusieurs des paquets vocaux perdus, dans lequel les paquets vocaux récupérés sont récupérés en
utilisant un schéma de correction d’erreur sans voie de retour, FEC, et des données FEC (120) relatives
aux paquets vocaux perdus (402),
modifier (S206) la métrique statistique (107) sur la base des données de récupération (113),
transmettre (S208) la métrique statistique modifiée (116) à un estimateur de qualité vocale (108) de manière
à réduire une erreur de prédiction d’une estimation de qualité vocale lors de l’utilisation de la métrique
statistique modifiée (116) comme une entrée pour un algorithme d’estimation de qualité vocale de l’esti-
mateur de qualité vocale (108).
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