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Synthesizing comfort noise
FIELD OF THE INVENTION

The invention relates to a method for synthesizing
comfort noise. The invention relates equally to an
apparatus, to an audio receiver, to an electronic device
and to a system synthesizing comfort nolse. The invention
relates further to a software program product storing a

software code for synthesizing comfort noise.
BACKGROUND OF THE INVENTION

For a transmission of voice, speech frames may be encoded
at a transmitter, transmitted Via a network, and decoded

again at a receiver for presentation to a user.’

During periods when the transmitter has no active speech
to transmit, the normal transmission of speech frames may

be switched off. The encoder may generate during these

- periods instead a set of comfort noise parameters

describing the background noise that is present at the

'transmitter{ These comfort noise parameters may be sent

to the receiver, usually at a reduced bit-rate and/or at
a reduced transmission interval compared to the speech
frames. The receiver uses the comfort noise parameters to
synthesize an artificial, noise-like signal having
characteristics close to those of the background noise

signal present at the transmitter.

In the Adaptive Multi-Rate {(AMR) speech codec, for

example, the comfort noise parameters used for comfort
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noise generation are linear prediction (LP) synthesis
filter coefficients describing the spectral contents of
the background noise signal and a gain factor
representing the energy of the background noise signal.
These parameters are tféhsmitted from the transmitter to
the receiver in silence descriptor (SID) frames at 160 ms
intervals, instead of the 20 ms intervals used for active
speech. At the receiver, a comfort noise signal is then
generated by first constructing an excitation signal for
an LP synthesis filter. The excitation signal is
constructed by creating four subframes, each subframe
including ten non-zero pulses at random positiorns. The
signal level is brought to the desired level by
multiplying the pulse amplitudes by the received gain
factor. The final comfort noise signal is created by
applying an LP synthesis filter with the received LP
synthesis filter coefficlents to the locally generated
excitation signal. It has to be noted that while the SID
frames are only transmitted in intervals of 160 ms, new
comfort noise frames are synthesized nevertheless at

20 mg intervals. The comfort noise parameters for the
comfort noise frames between the SID updates are
interpolated using the comfort noise parameters in the
most recent received SID frames. That is, following upon
each comfort noise frame that is synthesized based on a
set of comfort noise parameters received in a SID frame,
there are seven comfort noise frames that are synthesized

based on interpolated comfort noise parameters:

Audio signals including speech frames and comfort noise
parameters may be transmitted from a transmitter to a
receiver for instance via a packet switched network, such

as the Internet.
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The nature of packet switched communications typically
introduces variations to the transmission times of the
packets, known ags jitter, which is seen by the receiver
as packets arriving at‘irrégular intervals. In addition
to packet loss conditions, network jitter is a major
hurdle especially for conversational Speech services that

are provided by means of packet switched networks.

More specifically, an audio playback component of an
audio receiver operating in real-time requires a constant
input to maintain a good sound gquality. Even short
interruptions should be prevented. Thus, if some. packets
comprising audio frames arrive only after the audio
frames are needed for decoding and further processing,
those packets and the included audioc frames are
considered as lost. The audio decoder will perform efror
concealment to compensate for the audio signal carried in
the lost frames.'Obviously, extensive error concealment

will reduce the sound quality as well, though,

Typically, a jitter buffer ig therefore utilized to hide
the irregular packet arrival times and to provide a
continuous input to the decoder and a subsequent audio
playback component. The jitter buffer stores to this end
incoming audio frames for a predetermined amount of time.
This time may be gpecified for instance upon reception'of'
the first packet of a packet streém. A jitter buffer
introduces, however, an additional delay component, since
the received packets are stored before further
processing. This increases the end-to-end delay. A jitter

buffer can be characterized by the average buffering
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delay and the resulting proportion of delayed frames

among all received frames.

A jitter buffer using a fixed delay is inevitably a

-compromise between a low end-to-end delay and a low

number of delayed frames, and finding an optimal tradeoff
is not an easy'task. Although there can be special
envirdnments and applications where the amount of
expected jitter can be estimated to remain within-
predetermined limits, in general the jitter can vary from
zero to hundreds of milliseconds - even within the same
session. Using a fixed delay that is set to a
sufficiently large value to cover the jitter according to
an expected worst case scenario would keep the number of
delayed frames in control, but at the same time there is
a risk of introducing_an.end—to—end_delay that is too
long to enable a natural conversation. Therefore,
applying a fixed buffering is not the optimal choice in
most audio transmission applications operating over a

packet switched network.

An adaptive jitter buffer can be used for dynamically
controlling the balance between a sufficiently short
delay and a sufficiently low number of delayed frames. In
this approach, the incoming packet stream is monitored
constantly, and the buffering delay is adjusted according
to observed changes in the delay behavior of the incoming
packet stream. Ih case the transmission delay seems to
increase or the jitter is getting worse, the buffering
delay is increased to meet the network conditions. In an
opposite situation, the buffering delay can be reduced,

and hence, the overall end-to-end delay is minimized.
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Since the audio playbadk component needs a regular input,
the buffer adjustment is not completely straightforward,
though. A problem arises from the fact that if the
buffering delay is reduced, the audio gsignal that is
provided to the playback component néeds to be shortened
to compensate for the shorténed buffering delay, and on
the other hand, if the buffering delay is increased, the
audio signal has to be lengthened to compensate for the

increased buffering delay.

A time scale modification of an active speech signal can
be used for enabling a fast and flexible buffering delay
adjustment, but such a time scale modification may
introduce voice quality and intelligibility problems. In
andther'approach, the buffering delay adjustment could be
restricted to cccur only during comfort noise periods -
for example in the beginning of a comfort noise period.
While this somewhat limits the flexibility of the
adjustment operation, the time scaling of a comfort noise
signal can be expected not to degrade the subjective

voice quality.

For Voice over IP (VoIP) applications, for example, it is
known to adapt the comfort noise signal to an increasing
or decreasing buffer delay by discarding or repeating a
part of the generated comfort noise signal between the
periods of active speech. However, a straightforward
removal 6r répetition of parts of a comfort noise signal
is not an optimal choice in terms of audio quality
either. Removal or repetition of a signal part introduces
a point of discontinuity in the resulting time scaled
comfort noise signal that may be noticed by a user as

quality degradation.



10

15

20

25

30

WO 2007/129243 PCT/IB2007/051507

In case short segments of the comfort noilise signal are
removed or repeated, 1t is possible that sudden local
energy variations are introduced unintentionally. This
may happen for example when a segment of comfort noise
containing a relatively high number of randomly placed
non-zero pulses is removed, or when a segment of comfort
noise containing a relatively low number of randomly
placed non-zero pulses is repeated. Furthermore,
repeating a segment of the comfort noise signal may
introduce an undesired periodic pattern, which may
introduce annoying audible effect to the time scaled

output signal.

In case long segments of the comfort noise signal are
removed or repeated, the point of discontinuity may
result in a significant sudden change of the signal
level, for example in case there is a decreasing or
incfeasing trend in the signal level. This may result in
a clearly audible ‘click’ in the played back modified

comfort noise signal.
SUMMARY OF THE INVENTION

It is an object of the invention to improve the audio

quality of an audio signal including comfort noise.

A method is proposed, which comprises synthesizing a
comfort noise signal. The method further comprises
performing a time scaling as an integral part of this

comfort noise signal synthesis.
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Moreover, an apparatus is proposed, which comprises a
comfort noise generator configured to synthesize a
comfort noise signal and to perform a time scaling as an

integral part of the comfort noise signal synthesis.

The comfort noise generator can be realized in hardware
and/or in software. The apparatus could be for instance a
processor executing a corresponding software program
code. Alternatively, the apparatus could be or comprise
for instance a chipset with at least one chip, i.e., an
integrated circuit, where the comfort noise generator is

realized by a circuit implemented on this chip.

Moreover, an audio receiver is proposed, which comprises
the proposed apparatus and in addition a time scaling
control logic configured to determine a required amount

of time scaling, which is to be applied by the apparatus.

Moreover, an electronic device is proposed, which
compfises the proposed apparatus and in addition a
playback component configured to playback a comfort noise

signal synthesized by the apparatus.

Moreover, a system 1is proposed, which comprises a packet
switched network, a transmitter configured to provide
comfort noise parameters for transmission via the packet
switched network and a receiver configured to recelve |
comfort noise parameters via the packet switched network.
The receiver includes a comfort noise generator that is
configured to synthesize a comfort noise signal based on
comfort noise parameters received by the receiver and to
perform a.time scaling as an integral part of the comfort

noise signal synthesis.
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Finally, a software program product is proposed, in which
a software program code is stored in a readable medium.
When being gxecuted by a processor, the gqftware program
code realizes the proposed method. The software program
product can be for example a separate memory device or a
memory that is to be implemented in an audio receiver,

etc.

The invention proceeds from the consideration that the

unfavorable repetition or removal of a segment of a

‘generated comfort noise signal can be avoided, if the

comfort noise signal is generated with the currently
required signal length. It is therefore proposed that the
synthesis of the comfort noise signal takes account of

the required time scaling.

It ig an advantage of the invention that it allows
gynthesizing the comfort ncocise signal from the outset
with the desired length. Thereby, points of discontinuity
resulting with a removal or a repetition of a segment of
the comfort noise signal can be aﬁoided. Thus, the sound
quality of the comfort noise is improved. The proposed
approach can further be realized with very low-

complexity.

The invention can be employed for example for a time

scaling compensating for a changing buffering delay. In

. one embodiment of the invention, audio data, which is

recelved via a packet switched network, is buffered in an
adaptive jitter buffer. Such audic data may comprise for
instance speech frames and frames including comfort noise

parameters that can be used as a basis for the synthesis
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of the comfort noise signal. Moreover, a ratio is
determined between a required length of a comfort noise
signal, which required length depends on reception
statistics on the audio data, to a default length of a
comfort noise signal. Such reception.statistics are
suited to indicate any change of the buffering delay in
the adaptive jittef buffer. The time scaling may then be
performed in accordance with this determined ratio. The
decision on whether and to which extent to apply a time
scaling during a comfort nolse period can be made for
example inter alia based on the reception statistics
during an active speech period preceding the comfort
noise period.

In one embodiment of the invention, the time scaling
comprises adjusting the energy per time unit of the
comfort noise signal, that is, the signal power, to
approach the energy per time unit that would result
without time scaling. The transition to and from a
modified comfort noise signal can be smooth and does not

introduce ény audible artifacts. This ensures that the

‘time-scaling is hidden entirely from the user.

In cone embodiment of the invention, synthesizing a
comfort noise signal comprises generating an excitation
signal and applying a linear prediction synthesis
filtering to the excitation signal. In this case, the
integrated time scaling may be realized for instance by

time scaling the excitation signal.

A time scaled excitation signal may be generated for
example by creating an excitation signal, which has a

length that corresponds to a desired length of the
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comfort noise signal and which includes a number of non-
zero pulses that is adjusted to the desired length. That
is, a shorter excitation signal will have less non-zero
pulses than a longer excitation signal. A sultably
seiected number of pulses guarantees that the signal
level and thus the energy per time unit remains at the

desired level without any additional computations.

An excitation signal may be composed of a predetermined
or a variable number of subframes, even though this is
not indispensable. The length of the subframes can be
determined by adjusting a default length of a subframe in
accordance with a ratio between a desired length of the
comfort noise signal and a default length of a comfort
noise éignal. FEach of the subframes may include a
selected number of non-zero pulses at random positions.
The selected number of non-zero pulses can be determined
by adjusting a default number of pulses per subframe

according to the indicated ratio.

The length of the subframes is advantageocusly selected to
lie between a predetermined maximum value and a
predetermined minimum value. This can be achieved for
instance by adjusting a determined ratio to lie within a
predetermined range before it is used for determining the
length of the subframes. Alternatively, the length of the
subframes could be determined_based on an unconfined |
ratio, and the determined length could then be adjusted,
if required, to lie within a predetermined range. Also
the number of non-zero pulses is advantageously selected
to lie between a predetermined maximum value and a

predetermined minimum value.

10
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Providing a minimum length for the subframes may be
beneficial, because with a very short subframe length,
the changed number of non-zero pulses might give a poor
estimate of the desired signal power. The reason for this
effect is that while the subframes may be continuously
scaled to any length, the adjusted number of non-zero
pulses per subframe has always to be an integer value.
This problem might alsc be alleviated by using different

subframe lengths in one frame if needed.

In a practical implementation, it might moreover be a
problem to use subframes that are too short. Such frames
could result in running a respective comfort noise
generation too fregquently, for example, 1in conly a few
millisecond intervals. Suéh might not be feasible on all

platforms.

Providing a maximum length for the subframes has the
advantage that it is guited to limit the amount of memory
that is needed for handling the extended subframes and

frames.

In a particularly simpie approach, the subframes of a
respective excitation signal have the same length and the
same number of non-zero pulses. It is to be understood,
though, that the length and the number of non-zero pulses
could also be selected individually for each subframe.
Thig might enable a particularly fast adaptation to a
required change even within a single frame of comfort
noise signal. Further, as mentioned above, it might allow
minimizing the discrepancy between a desired signal power

and an achieved signal power in each subframe.

1
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The invention can be applied to any type of audio codec,
in particular, though not exclusively, to any type of
speech codec, like the AMR codec or the Adaptive Multi-
Rate Wideband (AMR-WB) codec. Further, it can be used for

instance for VoIP.

Other objects and features of the present invéntion will
become apparent from the following detailed description
considered in conjunction with the accompanying drawings.
It is to be understood, however, that the drawings are
designed scolely for purposes of illustration and not as a
definition of the limits of the invention, for which

reference should be made to the appended claims. It

‘should be further understood that the drawings are not

drawn to scale and that they are merely intended to
conceptually illustrate the structures and procedures

described herein.
BRIEF DESCRIPTION OF THE FIGURES

Fig..l is a schematic block diagram of a transmission
| system according to an embodiment of the |
invention; and
Fig. 2 is a flow chart illustrating an operation in the

audio receiver of Figure 1.
DETAILED DESCRIPTICN OF THE INVENTION

Figure 1 is a schematic block diagram of an exemplary
AMR-based transmission system, in which an enhanced
comfort noise generation according to an embodiment of

the invention may be implemented.

12
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The system comprises an electronic device 110 with an
audio transmitter 111, a packet switched communication
network 120 and an electronic device 130 with an audio

receiver 131.

The input of the audio receiver 131 is connected within
the audio receiver 131 on the one hand to a jitter buffer
132 and on the other hand to a network analyzer 133. The
jitter buffer 132 is connected via a decoder 134 to the
output of the audioc receiver 131, A control signal output
of the network analyzer 133 is connected to a first
control input of a time scaling control logic 135, while
a control signal output of the jitter buffer 132 is
connected to a second control input of the time scaling
control logic 135. A control signal output of the time
scaling control logic 135 is further connected to a
control input of the decoder 134.

The decoder 134 includes a speech frame decoder 140 and a
comfort noised generator 150. The speech frame decoder
140 may include or be followed by a time scaling
component (not shown). The comfort noise generator 150
comprises an excitation signal generator 151, which is
linked via a multiplier component 152 of the comfort
noised generator 150 to an LP synthesis filter component

153 of the comfort noised generator 150.

The comfort noise generator 150 or the entire decoder 134
may be implemented by a software code that can be
executed by a processor (not shown) of the electronic
device 131. It is to be understood that the same
processor could execute in addition software codes

realizing other functions of the audio receiver 131 or,

13
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in general, of the electronic device 130. It has to be
noted that, alternatively, the functiong of the comfort
noise generator could be realized by hardware, for

instance by a circuit integrated in a chip or a chipset.

The output of the audio receiver 131 may be connected to
a playback component 136 of the electronic device 130,

for example to loudspeakers.

It is to be understood that the presented architecture of
the audio receiver 131 of Figure 1 is only intended to
illustrate the basic 1ogica1 functionality of an
exemplary audio receiverlaccording to the invention. In a
practica1,implementation, the fepresented functions can
be allocated differéntly to proceésing blocks.,
Furthermore, there may be additional procesgsgsing blocks,
and some components, like the buffer 132, may even be
arranged outside of the audio receiver 131. With that in
mind, the functions illustrated by the comfort noise
generator 150 can be viewed as means for synthesizing a
comfort noise signal while the excitation signal
generator 151 can be viewed as means for performing a
time scaling in accordance with a determined ratio
between a required length of the comfort hoise signal and
a default length as an integral part of the comfort noise
synthesis; Other functions shown in Fig. 1 such as the
control logic 135 or the network analyzer or both may in
some but not all cases also be viewed as forming a part
of the means for time scaling or the meang for
synthesizing, or both, since their functions overlap in
the sense that the time scaling is performed as an
integral part of the disclosed comfort noise synthesis,

as described in more detail below. However, the time

14
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scaling control logic 135, either alone or together with
the network analyzer 133, may instead be viewed as
separate means for determining the above-mentioned ratio
betWeen a required length of the comfort noise signal and
a default length as described in more detail below. The
buffer 132 may be viewed as means for buffering the audio

data within the audic receiver.

Apart from the generation of a comfort noise signal, the
presented system may be implemented just like a
conventional system in which audio data is transmitted

from an audio transmitter to an audio receiver.

When speech is to be transmitted from electronic device
110 to electronic device 130, for insténce in the scope
of a VoIP session, the audio transnmitter 111 assembles
audio frames and transmits them via the packet switched
communication network 120 to the audio receiver 131, as
known from the art. The audio frames may be partly active
speech frames and partly SID frames. Active speech frames
are transmitted at 20 ms intervals, while SID frames are
transmitted at 160 ms intervals. The SID frames comprise
35 bits of comfort noise parameﬁers describiﬂg the
background noise present at the transmitting end. The
comfort noise parameters may include LP synthesis filter
coefficients and gain factors that are generated in a

conventional manner by the audio transmitter 111.

The jitter buffer 132 stores received audio frames
waiting for deéoding and ﬁlayback. The jitter buffer 132
may have the capability to arrange received frames into
the correct decoding order and to provide the arranged

frames - or information about missing frames - in

16



10

15

20

25

30

WO 2007/129243 PCT/IB2007/051507

sequence to the decoder 134 upon request. In addition,
the jitter buffer 132 provides information about its
status to the time scaling control logic 135. The network
analyzer 133 computes a set of parameters describing the
current reception characteristics based on frame
reception statistics and the timing of received frames
and provides the set of parameters to the time scaling
control logic 135 shown as a network status signal in
Fig. 1. Based on the received information, the time
scaling control logic 135 determines the need for a
changing buffering delay and gives corresponding time
scaling commands shown as a scaling request signal in
Fig. 1 to the decoder 134. The used average buffering
delay'does not have to be an integer multiple of the
input frame length. The optimal average buffering delay
is the one that minimizes the buffering time without any

frames arriving late.

The decoder 134 retrieves an audio frame from the buffer
132 whenever new data is requested by the playback
component 136, unless the new data is currently to be
generated based on previously retrieved SID frames. In
case a retrieved audio frame is a speech frame, it is
provided to the speech frame decoder 140. In case a
retrieved audio frame is an SID frame, it is provided to

the comfort noise generator 150,

The speech frame decoder 140 deccdes received speech
frames, applies a time scaling in accordance with a
current time scaling request from the time scaling
control logic 135, and provides the decoded and time
scaled speech frames to the playback component 136 for

16
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presentation to a user. The decoding and time scaling of

the speech frames may be realized in any suitable manner.

The comfort noise generator 150 extracts comfort noise
parameters from received SID frames. Inrbetween the”
reception of two SID frames, the comfort noise generator
150 moreover interpolates sets of comfort noise
parameters based on the comfort noise parameters
extracted from preceding SID frames. Further, it
generates comfort noise signals based the extracted or
interpolated comfort noise parameters such that the
generated comfort noise signals are already time scaled
in accordance with a current time scaling request from
the time scaling control logic 135, The generated comfort
noise signals are equally provided to the playback

component 136 for presentation to a user.

The generation of comfort noise signals will now be
described in more detail with reference to the flow chart
of Figure 2. Figure 2 presents on the left hand side a
step which may for example be performed by the time

scaling control logic 135 and on the right hand side the

. steps which may for example be performed by the comfort

noise generator 150.

As mentioned above, the time scaling control logic 135
receives information on the network status from the
network analyzer 133 and information on the buffer status
from the jitter buffer 132. Based on this information, it
determines whether a change of the buffering delay is
impending and, if so, it determines in addition the
amount of time scaling that is required for compensating

for the change (step 201). When network characteristics

17
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and buffer status indicate an increasing delay, some
frames have to be lengthened by an appropriate amount so
that the playback component 136 requests new data at a
lower rate in order to prevent a bqﬁfer underflow while
the buffering delay is being increased. When network
characteristice and buffer status indicate a decreasing

delay, some frames have to be shortened by an appropriate

“amount so that the playback component 136 requests new

data at a higher rate in order to prevent a buffer
overflow while the buffering delay is being decreased.
The required amount of time scaling can be determined for
instance in the form of a time scale modification ratio,
that is, the required length of the time scaled ocutput
signal divided by the normal or default output length.

The time scaling contrcel logic 135 generates a time
scaling request or equivalent command including the
required time scale modification ratio and provides it to
the decoder 134.

In case the next frame that is to be provided to the

playback component 136 is a comfort noise frame, the

excitation signal generator 151 receives the time scaling

request or command and calculates the length of four
subframes of an excitation signal based on the time scale
modification ratio included in the time scaling request
or command (step 211). This length Lg: can be calculated

for example based on the following eguation:
Lout = ¥ * Luorn, Tnin £r < Yrax

where Lpern 18 the nominal or default length of the

subframes. In the case of AMR, this nominal or default

18
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length is 40 samples, which corresponds to 5 ms. r is the
time scale modification ratio, which is adjusted not to
fall short of a lower limit rnin and not to exceed an
upper limit nwx,_if required. In the case of AMR, rnin

could be'for instance equal to 0.25 and rupx could be for

instance equal to 2. v

The excitation signal generator 151 calculates in
addition the number of non-zero pulses in each subframe
cf the excitation signal (step 212). The number of non-
zerd pulses N, is calculated as well based on the time
scale modification ratio, for example in accordance with

the following equation:
N, = round(r * E&oﬁd

Here, Npom 18 the nominal number of non-zeroc pulses in a
normal comfort noise subframe having the nominal or
default length Ljomm. FoOr AMR, this nominal number of non-
zero pulses is ten per subframe. r is again the time
scale modification ratio, which is adjusted not to fall
short of the lower limit rni, and not to exceed the upper
limit rpax, if required. The function round(} represents

rounding to the nearest integer value.

The above mentioned effect of the selected lower limit
rnin O the accuracy of the achieved sigﬁal power can be
explained more clearly by means of an example. If the
ratio is set for instance to r=0.15, the number of non-
zero pulses will be N, = round(0.15*10) = 2. However, the
number of pulses that would give the desired signal power
would be 1.5, thus the difference is (2-1.5)/1.5 = 33%.

If the ratio is set in contrast to r=0.55, the maximum
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deviation from the desired number of pulses would be N, =
round(0.55%10) = 6, while the optimal number of pulses
would be 5.5, leading to a difference of only (6-5.5)/5.5
= 9%. Thus, it is beneficial to provide a lower limit for
the ratio r in order to guarantee a certain accuracy of
the achieved signal power. Alternatively or in addition,
it could be beneficial to use subframe lengths that
minimize the difference between the fractional number of
pulses that would give the desired signal power and a
rounded number of pulses, for example by using different

subframe lengths within a frame if needed.

The excitation signal generator 151 may now generate an
excitation signal including four subframes of the
calculated length Loy:, each subframe with N, randomly

places non-zero pulses (step 213).

The excitation signal subframes are provided to the
maltiplier component 152. The multiplier component 152
multiplies the amplitude of the non-zero pulses in the

received subframes with the gain factor in the received

or interpolated comfort noise parameters (step 214).

The resulting excitation signal subframes are then

providéd‘to the LP synthegis filter component 153.

The LP synthesis filter component 153 configures an LP
synthesis filter with the LP synthesis filter
coefficients in the received or interpolated comfort
noise parameters. This filter is then applied to the four
generated subframes of an excitation signal to obtain a
time scaled comfort noise signal {(step 215). The time

scaled comfort noise signals - or frames - are equally
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provided to the playback component 136 for presentation

to a user.

The presented embodiment of the invention ensures that a
comfort noise signal hés a basically constént raéio of
non-zero pulses per time unit, regardiess of any applied
time scaling. Consequently, also the energy of the signal
per time unit, that is, the signal power, remains
constant. Any change in the length of the comfort noise
signal is thereby hidden from the user. Moreover, the
gain factors that are received in the SID frames or that
are interpolated can be used without any modification,
gsince the suitably selected number c¢f pulses guarantees

that the signal level remains at the desired level

‘without any additional computation.

It has to be noted that although the presented embodiment
of the invention has been described specifically for AMR,
the same mechanism can be applied to any codec using
similar mechanism for comfort noise generation, another

example being for instance AMR-WB.

While there have been shown and described and pointed out
fundamental novel features of the invention as applied to
a preferred embodiment thereof, it will be understood
that various omissions and substitutions and changes in
the form and details of the devices_and methods described
may be made by those skilled in the art without departing
from the spirit of the invention. For exampie, it is
expressly intended that all combinations of those
elements and/or method steps which perform subétantially'
thé same function .in substantially the same way to

achieve the same results are within the scope of the
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invention. Moreover, it should be recognized that
structures and/or elements and/or method steps shown
and/or described in connection with any disclosed form or
embodiment of the invention may be incorporated in any
other disclosed or described or suggested form or
embodiment as a general matter of design choice. It is
the intention, therefore, to be limited only as indicated
by the scope of the claims appended hereto. Furthermore,
in the claims means-plus-function clauses are intended to
cover the structures described herein as performing the
recited function and not only structural equivalents, but

also equivalent structures.
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wWhat is claimed is:

A method comprising:
synthesizing a comfort noise signal, and
performing a time scaling as an integral part of

said comfort noise signal synthesis.

The method according to claim 1, further comprising:

buffering audio data, which is received via a
packet switched network, in an adaptive jitter
buffer;

determining a ratio between a required length of
said comfort noise signal, which required length
depends on reception statistics on said audio data,
to a default length of a comfort noise signal; and

performing said time scaling in accordance with

said determined ratio.

The method according to claim 1 or 2, wherein said
time scaling comprises adjusting an energy per time
unit of said comfort noise signal to approach an

energy per time unit that would result without time

scaling.

The method according to one of claims 1 to 3, wherein
sald synthesizing of a comfort noise signal comprises
generating a time scaled excitation signal and
applying a linear prediction synthesis filtering to

said time scaled excitation signal.

The method according to claim 4, wherein generating

csaid time gcaled excitation signal comprises creating
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an excitation signal having a length which
corresponds to a desired length of said comfort noise
signal and including a number of non-zero pulses

which is adjusted to said desired length.

The method according to claim 4 or 5, wherein
generating said time scaled excitation signal
comprises creating a number of subframes for said
excitation signal, a length of said subframes being
determined by adjusting a default length of a
subframe in accordance with a ratio between a desired
length of said comfort noise signal and a default

length of a comfort noise signal.

The method according to claim 6, wherein said length
of said subframes is selected in addition to lie
between a predetermined maximum value and a

predetermined minimum value.

The method according to claim 6 or 7, wherein
generating salid time écaled éxcitation signal further
comprises including é selected number of non-zero
pulses at random positions in each-of said subframes,
said selected number of non-zerc pulses being
determined by adjusting a default number of pulses

per subframe according to said ratio.

The method according to one of claims 1 to 8, wherein
said comfort noise signal is synthesized in the scope
of one of an adaptive multirate coding and an

adaptive multirate wideband‘coding,
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10. An apparatus comprising a comfort noise generator

11.

12.

13.

14.

configured to synthesize a comfort noise signal and

"to perform a time scaling as an integral part of said

comfort noise signal synthesis.

The apparatus according to claim 10, wherein said
comfort noise generator is configured to perform a
time scaling which comprises adjusting an energy per
time unit of said comfort noise signal to approach an
energy per time unit that would result without time
scaling.

The apparatus according to c¢laim 10 or 11, whereinh .

said comfort noise generator comprises an excitation

signal generator configured.to generate a time scaled
excitation signal and a linear prediction synthesis
filter arranged to filter said time scaled excitation

signal for synthesizing said comfort noise signal.

The apparatus according to claim 12, wherein said
excitation sigﬁal generator is configured to generate
said time scaled excitation signal by creating an
excitation signal having a length which corresponds
to a desired length of said comfort noise signal and
including a number of non-zero pulses which is

adjusted to said desired length.

The apparatus according to claim 12 or 13, wherein
said excitation signal generator is configured to
generate said time scaled excitation signal by
creating a number of subframes for said excitation
signal, a 1ength.of salid subframes being determined

by adjusting a default length of a subframe in
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15.

16.

17.

18.

19.

accordance with a ratio between a desired length of
said comfort noise signal and a default length of a

comfort noise signal.

The apparatus aécording to claim 14, wherein said
excitation signal generator is configured to select
said length of said subframes in addition to lie
between a predetermined maximum value and a

predetermined minimum value,

The apparatus according to claim 14 or 15, wherein
said excitation signal generator is configured to
generate said time scaled excitation signal further
by including a selected number of non-zero pulses at
random positions in each of said subframes, said
selected number of non-zero pulses being determined
by adjusting a défault number of pulses per subframe

according to said ratio.

The apparatus according to one of claims 10 to 16,
wherein Said comfort noise generator is configured to
synthesized said comfort noise signal in the scope of
one of an adaptivermultirate coding and an adaptive

multirate wideband coding.

The apparatus according to one of claims 10 to 17,
wherein said apparatus is a chipset with at least one

chip.
An audio receiver comprising:

an apparatus. according to one of claims 10 to 18;

and

26



10

15

20

25

30

WO 2007/129243 PCT/IB2007/051507

20.

21.

22.

23.

24.

a time scaling control logic configured to
determine a required amount of time scaling, which is

to be applied by sald apparatus.

The audio recelver according to claim 19, wherein
said time scaling contrel logic is configured to
determine a ratio between a regquired length of said
comfort noise signal, which required length depends
on reception statistics on said audio data, to a
default length of a comfort noise signal, and wherein
said comfort noise generator is configured to perform
said time scaling in accordance with said determined

ratio.

The audio réceivér according to claim 19 or 20,

further compriging:
an adaptive jitter buffer arranged to buffer
audio data, which is received via a packet switched

network.

The audio receiver according to one of claims 19 to
21, further comprising one of an adaptive multirate
decoder and an adaptive multirate wideband decoder

including said comfort noise generator.

An electronic device comprising:

an apparatus according to cne of claims 10 to 18;
and

a playback component configured to playback a
comfort noise signal synthesized by said apparatus.

A system comprising a transmitter configured to

provide comfort noise parameters for transmission via
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25.

26.

27.

28.

30

a packet switched network and a receiver configured
to receive comfort ﬁoise parameters via said packet
switched network, sald receiver including a comfort
neoise generator configured to synthesize a comfort
noise signal based on comfort noise parameters
received by said receiver and to perform a time
scaling as an integral part of said comfort noise

signal synthesis.

A software code, which realizes the following when
being executed by a processor:
synthesizing a comfort noise signal; and
performing a time scaling as an integral part of

said comfort noise signal synthesis.

The software code according to claim 25, wherein said
synthesizing ¢of a comfort noise signal comprises
generating a time scaled excitation signal and
applying a linear prédiction synthesis filtering to

said time scaled excitation signal.

The software code according to claim 26, wherein
generating.said time scaled excitation signal
comprises creating an excitation signal having a
length which corresponds to a desired length of said
comfort noise signal and including a number of non-

zero pulses which is adjusted to said.desired length.

The software code according to claim 26 or 27,
wherein generating said time scaled excitation signal
comprises creating a number of subframes for said
excitation signal, a 1éngth.of said subframes being

determined by adjusting a default length of a
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29,

30.

3.

subframe in accordance with a ratio between a desired
length of said comfort noise signal and a default

length of a comfort noise signal.

A sgsoftware program product in which a software code
according to one of claims 26 to 28 is stored in a

computer readable medium.

Apparatus comprising:
means for synthesizing a comfort noise signal; and
means for performing a time scaling as an integral

part of said comfort noise signal synthesis.

The apparatus of claim 30, further comprising:.

means for buffering audio data, which is received
via a packet switched network, in an adaptive jitter
buffer;

means for determining'a ratio between a required
length of said comfort noise signal, which required
length depends on reception statistics on said audiQ
data, to a default length of a comfort noise signal;
and |

means for performing said time scaling in

accordance with gsaid determined ratio.
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CN generator

Determine required time
scale modification ratio
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Calculate length of subframes of
excitation signal according to
provided ratio within predetermined
min and max value

Calculate number of non-zero pulses
per subframe for provided ratio

|~ 212

Construct excitation signal including

subframes of determined length with
determined no. of non-zero pulses at
random positions

|~ 213

gain

Multiply amplitude of pulses with
provided gain factor

h 4
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Filter subframes with LP synthesis
filter using provided LP coefficients to
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