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GENERATION OF COMFORT NOISE 

TECHNICAL FIELD 

The proposed technology generally relates to generation 
of comfort noise (CN), and particularly to generation of 
comfort noise control parameters. 

BACKGROUND 

In coding systems used for conversational speech it is 
common to use discontinuous transmission (DTX) to 
increase the efficiency of the encoding. This is motivated by 
large amounts of pauses embedded in the conversational 
speech, e.g. while one person is talking the other one is 
listening. By using DTX the speech encoder can be active 
only about 50 percent of the time on average. Examples of 
codecs that have this feature are the 3GPP Adaptive Multi 
Rate Narrowband (AMR NB) codec and the ITU-T G.718 
codec. 

In DTX operation active frames are coded in the normal 
codec modes, while inactive signal periods between active 
regions are represented with comfort noise. Signal describ 
ing parameters are extracted and encoded in the encoder and 
transmitted to the decoder in silence insertion description 
(SID) frames. The SID frames are transmitted at a reduced 
frame rate and a lower bit rate than used for the active speech 
coding mode(s). Between the SID frames no information 
about the signal characteristics is transmitted. Due to the low 
SID rate the comfort noise can only represent relatively 
stationary properties compared to the active signal frame 
coding. In the decoder the received parameters are decoded 
and used to characterize the comfort noise. 

For high quality DTX operation, i.e. without degraded 
speech quality, it is important to detect the periods of speech 
in the input signal. This is done by using a voice activity 
detector (VAD) or a sound activity detector (SAD). FIG. 1 
shows a block diagram of a generalized VAD, which analy 
ses the input signal in data frames (of 5-30 ms depending on 
the implementation), and produces an activity decision for 
each frame. 
A preliminary activity decision (Primary VAD Decision) 

is made in a primary voice detector 12 by comparison of 
features for the current frame estimated by a feature extrac 
tor 10 and background features estimated from previous 
input frames by a background estimation block 14. A 
difference larger than a specified threshold causes the active 
primary decision. In a hangover addition block 16 the 
primary decision is extended on the basis of past primary 
decisions to form the final activity decision (Final VAD 
Decision). The main reason for using hangover is to reduce 
the risk of mid and backend clipping in speech segments. 

For speech codecs based on linear prediction (LP), e.g. 
G.718, it is reasonable to model the envelope and frame 
energy using a similar representation as for the active 
frames. This is beneficial since the memory requirements 
and complexity for the codec can be reduced by common 
functionality between the different modes in DTX operation. 

For such codecs the comfort noise can be represented by 
its LP coefficients (also known as auto regressive (AR) 
coefficients) and the energy of the LP residual, i.e. the signal 
that as input to the LP model gives the reference audio 
segment. In the decoder, a residual signal is generated in the 
excitation generator as random noise which gets shaped by 
the CN parameters to form the comfort noise. 
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2 
The LP coefficients are typically obtained by computing 

the autocorrelations rk of the windowed audio segments 
Xn, n=0, . . . , N-1 in accordance with: 

(1) 

where P is the pre-defined model order. Then the LP 
coefficients at are obtained from the autocorrelation 
sequence using e.g. the Levinson-Durbin algorithm. 

In a communication system where such a codec is uti 
lized, the LP coefficients should be efficiently transmitted 
from the encoder to the decoder. For this reason more 
compact representations that may be less sensitive to quan 
tization noise are commonly used. For example, the LP 
coefficients can be transformed into linear spectral pairs 
(LSP). In alternative implementations the LP coefficients 
may instead be converted to the immitance spectrum pairs 
(ISP), line spectrum frequencies (LSF) or immitance spec 
trum frequencies (ISF) domains. 
The LP residual is obtained by filtering the reference 

signal through an inverse LP synthesis filter AZ defined by: 

P (2) 
Ax = 1 +X a : * 

k=1 

The filtered residual signal sin is consequently given by: 

P (3) 
Sn) = xn +X at xn -k, k = 0, ... , N - 1 

k=1 

for which the energy is defined as: 

1 (4) 
E= N sn’ 

Due to the low transmission rate of SID frames, the CN 
parameters should evolve slowly in order to not change the 
noise characteristics rapidly. For example, the G.718 codec 
limits the energy change between SID frames and interpo 
lates the LSP coefficients to handle this. 
To find representative CN parameters at the SID frames, 

LSP coefficients and residual energy are computed for every 
frame, including no data frames (thus, for no data frames the 
mentioned parameters are determined but not transmitted). 
At the SID frame the median LSP coefficients and mean 
residual energy are computed, encoded and transmitted to 
the decoder. In order for the comfort noise to not be 
unnaturally static, random variations may be added to the 
comfort noise parameters, e.g. a variation of the residual 
energy. This technique is for example used in the G.718 
codec. 

In addition, the comfort noise characteristics are not 
always well matched to the reference background noise, and 
slight attenuation of the comfort noise may reduce the 
listener's attention to this. The perceived audio quality can 
consequently become higher. In addition, the coded noise in 
active signal frames might have lower energy than the 
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uncoded reference noise. Therefore attenuation may also be 
desirable for better energy matching of the noise represen 
tation in active and inactive frames. The attenuation is 
typically in the range 0-5 dB, and can be fixed or dependent 
on the active coding mode(s) bitrates. 

In high efficient DTX systems a more aggressive VAD 
might be used and high energy parts of the signal (relative 
to the background noise level) can accordingly be repre 
sented by comfort noise. In that case, limiting the energy 
change between the SID frames would cause perceptual 
degradation. To better handle the high energy segments, the 
system may allow larger instant changes of CN parameters 
for these circumstances. 

Low-pass filtering or interpolation of the CN parameters 
is performed at the inactive frames in order to get natural 
smooth comfort noise dynamics. For the first SID frame 
following one or several active frames (from now on just 
denoted the “first SID), the best basis for LSP interpolation 
and energy Smoothing would be the CN parameters from 
previous inactive frames, i.e. prior to the active signal 
Segment. 

For each inactive frame, SID or no data, the LSP vector 
q, can be interpolated from previous LSP coefficients accord 
ing to: 

(5) 

where i is the frame number of inactive frames, CeO.1 is 
the Smoothing factor and d are the median LSP coefficients 
computed with parameters from current SID and all no data 
frames since the previous SID frame. For the G.718 codec 
a Smoothing factor C. 0.1 is used. 

The residual energy E, is similarly interpolated at the SID 
or no data frames according to: 

where fe0.1 is the smoothing factor and Es is the 
averaged energy for current SID and no data frames since 
the previous SID frame. For the G.718 codec a smoothing 
factor B=0.3 is used. 
An issue with the described interpolation is that for the 

first SID the interpolation memories (E. and qi) may 
relate to previous high energy frames, e.g. unvoiced speech 
frames, which are classified as inactive by the VAD. In that 
case the first SID interpolation would start from noise 
characteristics that are not representative for the coded noise 
in the close active mode hangover frames. The same issue 
occurs if the characteristics of the background noise are 
changed during active signal segments, e.g. segments of a 
speech signal. 
An example of the problems related to prior art technolo 

gies is shown in FIG. 2. The spectrogram of a noisy speech 
signal encoded in DTX operation shows two segments of 
comfort noise before and after a segment of active coded 
audio (such as speech). It can be seen that when the noise 
characteristics from the first CN segment are used for the 
interpolation in the first SID, there is an abrupt change of the 
noise characteristics. After some time the comfort noise 
matches the end of the active coded audio better, but the bad 
transition causes a clear degradation of the perceived audio 
quality. 

Using higher Smoothing factors C. and B would focus the 
CN parameters to the characteristics of the current SID, but 
this could still cause problems. Since the parameters in the 
first SID cannot be averaged during a period of noise, as 
following SID frames can, the CN parameters are only based 
on the signal properties in the current frame. Those param 
eters might represent the background noise at the current 
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4 
frame better than the long term characteristic in the inter 
polation memories. It is however possible that these SID 
parameters are outliers, and do not represent the long term 
noise characteristics. That would for example result in rapid 
unnatural changes of the noise characteristics, and a lower 
perceived audio quality. 

SUMMARY 

An object of the proposed technology is to overcome at 
least one of the above stated problems. 
A first aspect of the proposed technology involves a 

method of generating CN control parameters. The method 
includes the following steps: 

Storing CN parameters for SID frames and active hang 
over frames in a buffer of a predetermined size. 

Determining a CN parameter subset relevant for SID 
frames based on the age of the stored CN parameters 
and on residual energies. 

Using the determined CN parameter subset to determine 
the CN control parameters for a first SID frame fol 
lowing an active signal frame. 

A second aspect of the proposed technology involves a 
computer program for generating CN control parameters. 
The computer program comprises computer readable code 
units which when run on a computer causes the computer to: 

Store CN parameters for SID frames and active hangover 
frames in a buffer of a predetermined size. 

Determine a CN parameter subset relevant for SID frames 
based on the age of the stored CN parameters and on 
residual energies. 

Use the determined CN parameter subset to determine the 
CN control parameters for a first SID frame (“First 
SID) following an active signal frame. 

A third aspect of the proposed technology involves a 
computer program product, comprising computer readable 
medium and a computer program according to the second 
aspect stored on the computer readable medium. 
A fourth aspect of the proposed technology involves a 

comfort noise controller for generating CN control param 
eters. The apparatus includes: 
A buffer of a predetermined size configured to store CN 

parameters for SID frames and active hangover frames. 
A subset selector configured to determine a CN parameter 

subset relevant for SID frames based on the age of the 
stored CN parameters and on residual energies. 

A comfort noise control parameter extractor configured to 
use the determined CN parameter subset to determine 
the CN control parameters for a first SID frame fol 
lowing an active signal frame. 

A fifth aspect of the proposed technology involves a 
decoder including a comfort noise controller in accordance 
with the fourth aspect. 
A sixth aspect of the proposed technology involves a 

network node including a decoder in accordance with the 
fifth aspect. 
A seventh aspect of the proposed technology involves a 

network node including a comfort noise controller in accor 
dance with the fourth aspect. 
An advantage of the proposed technology is that it 

improves the audio quality for Switching between active and 
inactive coding modes for codecs operating in DTX mode. 
The envelope and signal energy of the comfort noise are 
matched to previous signal characteristics of similar ener 
gies in previous SID and VAD hangover frames. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The proposed technology, together with further objects 
and advantages thereof, may best be understood by making 
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reference to the following description taken together with 
the accompanying drawings, in which: 

FIG. 1 is a block diagram of a generic VAD; 
FIG. 2 is an example of a spectrogram of a noisy speech 

signal that has been decoded in accordance with prior art 
DTX solutions; 

FIG. 3 is a block diagram of an encoder system in a codec; 
FIG. 4 is a block diagram of an example embodiment of 

a decoder implementing the method of generating comfort 
noise according the proposed technology; 

FIG. 5 is an example of a spectrogram of a noisy speech 
signal that has been decoded in accordance with the pro 
posed technology; 

FIG. 6 is a flow chart illustrating an example embodiment 
of the method in accordance with the proposed technology; 

FIG. 7 is a flow chart illustrating another example 
embodiment of the method in accordance with the proposed 
technology; 

FIG. 8 is a block diagram illustrating an example embodi 
ment of the comfort noise controller in accordance with the 
proposed technology; 

FIG. 9 is a block diagram illustrating another example 
embodiment of the comfort noise controller in accordance 
with the proposed technology; 

FIG. 10 is a block diagram illustrating another example 
embodiment of the comfort noise controller in accordance 
with the proposed technology; 

FIG. 11 is a schematic diagram showing some compo 
nents of an example embodiment of a decoder, wherein the 
functionality of the decoder is implemented by a computer; 
and 

FIG. 12 is a block diagram illustrating a network node that 
includes a comfort noise controller in accordance with the 
proposed technology. 

DETAILED DESCRIPTION 

The embodiments described below relate to a system of 
audio encoder and decoder mainly intended for speech 
communication applications using DTX with comfort noise 
for inactive signal representation. The system that is con 
sidered utilizes LP for coding of both active and inactive 
signal frames, where a VAD is used for activity decisions. 

In the encoder illustrated in FIG.3 a VAD 18 outputs an 
activity decision which is used for the encoding by an 
encoder 20. In addition, the VAD hangover decision is put 
into the bitstream by a bitstream multiplexer (MUX) 22 and 
transmitted to the decoder together with the coded param 
eters of active frames (hangover and non-hangover frames) 
and SID frames. 
The disclosed embodiments are part of an audio decoder. 

Such a decoder 100 is schematically illustrated in FIG. 4. A 
bitstream demultiplexer (DEMUX) 24 demultiplexes the 
received bitstream into coded parameters and VAD hang 
over decisions. The demultiplexed signals are forwarded to 
a mode selector 26. Received coded parameters are decoded 
in a parameter decoder 28. The decoded parameters are used 
by an active frame decoder 30 to decode active frames from 
the mode selector 26. 

The decoder 100 also includes a buffer 200 of a prede 
termined size M and configured to receive and store CN 
parameters for SID and active mode hangover frames, a unit 
300 configured to determine which of the stored CN param 
eters that are relevant for SID based on the age of stored CN 
parameters, a unit 400 configured to determine which of the 
determined CN parameters that are relevant for SID based 
on residual energy measurements, and a unit 500 configured 
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6 
to use the determined CN parameters that are relevant for 
SID for the first SID frame following active signal frame(s). 
The parameters in the buffers are constrained to be recent 

in order to be relevant. Thereby the sizes of the buffers used 
for selection of relevant buffer subsets are reduced during 
longer periods of active coding. Additionally the stored 
parameters are replaced by newer values during SID and 
actively coded hangover frames. 
By using circular buffers the complexity and memory 

requirement for the buffer handling can be reduced. In such 
implementation the already stored elements do not have to 
be moved when a new element is added. The position of the 
last added parameter, or parameter set, is used together with 
the size of the buffer to place new elements. When new 
elements are added, old elements might be overwritten. 

Since the buffers hold parameters from earlier SID and 
hangover frames they describe signal characteristics of 
previous audio frames that probably, but not necessarily, 
contain background noise. The number of parameters that 
are considered relevant is defined by the size of the buffer 
and the time, or corresponding number of frames, elapsed 
since the information was stored. 
The technology disclosed herein can be described in a 

number of algorithmic steps, e.g. performed at the decoder 
side illustrated in FIG. 4. These steps are: 
1a. Step 1a (Performed by the Unit Denoted Step 1a in FIG. 

4) Buffer Update for SID and Hangover Frames: 
For each SID and active hangover frame the quantized 
LSP coefficient vector q and corresponding quantized 
residual energy E are stored (in buffer 200) in buffers 
Q={qo',..., q} and E-Eo',..., E.}.i.e. 

g = 3 (7) 

The buffer position index jeO.M-1 is increased by one 
prior to each buffer update and reset if the index 
exceeds the buffer size M, i.e. 

As will be described below, subsets Q' and E' of the Ko 
latest stored elements in Q and E', respectively, 
define the sets of stored parameters. 

1b. Step 1b (Performed by the Unit Denoted Step 1b in FIG. 
4) Buffer Update for Active Non-Hangover Frames 
During decoding of active frames, the size of subsets Q'. 

and E' is decreased by a rate of Y' elements per frame 
according to: 

if p A < y (9) K = Ko 
K = K - 1 for my spA < (n + 1). y 

where K is the number of stored elements in previous 
SID and hangover frames, mez" and p is the number 
of consecutive active non-hangover frames. The rate of 
decrement relates to time, where Y=25 is feasible for 20 
ms frames. This corresponds to a decrease by one 
element every half second while decoding active 
frames. The decrement rate constant Y can potentially 
be defined as any value Ye A", but it should be chosen 
such that old noise characteristics that are likely not to 
represent the current background noise are excluded 
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from the subsets Q' and E'. The value might for 
example be chosen based on the expected dynamics of 
the background noise. In addition, the natural length of 
speech bursts and the behavior of the VAD may be 
considered, as long sequences of consecutive active 
frames are unlikely. Typically the constant would be in 
the range Ys500 for 20 ms frames, which corresponds 
to less than 10 seconds. As an alternative equation (9) 
may be written in a more compact form as: 
K-Ko-m for mysp<(n+1):Y (10) 

where 
K is the number of CN parameters for SID frames and 

active hangover frames stored in the buffer 200, 
Y is a predetermined constant, 
m is a non-negative integer. 

. Step 2 (Performed by the Unit Denoted Step 2 in FIG. 
4)—Selection of Relevant Buffer Elements 
At the first SID following active frames a subset of the 

buffer E is selected based on the residual energies. The 
subset E={E. . . . , E, CE' of size L is defined 
aS 

k-ko, . . . , kk-1 (11) 

where 
E^ is the latest stored residual energy, 
Y and Y are predetermined lower and upper bounds, 

respectively, for residual energies considered to be 
representative of noise at a transition from active to 
inactive frames (for example y=200 and Y-20), 

ko. . . . . k. are sorted Such that ko corresponds to the 
latest and k to the oldest stored CN parameter. 

Typically, y is selected from the range Y2 e0,100 as 
larger values would include high residual energies 
compared to the latest stored residual energy E. This 
could cause a significant step-up of the comfort noise 
energy that would cause an audible degradation. It is 
also desirable to exclude signal characteristics from 
speech frames, which generally have larger energy, as 
these characteristics are generally not representing the 
background noise well. Y can be selected slightly 
larger than Y, e.g. from the range Ye50,500, as a 
step-down in energy is usually less annoying. Addi 
tionally, the likelihood of including speech signal char 
acteristics is generally less for frames with a residual 
energy less than E* than it is for frames with a 
residual energy larger than E^ 

It should be noted that the energies E. can as well as in 
linear domain be represented in a logarithmic domain, 
e.g. dB. With energies in logarithmic domain the selec 
tion of relevant buffer elements, as specified in equation 
(11), is described equivalently with energies E, in 
linear domain as: 

E={E^eE*IE (7 CE.<E?...} for 
k-ko, . . . , kk-1 (12) 

where log(s)=-Y, and log(-)-Y. Suitable boundaries 
specifying the subset of the buffer E' are for example 
given by Y=0.7 and Y 1.03 or Ye O.5.0.9 and Ye 
1.0.1.25. 

The corresponding vectors in the LSP buffer Q' define the 
Subset Q={qo. . . . . q.). 

. Step 3 (Performed by the Unit Denoted Step 3 in FIG. 
4) Determination of Representative Comfort Noise 
Parameters 
To find a representative residual energy the weighted 
mean of the subset E is computed as: 
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(13) 

k O 

k O 

where w are the elements in the subset of weights: 
w={w"ew for WilEeE 

For a maximum buffer size M=8 a suitable set of weights 
is: 

w'={0.2,0.16,0.128,0.1024.0.08.192,0.065536, 
0.0524288,0.01.048576} 

This means that recent energies get more weight in the 
residual energy mean E. which makes the energy 
transition between active and inactive frames Smoother. 

Among LSP vectors in the subset Q, the median LSP 
vector is selected by computing the distances between 
all the LSP vectors in the subset buffer Eaccording to: 

P 2 (14) 

R =X (a|p)- a, Ip) for l, m = 0, ... , L-1 
p=l 

where q, Ip are the elements in the vector q.. 
For every LSP vector the distance to the other vectors are 
Summed, i.e. 

L-1 (15) 
S =X R for i = 0, ... , L - 1 

=0 

The median LSP vector is given by the vector with the 
Smallest distance to the other vectors in the subset 
buffer, i.e. 

If several vectors have equal total distance, the median 
can be arbitrarily chosen among those vectors. 

As an alternative representative LSP vector may be deter 
mined as the mean vector of the subset Q. 

. Step 4 (Performed by the Unit Denoted Step 4 in FIG. 
4)—Interpolation of Comfort Noise Parameters for First 
SID Frame 
The LSP median or mean vector d and the averaged 

residual energy Eare used in the interpolation of CN 
parameters in the first SID frame as described in 
equation (5) and (6) with: 

(17) 

The values of ds and Es are obtained from the param 
eter decoder 28. The smoothing factors CeO.1 and 
BeO.1 can for the first SID frame be different from the 
factors used in following SID and no data frames 
interpolation of CN parameters. Additionally, the fac 
tors could for example be dependent on a measure that 
further describe the reliability of the determined param 
eters d and E. e.g. the size of the subsets Q and E. 
Suitable values are for example C-0.2 and B=0.2 or 
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B=0.05. The comfort noise parameters for the first SID 
frame are then used by a comfort noise generator 32 to 
control filling of no data frames from mode selector 26 
with noise based on excitations from excitation gen 
erator 34. 

If the subsets Q and E are empty, the latest extracted SID 
parameters may be used directly without interpolation from 
older noise parameters. 
The transmitted LSP vector ds, used in the interpolation 

is in the encoder usually obtained directly from the LP 
analysis of the current frame, i.e. no previous frames are 
considered. The transmitted residual energy Es is prefer 
ably obtained using LP parameters corresponding to the LSP 
parameters used for the signal synthesis in the decoder. 
These LSP parameters can be obtained in the encoder by 
performing steps 1-4 with a corresponding encoder side 
buffer. Operating the encoder in this way implies that the 
energy of the decoder output can be matched to the input 
signal energy by control of the encoded and transmitted 
residual energy since the decoder synthesis LP parameters 
are known in the encoder. 

FIG. 5 is an example of a spectrogram of a noisy speech 
signal that has been decoded in accordance with the pro 
posed technology. The spectrogram corresponds to the spec 
trogram in FIG. 2, i.e. it is based on the same encoder side 
input signal. By comparing the spectrograms of the prior art 
(FIG. 2) and the proposed solution (FIG. 5), it is clearly seen 
that the transition between the actively coded audio and the 
second comfort noise region is Smoother for the latter. In this 
example a subset of the signal characteristics at the VAD 
hangover frames are used to obtain the Smooth transition. 
For other signals with shorter segments of active frames the 
parameter buffers might also contain parameters from close 
in time SID frames. 

Although it is true that there will be only one first SID 
frame following an active signal frame, it will indirectly 
affect the CN parameters in following SID frames due to the 
Smoothing/interpolation. 

FIG. 6 is a flow chart illustrating an example embodiment 
of the method in accordance with the proposed technology. 
Step S1 stores CN parameters for SID frames and active 
hangover frames in a buffer of a predetermined size. Step S2 
determines a CN parameter subset relevant for SID frames 
based on the age of the stored CN parameters and on residual 
energies. Step S3 uses the determined CN parameter subset 
to determine the CN control parameters for a first SID frame 
following an active signal frame (in other words, it deter 
mines the CN control parameters for a first SID frame 
following an active signal frame based on the determined 
CN parameter subset). 

FIG. 7 is a flow chart illustrating another example 
embodiment of the method in accordance with the proposed 
technology. The figure illustrates the method steps per 
formed for each frame. Different parts of the buffer (such as 
200 in FIG. 4) are updated depending on whether the frame 
is an active non-hangover frame or a SID/hangover frame 
(decided in step A, which corresponds to mode selector 26 
in FIG. 4). If the frame is a SID or hangover frame, step 1 a 
(corresponds to the unit that is denoted step 1a in FIG. 4) 
updates the buffer with new CN parameters, for example as 
described under subsection 1a above. If the frame is an 
active non-hangover frame, step 1b (corresponds to the unit 
that is denoted step 1b in FIG. 4) updates the size of an age 
restricted subset of the stored CN parameters based on the 
number of consecutive active non-hangover frames, for 
example as described under subsection 1b above. Step 2 
(corresponds to the unit that is denoted step 2 in FIG. 4) 
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10 
selects the CN parameter subset from the age restricted 
Subset based on residual energies, for example as described 
under subsection 2 above. Step 3 (corresponds to the unit 
that is denoted step 3 in FIG. 4) determines representative 
CN parameters from the CN parameter subset, for example 
as described under subsection 3 above. Step 4 (corresponds 
to the unit that is denoted step 4 in FIG. 4) interpolates the 
representative CN parameters with decoded CN parameters, 
for example as described under subsection 4 above. Step B 
replaces the current frame with the next frame, and then the 
procedure is repeated with that frame. 

FIG. 8 is a block diagram illustrating an example embodi 
ment of the comfort noise controller 50 in accordance with 
the proposed technology. A buffer 200 of a predetermined 
size is configured to store CN parameters for SID frames and 
active hangover frames. A subset selector 50A is configured 
to determine a CN parameter subset relevant for SID frames 
based on the age of the stored CN parameters and on residual 
energies. A comfort noise control parameter extractor 50B is 
configured to use the determined CN parameter subset to 
determine the CN control parameters for a first SID frame 
(“First SID) following an active signal frame. 

FIG. 9 is a block diagram illustrating another example 
embodiment of the comfort noise controller 50 in accor 
dance with the proposed technology. A SID and hangover 
frame buffer updater 52 is configured to update, for SID 
frames and active hangover frames, the buffer 200 with new 
CN parameters q.E. for example as described under subsec 
tion 1a above. A non-hangover frame buffer updater 54 is 
configured to update, for active non-hangover frames, the 
size K of an age restricted subset Q'E' of the stored CN 
parameters based on the number p of consecutive active 
non-hangover frames, for example as described under Sub 
section 1b above. Abuffer element selector 300 is configured 
to select the CN parameter subset Q, E from the age 
restricted subset Q'.E based on residual energies, for 
example as described under subsection 2 above. A comfort 
noise parameter estimator 400 is configured to determine 
representative CN parameters (E from the CN parameter 
subset Q.E. for example as described under subsection 3 
above. A comfort noise parameter interpolator 500 is con 
figured to interpolate the representative CN parameters dE 
with decoded CN parameters distES, for example as 
described under subsection 4 above. The obtained comfort 
noise control parameters q, E, for the first SID frame are 
then used by comfort noise generator 32 to control filling of 
no data frames with noise based on excitations from exci 
tation generator 34. 
The steps, functions, procedures and/or blocks described 

herein may be implemented in hardware using any conven 
tional technology, such as discrete circuit or integrated 
circuit technology, including both general-purpose elec 
tronic circuitry and application-specific circuitry. 

Alternatively, at least Some of the steps, functions, pro 
cedures and/or blocks described herein may be implemented 
in Software for execution by Suitable processing equipment. 
This equipment may include, for example, one or several 
micro processors, one or several Digital Signal Processors 
(DSP), one or several 

Application Specific Integrated Circuits (ASIC), video 
accelerated hardware or one or several Suitable program 
mable logic devices, such as Field Programmable Gate 
Arrays (FPGA). Combinations of such processing elements 
are also feasible. 

It should also be understood that it may be possible to 
reuse the general processing capabilities already present in 
a network node, Such as a mobile terminal or pc. This may, 
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for example, be done by reprogramming of the existing 
Software or by adding new software components. 

FIG. 10 is a block diagram illustrating another example 
embodiment of a comfort noise controller 50 in accordance 
with the proposed technology. This embodiment is based on 
a processor 62, for example a micro processor, which 
executes a computer program for generating CN control 
parameters. The program is stored in memory 64. The 
program includes a code unit 66 for storing CN parameters 
for SID frames and active hangover frames in a buffer of 
predetermined size, a code unit 68 for determining a CN 
parameter subset relevant for SID frames based on the age 
of the stored CN parameters and residual energies, and a 
code unit 70 for using the determined CN parameter subset 
to determine the CN control parameters for a first SID frame 
following an active signal frame. The processor 62 commu 
nicates with the memory 64 over a system bus. The inputs 
pa, d. E. d.s.p. Est, are received by an input/output (I/O) 
controller 72 controlling an I/O bus, to which the processor 
62 and the memory 64 are connected. The CN control 
parameters q, E, obtained from the program are outputted 
from the memory 64 by the I/O controller 72 over the I/O 
bus. 

According to an aspect of the embodiments, a decoder for 
generating comfort noise representing an inactive signal is 
provided. The decoder can operate in DTX mode and can be 
implemented in a mobile terminal and by a computer 
program product which can be implemented in the mobile 
terminal or pc. The computer program product can be 
downloaded from a server to the mobile terminal. 

FIG. 11 is a schematic diagram showing some compo 
nents of an example embodiment of a decoder 100 wherein 
the functionality of the decoder is implemented by a com 
puter. The computer comprises a processor 62 which is 
capable of executing software instructions contained in a 
computer program stored on a computer program product. 
Furthermore, the computer comprises at least one computer 
program product in the form of a non-volatile memory 64 or 
volatile memory, e.g. an EEPROM (Electrically Erasable 
Programmable Read-only Memory), a flash memory, a disk 
drive or a RAM (Random-access memory). The computer 
program, enables storing CN parameters for SID and active 
mode hangover frames in a buffer of a predetermined size, 
determining which of the stored CN parameters that are 
relevant for SID based on age of the stored CN parameters 
and residual energy measurements, and using the deter 
mined CN parameters that are relevant for SID for estimat 
ing the CN parameters in the first SID frame following an 
active signal frame(s). 

FIG. 12 is a block diagram illustrating a network node 80 
that includes a comfort noise controller 50 in accordance 
with the proposed technology. The network node 80 is 
typically a User Equipment (UE), Such as a mobile terminal 
or PC. The comfort noise controller 50 may be provided in 
a decoder 100, as indicated by the dashed lines. As an 
alternative it may be provided in an encoder, as outlined 
above. 

In the embodiments of the proposed technology described 
above the LP coefficients at are transformed to an LSP 
domain. However, the same principles may also be applied 
to LP coefficients that are transformed to an LSF, ISP or ISF 
domain. 

For codecs with attenuation of the comfort noise it can be 
beneficial to gradually attenuate the actively coded signal 
during VAD hangover frames. The energy for the comfort 
noise would then better match the latest actively coded 
frame, which further improves the perceived audio quality. 
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12 
An attenuation factor w can be computed and applied to the 
LP residual for each hangover frame by: 

(18) 

A = x(0.6 1 ) (19) = ma v.o. 1.01 . 

where p is the number of consecutive VAD hangover 
frames. As an alternative W may be computed as: 

1 
= ma L - I - 

1 + , Pho 

where L=0.6 and Lo-6 control the maximum attenuation and 
rate of attenuation. The maximum attenuation can typically 
be selected in the range L=0.5,1) and the rate control 
parameter Lo for example be selected such that 

(20) 

L2 L = pfe", 

F where pro is the number of frames needed for maxi 
mum attenuation. p.' could for example be set to the 
average or maximum number of consecutive VAD hangover 
frames that is possible (due to the hangover addition in the 
VAD). Typically this would be in the range of prof'- 
{1, . . . , 15 frames. 

It should be understood that the technology described 
herein can co-operate with other Solutions handling the first 
CN frames following active signal segments. For example, 
it can complement an algorithm where a large change in CN 
parameters is allowed for high energy frames (relative to 
background noise level). For these frames the previous noise 
characteristics might not much affect the update in the 
current SID frame. The described technology may then be 
used for frames that are not detected as high energy frames. 

It will be understood by those skilled in the art that 
various modifications and changes may be made to the 
proposed technology without departure from the scope 
thereof, which is defined by the appended claims. 

ABBREVIATIONS 

ACELP Algebraic Code-Excited Linear Prediction 
AMR Adaptive Multi-Rate 
AMR NB AMR Narrowband 
AR Auto Regressive 
ASIC Application Specific Integrated Circuits 
CN Comfort Noise 
DFT Discrete Fourier Transform 
DSP Digital Signal Processors 
DTX Discontinuous Transmission 
EEPROM Electrically Erasable Programmable Read-only 
Memory 

FPGA Field Programmable Gate Arrays 
ISF Immitance Spectrum Frequencies 
ISP Immitance Spectrum Pairs 
LP Linear Prediction, 
LSF Line Spectral Frequencies 
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LSP Line Spectral Pairs 
MDCT Modified Discrete Cosine Transform 
RAM Random-access memory 
SAD Sound Activity Detector 
SID Silence Insertion Descriptor 
UE User Equipment 
VAD Voice Activity Detector 
The invention claimed is: 
1. A method of generating Comfort Noise (CN) control 

parameters, comprising: 
storing CN parameters for Silence Insertion Descriptor 

(SID) frames and active hangover frames in a buffer of 
a predetermined size (M); 

determining a CN parameter subset relevant for SID 
frames based on an age of the stored CN parameters 
and on residual energies; 

using the determined CN parameter subset to determine 
the CN control parameters for a first SID frame fol 
lowing an active signal frame; 

updating, for the SID frames and the active hangover 
frames, the buffer with new CN parameters; 

updating, for active non-hangover frames, a size K of an 
age restricted subset of the stored CN parameters based 
on a number p of consecutive active non-hangover 
frames; 

selecting the CN parameter subset from the age restricted 
Subset based on the residual energies; 

determining representative CN parameters from the CN 
parameter Subset; and 

interpolating the representative CN parameters with 
decoded CN parameters. 

2. The method of claim 1, wherein updating the size K 
comprises updating, for the active non-hangover frames, the 
size K of the age restricted Subset in accordance with: 

where 
K is a number of CN parameters for the SID frames and 

the active hangover frames stored in the buffer, 
Y is a predetermined constant, and 
m is a non-negative integer. 
3. The method of claim 1, wherein selecting the CN 

parameter Subset comprises selecting the CN parameter 
subset from the age restricted subset by including only CN 
parameters for which: 

E-Y-E.-E^+y, for k-ko, Kiki 
where 
E , is the latest stored residual energy, 
Y and Y are predetermined lower and upper bounds, 

respectively, for residual energies considered to be 
representative of noise at a transition from active to 
inactive frames, and 

ko.K.k. are sorted such that k corresponds to the latest 
and k to the oldest stored CN parameter. 

4. The method of claim 1, wherein determining the 
representative CN parameters comprises determining the 
representative CN parameters q%, E from the CN parameter 
subset (Q.E), where 
q% is a median vector of a set Q of vectors in the CN 

parameter Subset (QE) representing Auto Regressive 
(AR) coefficients, and 

E is a weighted mean residual energy of a set E of 
residual energies in the selected CN parameter subset 
(Q.E). 

5. The method of claim 4, wherein the median vector q% 
represents the AR coefficients as Line Spectral Pairs. 
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6. A non-transitory computer readable medium storing a 

computer program for generating Comfort Noise (CN) con 
trol parameters, said computer program comprising com 
puter readable code units that when executed by a process 
ing circuit of a computer configures the processing circuit to: 

store CN parameters for Silence Insertion Descriptor 
(SID) frames and active hangover frames in a buffer of 
a predetermined size (M); 

determine a CN parameter subset relevant for the SID 
frames based on an age of the stored CN parameters 
and on residual energies; 

use the determined CN parameter subset to determine the 
CN control parameters for a first SID frame following 
an active signal frame; update, for the SID frames and 
the active hangover frames, the buffer with new CN 
parameters; 

update, for active non-hangover frames, a size K of an age 
restricted subset of the stored CN parameters based on 
a number p of consecutive active non-hangover 
frames; 

select the CN parameter subset from the age restricted 
Subset based on the residual energies; 

determine representative CN parameters from the CN 
parameter Subset; and 

interpolate the representative CN parameters with 
decoded CN parameters. 

7. A comfort noise controller for generating Comfort 
Noise (CN) control parameters, comprising: 

a buffer of a predetermined size (M) configured to store 
CN parameters for Silence Insertion Descriptor (SID) 
frames and active hangover frames; 

a subset selector circuit configured to determine a CN 
parameter subset relevant for the SID frames based on 
an age of the stored CN parameters and on residual 
energies: 

a comfort noise control parameter extractor circuit con 
figured to use the determined CN parameter subset to 
determine the CN control parameters for a first SID 
frame following an active signal frame; 

a SID and hangover frame buffer updater circuit config 
ured to update, for the SID frames and the active 
hangover frames, the buffer with new CN parameters: 

a non-hangover frame buffer updater circuit configured to 
update, for active non-hangover frames, a size K of an 
age restricted subset of the stored CN parameters based 
on a number p of consecutive active non-hangover 
frames; 

a buffer element selector circuit configured to select the 
CN parameter subset from the age restricted subset 
based on residual energies; 

a comfort noise parameter estimator circuit configured to 
determine representative CN parameters from the CN 
parameter Subset; and 

a comfort noise parameter interpolator circuit configured 
to interpolate the representative CN parameters with 
decoded CN parameters. 

8. The controller of claim 7, wherein the buffer element 
selector circuit is configured to update, for the active non 
hangover frames, the size K of the age restricted Subset in 
accordance with: 

where 
Ko is the number of CN parameters for the SID frames and 

the active hangover frames stored in the buffer, 
Y is a predetermined constant, and 
m is a non-negative integer. 
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9. The controller of claim 7, wherein the buffer element 
selector circuit is configured to select the CN parameter 
subset from the age restricted subset by including only CN 
parameters for which: 

E-Y is E.'s E^+Y, for k-ko K.kki 
where 
E , is the latest stored residual energy, 
Y, and Y are predetermined lower and upper bounds, 

respectively, for residual energies considered to be 
representative of noise at a transition from active to 
inactive frames, and 

ko.K.k. are sorted such that k corresponds to the latest 
and k to the oldest stored CN parameter. 

10. The controller of claim 7, wherein the comfort noise 
parameter estimator circuit is configured to determine rep 
resentative CN parameters q '% from the CN parameter 
subset (Q.E), where 
q% is a median vector of a set Q of vectors in the CN 

parameter Subset (QE) representing Auto Regressive 
(AR) coefficients, and 

E is a weighted mean residual energy of a set E of 
residual energies in the selected CN parameter subset 
(Q.E). 

11. The controller of claim 7, wherein the controller 
comprises part of an audio decoder. 

12. The controller of claim 7, wherein the controller 
comprises part of a network node. 

13. The controller of claim 7, wherein the controller 
comprises part of a mobile terminal. 
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