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BANDWIDTH EXTENSION OF A LOW BAND AUDIO SIGNAL

TECHNICAL FIELD

The present invention relates to audio coding and in particular to bandwidth

extension of a low band audio signal.

BACKGROUND

The present invention relates to bandwidth extension (BWE) of audio signals.

BWE schemes are increasingly used in speech and audio coding/ decoding to

improve the perceived quality at a given bitrate. The main idea behind BWE

is that part of an audio signal is not transmitted, but reconstructed (es t i

mated) at the decoder from the received signal components.

Thus, in a BWE scheme a part of the signal spectrum is reconstructed in the

decoder. The reconstruction is performed using certain features of the signal

spectrum that has actually been transmitted using traditional coding meth

ods. Typically the signal high band (HB) is reconstructed from certain low

band (LB) audio signal features.

Dependencies between LB features and HB signal characteristics are often

modeled by Gaussian mixture models (GMM) or hidden Markov models

(HMM), e.g., [1-2]. The most often predicted HB characteristics are related to

spectral and / or temporal envelopes .

There are two major types of BWE approaches:

• In a first approach, HB signal characteristics are entirely predicted

from certain LB features. These BWE solutions introduce artifacts in

the reconstructed HB, which in some cases lead to decreased quality

in comparison to the band-limited signal. The sophisticated mappings



(e.g., based o GMM or HMM) easily lead to degradation with unknown

data. The general experience is that the more complex the mapping

(large number of training parameters), the more likely artifacts will oc

cur with data types not present in the training set. It is not trivial to

find a mapping with complexity that will give an optimal balance b e

tween overall prediction accuracy and low number of outliers (data

that deviate markedly from data in the training set, i.e. components

which can not be very well modeled).

• A second approach (an example is described in [3]) is to reconstruct

the HB signal from a combination of LB features and a small amount

of transmitted HB information. BWE schemes with transmitted HB in

formation tend to improve the performance (at the cost of an increased

bit-budget), but do not offer a general scheme to combine transmitted

and predicted parameters. Typically one set of HB parameters are

transmitted and another set of HB parameters are predicted, which

means that transmitted information cannot compensate for failures in

predicted parameters.

SUMMARY

An object of the present invention is to achieve an improved BWE scheme.

This object is achieved in accordance with the attached claims.

According to a first aspect the present invention involves a method of estimat

ing a high band extension of a low band audio signal. This method includes

the following steps. A set of features of the low band audio signal is extracted.

Extracted features are mapped to at least one high band parameter with gen¬

eralized additive modeling. A copy of the low band audio signal is frequency

shifted into the high band. The envelope of the frequency shifted copy of the

low band audio signal is controlled by the at least one high band parameter.



According to a second aspect the present invention involves an apparatus for

estimating a high band extension of a low band audio signal. A feature extrac

tion block is configured to extract a set of features of the low band audio s ig

nal. A mapping block includes the following elements: a generalized additive

model mapper configured to map extracted features to at least one high band

parameter with generalized additive modeling; a frequency shifter configured

to frequency shift a copy of the low band audio signal into the high band; an

envelope controller configured to control the envelope of the frequency shifted

copy by said at least one high band parameter.

According to a third aspect the present invention involves a speech decoder

including an apparatus in accordance with the second aspect.

According to a fourth aspect the present invention involves a network node

including a speech decoder in accordance with the third aspect.

An advantage of the proposed BWE scheme is that it offers a good balance

between complex mapping schemes (good average performance, but heavy

outliers) and more constrained mapping scheme (lower average performance,

but more robust) .

BRIEF DESCRIPTION OF THE DRAWINGS

The invention, together with further objects and advantages thereof, may best

be understood by making reference to the following description taken together

with the accompanying drawings, in which:

Fig. 1 is a block diagram illustrating an embodiment of a cod

ing/decoding arrangement that includes a speech decoder in accordance with

an embodiment of the present invention;

Fig. 2A-C are diagrams illustrating the principles of generalized additive

models;

Fig. 3 is a block diagram illustrating an embodiment of an apparatus in

accordance with the present invention for generating an HB extension;



Fig. 4 is a diagram illustrating an example of a high band parameter

obtained by generalized additive modeling in accordance with an embodiment

of the present invention;

Fig. 5 is a diagram illustrating definitions of features suitable for extrac

tion in another embodiment of the present invention;

Fig. 6 is a block diagram illustrating an embodiment of an apparatus in

accordance with the present invention suitable for generating an HB extension

based on the features illustrated in Fig. 5;

Fig. 7 is a diagram illustrating an example of high band parameters ob

tained by generalized additive modeling in accordance with an embodiment of

the present invention based on the features illustrated in Fig. 5;

Fig. 8 is a block diagram illustrating another embodiment of a cod

ing/ decoding arrangement that includes a speech decoder in accordance with

another embodiment of the present invention;

Fig. 9 is a block diagram illustrating a further embodiment of a cod

ing/decoding arrangement that includes a speech decoder in accordance with

a further embodiment of the present invention;

Fig. 10 is a block diagram illustrating another embodiment of an appa

ratus in accordance with the present invention for generating an HB exten

sion;

Fig. 11 is a block diagram illustrating a further embodiment of an appa

ratus in accordance with the present invention for generating an HB exten

sion;

Fig. 1 is a block diagram illustrating an embodiment of a network node

including an embodiment of a speech decoder in accordance with the present

invention;

Fig. 13 is a block diagram illustrating an embodiment of a speech de

coder in accordance with the present invention; and

Fig. 14 is a flow chart illustrating an embodiment of the method in a c

cordance with the present invention.



DETAILED DESCRIPTION

Elements having the same or similar functions will be provided with the

same reference designations in the drawings.

In the following a set of LB features and their use to es timate the HB part of

the signal by means of a mapping is explained. Further, it is also explained

how transmitted HB information can be used to control the mapping.

Fig. 1 is a block diagram illustrating an embodiment of a coding/ decoding ar

rangement that includes a speech decoder in accordance with an embodiment

of the present invention. A speech encoder 1 receives (typically a frame of) a

source audio signal s , which is forwarded to an analysis filter bank 10 that

separates the audio signal into a low band part s i and a high band part s .

In this embodiment the HB part is discarded (which means that the analysis

filter bank may simply comprise a lowpass filter). The LB part s
LB

of the audio

signal is encoded in an LB encoder 12 (typically a Code Excited Linear Predic

tion (CELP) encoder, for example an Algebraic Code Excited Linear Prediction

(ACELP) encoder), and the code is sent to a speech decoder 2 . An example of

ACELP coding/ decoding may be found in [4]. The code received by the speech

decoder 2 is decoded in an LB decoder 14 (typically a CELP decoder, for ex

ample an ACELP decoder), which gives a low band audio signal s! corre

sponding to s . This low band audio signal s
L

is forwarded to a feature ex

traction block 16 that extracts a set of features F
B

(described below) of the

signal s . The extracted features F are forwarded to a mapping block 18

that maps them to at least one high band parameter (described below) with

generalized additive modeling (described below). The HB parameter(s) is used

to control the envelope of a copy of the LB audio signal s
L

that has been fr e

quency shifted into the high band, which gives a prediction or estimate s m of

the discarded HB part s
H

. The signals s
B

and s
HB

are forwarded to a synthe

sis filter bank 20 that reconstructs an estimate of the original source audio



signal. The feature extraction block 16 and the mapping block 18 together

form an apparatus 30 (further described below) for generating the HB exten

sion.

The exemplifying LB audio signal features, referred to as local features, pre

sented below are used to predict certain HB signal characteristics. All features

or a subset of the exemplified features may be used. All these local features

are calculated on a frame by frame basis, and local feature dynamics also in

cludes information from the previous frame. In the following n is a frame in

dex, / is a sample index, and s(n,l) is a speech sample.

The first two example features are related to spectrum tilt and tilt dynamics.

They measure the frequency distribution of the energy:

The next two example features measure pitch (speech fundamental frequency)

and pitch dynamics. The search for the optimal lag is limited by r
MIN

and r
M X

to a meaningful pitch range, e.g., 50-400 Hz:



Fifth and sixth example features reflect the balance between tonal and noise

like components in the signal. Here are the energies of the

adaptive and fixed codebook in CELP codecs, for example ACELP codecs, and

is the energy of the excitation signal:

The last local feature in this example set captures energy dynamics on a frame

by frame basis. Here is the energy of a speech frame:

All these local features, which are used in the mapping, are scaled before

mapping, as follows:

where Ψ Μ and are pre-determined constants, which correspond to the

minimum and maximum value for a given feature. This gives the extracted

feature set

In accordance with the present invention the estimation of the HB extension

from local features is based on generalized additive modeling. For this reason

this concept will be briefly described with reference to Fig. 2A-C. Further d e

tails on generalized additive models may be found in, for example, [5].



In statistics regression models are often used to estimate the behavior of pa

rameters. A simple model is the linear model:

where Y is an estimate of a variable Y that depends on the (random) variables

X ...,X M . This is illustrated for M = 2 in Fig. 2A. In this case Ϋ will be a flat

surface.

A characteristic feature of the linear model is that each term in the sum d e

pends linearly on only one variable. A generalization of this feature is to mod

ify (at least one of) these linear functions into non-linear functions (which still

each depend on only one variable). This leads to an additive model:

This additive model is illustrated in Fig. 2B for M = 2 . In this case the surface

representing Ϋ is curved. The functions f m X m) are typically sigmoid fu n c

tions (generally S" shaped functions) as illustrated in Fig. 2B. Examples of

sigmoid functions are the logistic function, the Compertz curve, the ogee curve

and the hyperbolic tangent function. By varying the parameters defining the

sigmoid function, the sigmoid shape can be changed continuously from an

approximate linear shape between a minimum and a maximum to an ap

proximate step function between the same minimum and a maximum.

A further generalization is obtained by the generalized additive model



where is called a link function. This is illustrated in Fig. 2C, where the

surface Y is further modified (7 is obtained by taking the inverse , typ i

cally also a sigmoid, of both sides in equation (1 1)). In the special case where

the link function is the identity function, equation (1 1) reduces to equ a

tion (10). Since both cases are of interest, for the purposes of the present in

vention a "generalized additive model" will also include the case of an identity

link function. However, as noted above, at least one of the functions f m X m) is

non-linear, which makes the model non-linear (the surface Y is curved).

In an embodiment of the present invention the 7 (normalized) features

obtained in accordance with equations (l)-(8) are used to esti

mate the ratio Y{n) between the HB and LB energy on a compressed (percep

tually motivated) domain. This ratio can correspond to certain parts of the

temporal or spectral envelopes or to an overall gain, as will be further d e

scribed below. An example is:

where β can be chosen as, e.g., β = 0.2 . Another example is:

In equations (1 ) and (13) the parameter β and the log function are used to

transform the energy ratio to the compressed "perceptually motivated" d o

main. This transformation is performed to account for the approximately loga

rithmic sensitivity characteristics of the human ear.



Since the energy E n) is not available at the decoder, the ratio Y(n) is pre

dicted or estimated. This is done by modeling an estimate Y(n) of Y(n) based

on the extracted LB features and a generalized additive model. An example is

given by:

where M = 7 with the given extracted local features (fewer features are also

feasible). Comparing with equation (1 1) it is apparent that corre

spond to the variables X ,...,X P and that the functions f correspond to the

terms in the sum, which are sigmoid functions defined by the model parame

ters and the identity link function . The generalized additive

model parameters ω and are stored in the decoder and have been obtained

by training on a data base of speech frames. The training procedure finds

suitable parameters and by minimizing the error between the ratio Y n)

estimated by equation (14) and the actual ratio Y(n) given by equation (12) (or

(13)) over the speech data base. A suitable method (especially for sigmoid pa

rameters) is the Levenberg-Marquardt method described in, for example, [6].

Fig. 3 is a block diagram illustrating an embodiment of an apparatus 30 in

accordance with the present invention for generating an HB extension. The

apparatus 30 includes a feature extraction block 1 configured to extract a set

of features of the low band audio signal. A mapping block 18, con

nected to the feature extraction block 16, includes a generalized additive m od

el mapper 32 configured to map extracted features to a high band parameter

with generalized additive modeling. In the illustrated embodiment a fr e

quency shifter 34 configured to frequency shift a copy of the low band audio

signal s
LB

into the high band is included in the mapping block 18. In the illu s

trated embodiment the mapping block 18 also includes an envelope controller



36 configured to control the envelope of the frequency shifted copy by the high

band parameter Ϋ .

Fig. 4 is a diagram illustrating an example of a high band parameter obtained

by generalized additive modeling in accordance with an embodiment of the

present invention. It illustrates how the estimated ratio (gain) Y is used to

control the envelope of the frequency shifted copy of the LB signal (in this case

in the frequency domain). The dashed line represents the unaltered gain (1.0)

of the LB signal. Thus, in this embodiment the HB extension is obtained by

applying the single estimated gain to the frequency shifted copy of the LB

signal.

Fig. 5 is a diagram illustrating definitions of features suitable for extraction in

another embodiment of the present invention. This embodiment extracts only

2 LB signal features F , F2 .

In the embodiment illustrated in Fig. 5 the feature F is defined by:

where

is estimate of the energy of the low band audio signal in the

frequency band 10.0-1 1.6 kHz,

is an estimate of the energy of the low band audio signal in the

frequency band 8.0-1 1.6 kHz.

Furthermore, in the embodiment illustrated in Fig. 5 the feature F is defined

by:



where

is estimate of the energy of the low band audio signal in the

frequency band 8.0-1 1.6 kHz,

is estimate of the energy of the low band audio signal in the

frequency band 0.0-1 1.6 kHz.

The features F , F represent spectrum tilt and are similar to feature , above,

but are determined in the frequency domain instead of the time domain. Fu r

thermore, it is feasible to determine features F , F over other frequency inter-

vals of the LB signal. However, in this embodiment of the present invention it

is essential that F , F2 describe energy ratios between different parts of the low

band audio signal spectrum.

Using the extracted features F F2 it is now possible the mapper 32 to map

them into HB parameters Ek by using the generalized additive model:

where

E k l,...,K , are high band parameters defining gains controlling the

envelope of K predetermined frequency bands of the frequency shifted copy of

the low band audio signal,

mapping coefficient sets defining the sigmoid

functions for each high band parameter E ,

Fm, m = l,2, are features of the low band audio signal describing energy

ratios between different parts of the low band audio signal spectrum.

Fig. 6 is a block diagram illustrating an embodiment of an apparatus in ac

cordance with the present invention suitable for generating an HB extension

based on the features illustrated in Fig. 5. This embodiment includes similar



elements as the embodiment of Fig. 3, but in this case they are configured to

map features F , F into K gains Ek instead of the single gain Ϋ .

Fig. 7 is a diagram illustrating an example of high band parameters obtained

by generalized additive modeling in accordance with an embodiment of the

present invention based on the features illustrated in Fig. 5. In this example

there are K = 4 gains Ek controlling the envelope of 4 predetermined frequency

bands of the frequency shifted copy of the low band audio signal. Thus, in this

example the HB envelope is controlled by 4 parameters Ek instead of the sin

gle parameter Y of the example referring to Fig. 4 . Fewer and more parameters

are also feasible.

Fig. 8 is a block diagram illustrating another embodiment of a cod

ing/decoding arrangement that includes a decoder in accordance with another

embodiment of the present invention. This embodiment differs from the em

bodiment of Fig. 1 by not discarding the HB signal s . Instead the HB signal

is forwarded to an HB information block 22 that classifies the HB signal and

sends an N bit class index to the speech decoder 2. If transmission of HB in

formation is allowed, as illustrated in Fig. 8, the mapping becomes piecewise

with clusters provided by the transmission, wherein the number of classes is

dependent on the amount of available bits. The class index is used by map

ping block 18, as will be described below.

Fig, 9 is a block diagram illustrating a further embodiment of a cod

ing/decoding arrangement that includes a decoder in accordance with a fu r

ther embodiment of the present invention. This embodiment is similar to the

embodiment of Fig. 8, but forms the class index using both the HB signal s

as well as the LB signal s
LB

. In this example N = 1 bit, but it is also possible to

have more than 2 classes by including more bits.



Fig. 10 is a block diagram illustrating another embodiment of an apparatus in

accordance with the present invention for generating an HB extension. This

embodiment differs from the embodiment of Fig. 3 in that it includes a map

ping coefficient selector 38, which is configured to select a mapping coefficient

depending on a received signal class index . In

this embodiment he high band parameter Ϋ is predicted from a set of low-

band features Ψ , and pre-stored mapping coefficients c . The class index C

selects a set of mapping coefficients, which are determined by a training pro

cedure offline to fit the data in that cluster. One can see that as a smooth

transition from a state where the HB is purely predicted (no classification) to a

state where the HB is purely quantized (with classification). The latter is a re

sult of the fact that with an increasing number of clusters, the mapping will

tend to predict the mean of the cluster.

Fig. 11 is a block diagram illustrating a further embodiment of an apparatus

in accordance with the present invention for generating an HB extension. This

embodiment is similar to the embodiment of Fig. 10, but is based on the fea

tures F , F described with reference to Fig. 5 . Furthermore, in this embodi

ment the signal class C is given by (also refer to the upper part of Fig. 5):

where

is estimate of the energy of the source audio signal in the fre

quency band 8.0-1 1.6 kHz, and

is estimate of the energy of the source audio signal in the fre

quency band 11.6-16.0 kHz.



In this example, C classifies (roughly speaking, to give a mental picture of

what this example classification means) the sound into "voiced" (Class 1) and

"unvoiced" (Class 2).

Based on this classification, the mapping block 18 may be configured to per

form the mapping in accordance with (generalized additive model 32):

where

, are high band parameters defining gains associated with

a signal class , which classifies a source audio signal represented by the low

band audio signal (¾,), and controlling the envelope of K predetermined fr e

quency bands of the frequency shifted copy of the low band audio signal,

a e mapping coefficient sets defining the sigmoid

functions for each high band parameter E in signal class ,

Fm, m = 1,2, are features of the low band audio signal describing energy

ratios between different parts of the low band audio signal spectrum.

As an example K = 4 and F F2 may be defined by (15) and (16).

An advantage of the embodiments of Fig. 8-1 1 is that they enable a "fine tu n

ing" of the mapping of the extracted features to the type of encoded sound.

Fig. 12 is a block diagram illustrating an embodiment of a network node in

cluding an embodiment of a speech decoder 2 in accordance with the present

invention. This embodiment illustrates a radio terminal, but other network

nodes are also feasible. For example, if voice over IP (Internet Protocol) is used

in the network, the nodes may comprise computers.



In the network node in Fig. 12 a antenna receives a coded speech signal. A

demodulator and channel decoder 50 transforms this signal into low band

speech parameters (and optionally the signal class , as indicated by "(Class

C)" and the dashed signal line) and forwards them to the speech decoder 2 for

generating the speech signal , as described with reference to the various em

bodiments above.

The steps, functions, procedures and/ or blocks described herein may be im

plemented in hardware using any conventional 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, procedures and/or blocks

described herein may be implemented in software for execution by a suitable

processing device, such as a micro processor, Digital Signal Processor (DSP)

and/ or any suitable programmable logic device, such as a Field Programmable

Gate Array (FPGA) device.

It should also be understood that it may be possible to reuse the general proc

essing capabilities of the network nodes. This may, for example, be done by

reprogramming of the existing software or by adding new software compo

nents.

As an implementation example, Fig. 13 is a block diagram illustrating an ex

ample embodiment of a speech decoder 2 in accordance with the present in

vention. This embodiment is based on a processor 100, for example a micro

processor, which executes a software component 110 for estimating the low

band speech signal s B , a software component 120 for estimating the high

band speech signal sm , and a software component 130 for generating the

speech signal S from s
B

and . This software is stored in memory 150. The

processor 100 communicates with the memory over a system bus. The low

band speech parameters (and optionally the signal class C ) are received by an



input/ output (I/O) controller 160 controlling an I/O bus, to which the proces

sor 100 and the memory 150 are connected. In this embodiment the parame

ters received by the I/O controller 150 are stored in the memory 150, where

they are processed by the software components. Software component 110 may

implement the functionality of block 14 in the embodiments described above.

Software component 120 may implement the functionality of block 30 in the

embodiments described above. Software component 130 may implement the

functionality of block 20 in the embodiments described above. The speech s ig

nal obtained from software component 130 is outputted from the memory 150

by the I/O controller 160 over the I/O bus.

In the embodiment of Fig. 13 the speech parameters are received by I/O con

troller 160, and other tasks, such as demodulation and channel decoding in a

radio terminal, are assumed to be handled elsewhere in the receiving network

node. However, an alternative is to let further software components in the

memory 150 also handle all or part of the digital signal processing for extract

ing the speech parameters from the received signal. In such an embodiment

the speech parameters may be retrieved directly from the memory 150.

In case the receiving network node is a computer receiving voice over IP pack

ets, the IP packets are typically forwarded to the I/O controller 160 and the

speech parameters are extracted by further software components in the mem

ory 150.

Some or all of the software components described above may be carried on a

computer-readable medium, for example a CD, DVD or hard disk, and loaded

into the memory for execution by the processor.

Fig. 14 is a flow chart illustrating an embodiment of the method in accor ¬

dance with the present invention. Step S I extracts a set of features

of the low band audio signal. Step S2 maps extracted fea¬

tures to at least one high band parameter with generalized addi-



tive modeling. Step S3 frequency shifts a copy of the low band audio signal s
B

into the high band. Step S4 controls the envelope of the frequency shifted copy

of the low band audio signal by the high band parameter(s).

It will be understood by those skilled in the art that various modifications

and changes may be made to the present invention without departure from

the scope thereof, which is defined by the appended claims.

ABBREVIATIONS

ACELP Algebraic Code Excited Linear Prediction

BWE BandWidth Extension

CELP Code Excited Linear Prediction

DSP Digital Signal Processor

FPGA Field Programmable Gate Array

GMM Gaussian Mixture Models

HB High Band

HMM Hidden Markov Models

IP Internet Protocol

LB Low Band
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CLAIMS

1. A method of estimating a high band extension {s ) of a low band audio s ig

nal { ), including the steps of

extracting (SI) a set of features of the low band audio

signal;

mapping (S2) extracted features to at least one high band parameter

with generalized additive modeling;

frequency shifting (S3) a copy of the low band audio signal ( ) into the

high band;

controlling (S4) the envelope of the frequency shifted copy of the low

band audio signal by said at least one high band parameter.

2 . The method of claim 1, wherein the mapping is based on a sum of sigmoid

functions of extracted features

3. The method of claim 2, wherein the mapping is given by:

where

E k = \,...,K , are high band parameters defining gains controlling the

envelope of K predetermined frequency bands of the frequency shifted copy of

the low band audio signal,

mapping coefficient sets defining the sigmoid

functions for each high band parameter Ek ,

Fm, « = 1,2, are features of the low band audio signal describing energy

ratios between different parts of the low band audio signal spectrum.



4. The method of claim 2, wherein the mapping is given by:

where

, are high band parameters defining gains associated with

a signal class C , which classifies a source audio signal represented by the low

band audio signal , and controlling the envelope of K predetermined fr e

quency bands of the frequency shifted copy of the low band audio signal,

a e mapping coefficient sets defining the sigmoid

functions for each high band parameter Ek in signal class C ,

Fm, m = 1,2, are features of the low band audio signal describing energy

ratios between different parts of the low band audio signal spectrum.

5. The method of claim 3 or 4, wherein the feature F is given by:

where

i s estimate of the energy of the low band audio signal in the

frequency band 10.0-1 1.6 kHz,

is an estimate of the energy of the low band audio signal in the

frequency band 8.0-1 1.6 kHz.

6. The method of claim 3, 4 or 5, wherein the feature F2 is given by:



where

s estimate of the energy of the low band audio signal in the

frequency band 8.0-1 1.6 kHz,

s a estimate of the energy of the low band audio signal in the

frequency band 0.0-1 1.6 kHz.

7. The method of claim 3, 4, 5 or 6, wherein K = 4 .

8. The method of claim 4, 5, 6 or 7, including the step of selecting a mapping

coefficient set corresponding to signal class C , where C is

given by:

where

s estimate of the energy of the source audio signal in the fr e

quency band 8.0-1 1.6 kHz, and

s estimate of the energy of the source audio signal in the fre

quency band 11.6-16.0 kHz.

9 . An apparatus (30) for estimating a high band extension (s
H

) of a low band

audio signal ( ), including:

a feature extraction block (16) configured to extract a set of features

of the low band audio signal;

a mapping block (18) including

a generalized additive model mapper (32) configured to map ex

tracted features to at least one high band parameter with

generalized additive modeling;

a frequency shifter (34) configured to frequency shift a copy of the

low band audio signal (¾) into the high band;



an envelope controller (36) configured to control the envelope of

the frequency shifted copy by said at least one high band parameter.

10. The apparatus of claim 9, wherein the generalized additive model mapper

(32) is configured to base the mapping on a sum of sigmoid functions of ex

tracted features

11. The apparatus of claim 10, wherein the generalized additive model mapper

(32) is configured to perform the mapping in accordance with:

where

E k ~ \,...,K , are high band parameters defining gains controlling the

envelope of K predetermined frequency bands of the frequency shifted copy of

the low band audio signal,

a mapping coefficient sets defining the sigmoid

functions for each high band parameter Ek ,

Fm, m = l,2, are features of the low band audio signal describing energy

ratios between different parts of the low band audio signal spectrum.

12. The apparatus of claim 10, wherein the generalized additive model mapper

(32) is configured to perform the mapping in accordance with:

where

Ek , k = l,...,K , are high band parameters defining gains associated with

a signal class C , which classifies a source audio signal represented by the low

band audio signal (¾,), and controlling the envelope of K predetermined fre

quency bands of the frequency shifted copy of the low band audio signal,



are mapping coefficient sets defining the sigmoid

functions for each high band parameter Ek in signal class ,

F m 1,2, are features of the low band audio signal describing energy

ratios between different parts of the low band audio signal spectrum.

13. The apparatus of claim 11 or 12, wherein the feature extraction block (16)

is configured to extract a feature given by:

where

is a n estimate of the energy of the low band audio signal in the

frequency band 10.0-1 1.6 kHz,

a estimate of the energy of the low band audio signal in the

frequency band 8.0-1 1.6 kHz.

14. The apparatus of claim 11, 12 or 13, wherein the feature extraction block

(16) is configured to extract a feature F2 given by:

where

is an estimate of the energy of the low band audio signal in the

frequency band 8.0-1 1.6 kHz,

is an estimate of the energy of the low band audio signal in the

frequency band 0.0-1 1.6 kHz.

15. The apparatus of claim 11, 12, 13 or 14, wherein the generalized additive

model mapper (32) is configured to map extracted features to K =4 high band

parameter



16. The apparatus of claim 12, 13, 14 or 15, including a mapping coefficient

set selector (38) configured to select a mapping coefficient set

corresponding to signal class C , where C is given by:

where

is estimate of the energy of the source audio signal in the fr e

quency band 8.0-1 1.6 kHz, and

is estimate of the energy of the source audio signal in the fr e

quency band 11.6-16.0 kHz.

17. A speech decoder including an apparatus (30) in accordance with any of

the preceding claims 9-16.

18. A network node including a speech decoder in accordance with claim 17.

19. The network node of claim 18, wherein the network node is a radio termi

nal.
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