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(57) Resumen:

Un aparato para generar una representacion de una sefial de ancho de banda ampliado en base a la representacién de
una sefal de entrada que comprende un vocodificador de fase configurado para obtener valores de una representacion
en el dominio espectral de un primer parche de ancho de banda ampliado sobre la base de la representacién de la sefial
de entrada. El aparato también comprende una copiadora de valores configurada para copiar una serie de valores de la
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frecuencias mas elevadas que el primer parche. El aparato esta configurado para obtener la representacion de la sefial de
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US Patent Application Serial No: 61/1 68,068 Attorney Docket No: SCHO548PR

ASSIGNMENT

WHEREAS, I/We, Frederik NAGEL, Markus MULTRUS, Jeremie LECOMTE, Stefan BAYER, Guillaume
FUCHS, Johannes HILPERT. and Julien ROBILLIARD, hereinafter referred to as "ASSIGNOR(S)", have
invented certain new and useful improvements, as described and set forth in the below-identified

application for United States Letters Patent entitled:

SWITCHING BETWEEN DIFFERENT PATCHING ALGORITHMS
IN FREQUENCY DOMAIN

Filing Date: ___ April 09, 2009 _Serial No. 61/168,068

WHEREAS, Fraunhofer-Geselischaft zur Foerderung der angewandten Forschung e.V., a corporation
=S T aeepliscnan zur Foerderung der_ange

duly organized under and pursuant to the laws of the country of Germany, having its principal place of
business at Hansastrasse 27c. 80686 Muenchen, Germany, hereinafter referred to as "ASSIGNEE", is
desirous of acquiring the entire right, title, and interest in the said invention and application and in any

Letters Patent which may be granted with regard to the same;

NOW, THEREFORE, TO ALL WHOM IT MAY CONCERN: Be it known that, for One Dollar ($1.00) and
other good and valuable consideration, ASSIGNOR(S) have sold, assigned, and transferred, and by
these presents does sell, assign, and transfer unto the sajd ASSIGNEE, and ASSIGNEE'S successors
and assigns, all right, title, and interest in and to said invention, said application for United States Letters
Patent and any Letters Patent which may be hereafter granted on the same in the United States and all
countries throughout the world, including any divisions, renewals, continuations in whole or part,
substitutions, conversions, reissues, revivals, prolongation, or extensions thereof, said interest to be held
and enjoyed by said ASSIGNEE as fully and exclusively as it would have been held and enjoyed by said
ASSIGNOR(S) had this assignment and transfer not been made, for all time.

ASSIGNOR(S) furthe » agrees that they will, without charge to said ASSIGNEE, but at ASSIGNEE'S
eéxpense, cooperate wnéxASSlGNEE in the prosecution of said application and/or applications, execute,
verify, acknowledge, and deliver all such further papers, including applications for Letters Patent and for
the reissue thereof, and instruments of assignment and transfer thereof, and will perform such other acts
as ASSIGNEE may lawfully request, to obtain or maintain Letters Patent for said invention and
improvement in any and all countries, and to vest titte thereto in said ASSIGNEE, or ASSIGNEE'S
Successors and assigns.
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ASSIGNOR(S) grants the attorney of record the power to insert on this Assignment any further
identification that may be necessary or desirable in order to comply with the rules of the United States
Patent and Trademark Office for recordation of this document.

This Assignment may be executed in one or more counterparts, each of which shall be deemed an
.original and all of which may be taken together as one and the same Assignment.

IN TESTIMONY WHEREOF, ASSIGNOR(S) has hereunto signed his name to the assignment on the date

indicated below.
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ejemplo, en las referencias [1] a [12]. Estos algoritmos se basan en una
representacion paramétrica del contenido de alta frecuencia (HF), que se genera
desde la parte de baja frecuencia (LF) con codificacion de forma de onda de la
sefal decodificada por medio de la transposicion a la region espectral de HF
(“introduccién de parche”) y la aplicacion de un post procesamiento promovido
por los parametros.

En la técnica, se utilizan métodos de ampliacion del ancho de banda tales
como replicacion de la banda espectral (SBR) como método eficiente para
generar sefales de alta frecuencia en los cddecs basados en HFR
(reconstruccion de alta frecuencia).

La replicacién de la banda espectral (SBR) descripta en la referencia {11,
a la que también se hace referencia en forma breve como “SBR”, utiliza un
banco de filtros espejo en cuadratura (QMF) para generar la informacion de HF
(alta frecuencia). Con Ia ayuda del denominado proceso de “patching”
(introduccién de parches), las sefiales de banda QMF mas bajas se copian a
una posicién (frecuencia) mas elevada, lo que lleva a la replicacién de la
informacién de la parte de LF en Ia parte de HF. La parte de HF generada se
adapta posteriormente a la parte de HF original con la ayuda de parametros que
adaptan (o ajustan) la envolvente espectral y la tonalidad (por ejemplo,
utilizando el formateo de la envolvente).

En la SBR standard, la introduccion de parches siempre se lleva a cabo
mediante una operacion de copia dentro del dominio de QMF. Se ha descubierto
que esto puede llevar, en océsiones, a artefactos auditivos, especialmente si se
copian sinusoides cerca de otras en el borde de la LF y Ia parte de HF
generada. Por consiguiente, se puede afirmar que la SBR standard tiene el
problema de generar artefactos auditivos. Asimismo, algunas implementaciones

convencionales del concepto de ampliacion de ancho de banda traen aparejada

12
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una complejidad comparativamente elevada. Mas aun, en algunas
implementaciones de la invencion de los conceptos de ampliacién del ancho de
banda, el espectro se torna muy ralo en el caso de los parches altos (factores de
extension elevados), lo que puede dar lugar a distorsiones de audio
incompatibles (audibles).

En vista de la explicacion que antecede, un objetivo de la presente
invencion consiste en crear un concepto para generar la representacion de una
sefial de ampliacion de ancho de banda sobre la base de la representacion de
una sefial de entrada, lo que trae aparejada una relacion mejorada entre
complejidad y calidad de audio.

Sintesis de la invencién

Las realizaciones de acuerdo con la invencién crean un aparato para
generar una representacion de una sefal de ancho de banda ampliado sobre la
base de la representacién de una sefial de entrada. El aparato comprende un
vocodificador de fases configurado para obtener valores de una representacion
del dominio espectral de un primer parche de la sefial de ancho de banda
ampliado sobre la base de Ia representacion de la sefial de entrada. Ej aparato
comprende ademas una copiadora de valores para copiar una serie de valores
de la representacion del dominio espectral del primer parche, valores que son
aportados por el vocodificador de fase, para obtener una serie de valores de una
representacion del dominio espectral de un segundo parche. El segundo parche
esta asociado a frecuencias mas elevadas que el primer parche. El aparato esta
configurado para obtener |a representacion de la sefial de ancho de banda
ampliado usando los valores de Ia representacion del dominio espectral del

primer parche y los valores de la representacion del dominio espectral del

segundo parche.
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El concepto clave de la presente invencidn es que se obtiene una relacion
particularmente favorable entre la complejidad informatica y la calidad de audio
de una sefial de ancho de banda ampliado combinando un vocodificador en fase
con una copiadora de valores, de tal manera que el primer parche de la sefial de
ancho de banda ampliado sea obtenida por el vocodificador en fase y que el
segundo parche de la sefial de ancho de banda ampliado se obtenga sobre la
base del uso de la copiadora de valores por el primer parche. En consecuencia,
el contenido del primer parche es una version transpuesta armoénicamente del
contenido de la parte de baja frecuencia (LF) de la sefal de entrada
(representada por la representacion de la sefial de entrada), y el segundo
parche es (o representa) una versiéon con desplazamiento de frecuencia (de
manera no armonica) del contenido de la sefial del primer parche. En
consecuencia, se puede obtener el segundo parche con una complejidad
informatica relativamente baja, puesto que la copia de los valores es mas
sencilla, desde le punto de vista informéatico, que una operacién de
vocodificacion de fases. Ademas, se evita que haya grandes agujeros
espectrales en el segundo parche, puesto que los valores espectrales del primer
parche por lo general estan suficientemente cargados de datos (es decir,
comprenden valores que no son cero), de tal manera que se reduzcan o eviten
las distorsiones audibles, que se producirian en algunos casaos, si el segundo

parche estuviera sélo escasamente cargado de datos.

Para resumir, el concepto de la invencién trae aparejadas considerables
ventajas con respecto a los métodos de introduccion convencionales de
parches, porque la ampliacion armonica del ancho de banda, se aplica s¢lo para
la obtenciéon de valores de representacion del dominio espectral del primer

parche, es decir, para la parte inferior del espectro, en tanto que Ia ampliacion

|4
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no armoénica del ancho de banda, que se basa en la copia de valores de la
representacion del dominio espectral del primer parche para obtener valores de
la representacién del dominio espectral del primer parche, es utilizada para
frecuencias superiores. En consecuencia, el rango inferior (que también se
denomina “primer parche” de la porcidon de frecuencia de la ampliacion (que es
una porcion de frecuencia por encima de la frecuencia de cruce) se presenta
como ampliacién armoénica del rango de la frecuencia fundamental (es decir, en
el rango de frecuencia de la sefial de entrada, que cubre frecuencias inferiores a
las frecuencias de la porcion de frecuencia de ampliacion, por ejemplo
frecuencias por debajo de la frecuencia de cruce), lo que da origen a una buena
impresion auditiva de la sefial de ancho de banda ampliado. Ademas, se ha
encontrado que la simple generacién de valores de Ia representacion en el
dominio espectral del rango mas elevado de la porcion de frecuencias de
ampliacion (lo que también se denomina “segundo parche"), que se realiza
utilizando la copiadora, no trae aparejadas distorsiones auditivas, puesto que el
oido humano no es particularmente sensible a los detalles espectrales del rango

mas elevado de la porcién de frecuencias de ampliacion (segundo parche).

En resumen, el concepto de la presente invencion da origen a una buena

impresién auditiva con una complejidad informatica comparativamente baja.

En una realizacién preferida el vocodificador de fases esta configurado
para copiar una serie de valores de magnitud asociados con una pluralidad de
subrangos de frecuencia dados de la representacion espectral de entrada, para
obtener una serie de valores de magnitud asociados con los subrangos de
frecuencias correspondientes del primer parche, donde un par de un subrango

de frecuencia dado de Ia representacion espectral de entrada y un
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correspondiente subrango de frecuencias del primer parche abarca (o
comprende) un par integrado por una frecuencia fundamental y u armonico de la
frecuencia fundamental (por ejemplo un primer arménico de la frecuencia
fundafnental). El vocodificador de fases también estd configurado,
preferentemente, para multiplicar los valores de fases asociados con la
pluralidad de subrangos de frecuencia dados de la representacién espectral de
entrada por un factor predeterminado (por ejemplo 2), para obtener valores de
fases asociados con los correspondientes subrangos de frecuencias del primer
parche. De preferencia, la copiadora de valores est3 configurada para copiar
una serie de valores asociados a una pluralidad de subrangos de frecuencia
dados del primer parche, para obtener una serie de valores asociados a los
correspondientes subrangos de frecuencia del segundo parche. La copiadora de
valores estd configurada preferentemente para dejar los valores de fases
inalterados en el copiado. En consecuencia, el vocodificador de fases ejecuta,
por lo menos aproximadamente, una transposicion arménica, en tanto que la
copiadora de valores ejecuta un desplazamiento no arménico de frecuencia, Los
subrangos de frecuencias pueden ser, por ejemplo, rangos de frecuencias
asociados a los coeficientes de una Transformada Répida de Fourier (o
cualquier transformada comparable). Por otro lado, los subrangos de frecuencias
pueden ser rangos de frecuencias asociados a séﬁales individuales de un banco
de filtros QMF. Por lo general, el ancho de los subrangos de frecuencias es
comparativamente pequefio en comparacion con la frecuencia central, por lo
que los subrangos de frecuencias cubren un intervalo de frecuencias que tiene
una relacion de frecuencias entre una frecuencia de partida, que es
significativamente inferior a 2:1. En otras palabras, aunque los subrangos de
frecuencias de la representacion espectral de entrada (Que puede tomar la

forma, por ejemplo, de coeficientes FFT, o la forma de sefiales de bancos de
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filtros QMF) y no es indispensable que los subrangos de frecuencias del primer
parche sean exactamente armoénicos entre si, por lo general es posible
identificar una asociacion entre un subrango de frecuencias (por €j., con un
indice de frecuencia k) de la representacién espectral de entrada y un
correspondiente subrango de frecuencias (por ej., con un indice de frecuencia
2k) del primer parche, por lo que el subrango de frecuencias (2k) del primer
parche representa, por lo menos aproximadamente, una frecuencia arménica del
subrango de frecuencias correspondiente (k) de la representacion espectral de

entrada.

En consecuencia, el vocodificador de fases ejecuta una transposicién
armonica tomando en cuenta los valores de fases, que se procesan utilizando
un escalamiento de fase. Por el contrario, la copiadora de valores meramente

realiza (por lo menos de manera aproximada) una operacion de desplazamiento

no armonico de frecuencia.

En una realizacion preferida, la copiadora de valores esta configurada
para copiar los valores, de manera tal que se obtiene un desplazamiento
espectral comin (o desplazamiento de frecuencia) de los valores del primer

parche sobre los valores del segundo parche.

En una realizacion preferida, el vocodificador de fases estd configurado
para obtener los valores de la representacién del dominio espectral del primer
parche por lo que los valores de la representacion del dominio espectral del
primer parche representan una version armonicamente convertida con elevacion
de frecuencia de un rango de la frecuencia fundamental de Ia representacion de

la sefial de entrada (por ejemplo, un rango de la frecuencia fundamental por
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debajo de una frecuencia denominada de cruce). La copiadora de valores est4
configurada preferentemente para obtener los valores de Ia representacion del
dominio espectral del segundo parche de manera tal que los valores de la
representacion del dominio espectral del segundo parche representan una
version con desplazamiento de frecuencia del primer parche. En consecuencia,
se obtienen las ventajas antes explicadas. En particular, la implementacion es
sencilla y se obtiene a la véz una buena impresion auditiva.

En una realizacion preferida, el aparato esta configurado para recibir
datos de audio de entrada modulados por codificacion de pulsos (PCM), para
obtener datos de audio modulados por codificacion de pulsos con reduccion del
ndmero de muestras. Por afiadidura, el aparato esta configurado para mostrar
en ventana los datos de audio modulado por codificacién de pulsos con
reduccion del nimero de copias y para convertir o transformar los datos de
entrada colocados en ventana en un dominio de la frecuencia, a fin de obtener Ia
representacion de la sefial de entrada. El aparato también ests configurado
preferentemente para computar valores de magnitud ax (los que también se
designan con la denominacion ax) Y valores de fase q, que representan un
colector de frecuencia k (donde k es un indice de colector de frecuencia) de Ia
representacion de la sefial de entrada, Y para copiar los valores de magnitud
valores de magnitud a, a fin de obtener valores de magnitud copiados Ask
(también designados con Ia notacion as) que representan un colector dé
frecuencia con un indice de colector de frecuencia sk del primer parche, donde s
€s un factor de extensiéon con s=2. Mas aun, el aparato esta configurado
preferentemente para copiar y escalar los valores de fase @k asociados a un
colector de frecuencia con un indice de colector de frecuencia k de Ia
representacion de la sefial de entrada, para obtener valores de fase copiados y

escalados g asociados con un colector de frecuencia que tiene un indice de
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frecuencia sk del primér parche. Ademds, el aparato esta configurado
preferentemente para copiar los valores Bk—¢ asociados con un colector de
frecuencia k-~ i{ de la representacion del dominio espectral del primer parche,
para obtener los valores B¢ de la representacion del dominio espectral del
segundo parche. Por afadidura, el aparato esta configurado preferentemente
para convertir la representacion de la sefial de ancho de banda ampliado (que
comprende la representacion del dominio espectral del primer parche y la
representacion del dominio espectral del segundo parche) al dominio del tiempo,
para obtener una representacion en el dominio del tiempo, y para aplicar una
ventana de sintesis a la representacion en el dominio del tiempo. Haciendo uso
del concepto antes descripto, es posible obtener una sehal de ancho de banda
ampliado con moderada complejidad informatica. La ampliacién del ancho de
banda se realiza en el dominio de la frecuencia, en el cual se puede ejecutar
una transformada en el dominio espectral, por ejemplo en un dominio FFT o un
dominio QMF.

En una realizacion preferida, el aparato comprende un convertidor del
dominio del tiempo al dominio espectral (por ejemplo, un medio de
Transformada Réapida de Fourier o un banco de filtros QMF) configurado para
producir, como representacion de la sefial de entrada, valores de una
representacion en el dominio espectral (por ejemplo, coeficientes de
Transformada Rapida de Fourier o sefales de subbandas QMF) de una sefal de
audio de enfrada, 0 de una versidn previamente procesada (por €j. con nimero
de muestras reducida y/o exhibida en ventana) de la sefal de audio de entrada
(por ejemplo una sefal modulada por codificacion de pulsos provista por el
nucleo de un decodificador de audio). El aparato comprende preferentemente un
convertidor del dominio espectral gl dominio del tiempo (por ejemplo, u medio de

Transformada Rapida de Fourier inversa o un medio de sintesis de QMF)
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configurado para producir una representacién en el dominio del tiempo de la
senal de ancho de banda ampliado empleando los valores de la representacion
del dominio espectral (por ej. coeficientes de FFT o sefiales de subbandas de
QMF) del primer parche y los valores de la representacién en el dominio
espectral (por ej. coeficientes de FFT o sefales de subbandas de QMF) del
segundo parche. El convertidor del dominio espectral al dominio del tiempo esta
configurado preferentemente de tal manera que un nimero de valores
espectrales diferentes (por ej. colectores FFT o bandas de QMF) recibido por el
by el convertidor del dominio espectral al dominio del tiempo sea mayor que un
nimero de valores espectrales diferentes (por ej. un ndmero de colectores de
frecuencia FFT o un numero de bandas de QMF) provisto por el dominio del
convertidor del dominio del tiempo al espectral (por ej. Medios de Transformada
Rapida de Fourier o banco de filtros QMF), por lo que el convertidor del dominio
espectral al dominio del tiempo esta configurado para procesar un mayor
numero de colectores de frecuencia (por ej. colectores de frecuencia por
Transformada Rapida de Fourier 0 bandas de frecuencia QMF) que el
convertidor del dominio del tiempo al dominio de la frecuencia. En consecuencia,
se obtiene una ampliacion del ancho de banda por el hecho de que el
convertidor del dominio espectral al dominio del tiempo comprende un numero
mayor de colectores de frecuencia que el convertidor del dominio del tiempo al
dominio de la frecuencia.

En una realizacién preferida, el aparato cbmprende un generador de
ventanas de anélisis configurado para colocar en una ventana una sefial de
audio en el domino del tiempo, para obtener una version en ventanas de Ia senal
de audio de entrada en el dominio del tiempo, lo que constituye la base para
obtener la representacion de |a sefal de entrada. Ademas, el aparato

comprende un generador de ventanas de sintesis configurado para exhibir en
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ventana una porcion de una representacion en el dominio del tiempo de la sefal
de ancho de banda ampliado, para obtener una porcién exhibida en ventana de
la representacion en el dominio del tiempo de la sefial de ancho de banda
ampliado. En consecuencia, se reducen, o incluso se evitan, las distorsiones de
la sefial de ancho de banda ampliado.

En una realizacion preferida, el aparato esta configurado para procesar
una pluralidad de porciones con desplazamiento en el tiempo que se
superponen transitoriamente de la sefial de audio de entrada en el dominio del
tiempo, para obtener una pluralidad de porciones con desplazamiento en el
tiempo que se superponen transitoriamente de la representaciéon en el dominio
del tiempo de la sefial de ancho de banda ampliado. La desviacion temporal
entre las porciones con desplazamiento en el tiempo que se superponen
transitoriamente de la sefal de audio de entrada en el dominio del tiempo es
menor o igual a un cuarto de la longitud de ventana de una ventana de analisis.
Se ha descubierto que una superposicion temporal comparativamente grande
entre porciones adyacentes con desplazamiento en el tiempo de la sefal de
audio de entrada en el dominio del tiempo (y/o una superposicién temporal
comparativamente grande entre las porciones con desplazamiento temporal
adyacentes de la representacion en el dominio del tiempo de la sefial de ancho
de banda ampliado) da lugar a una ampliacion del ancho de banda junto con
una impresion auditiva favorable, puesto que se toman en cuenta las faltas de
estacionaridad de la sefial en vitud de Ia superposicion  temporal
comparativamente grande.

En una realizacion preferida, el aparato comprende un productor de
informacion transitoria configurado para producir una informacién que indica la
presencia de un transitorio en la sefial de entrada (representado por la

representacion de la sefial de entrada). E aparato comprende asimismo una
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primera rama de procesamiento para producir una representacion de una
porcion de sefial de ancho de banda ampliado sobre la base de una porcion no
transitoria de la representacion de la sefal de entrada Yy una segunda rama de
procesamiento para producir una representacion de una porcion de la sefal de
ancho de banda ampliado sobre la base de una porcidn transitoria de la
representacion de la sefial de entrada. La segunda rama de procesamiento esta
configurada para procesar una representacién del dominio espectral de la sefal
de entrada que tiene una resolucion espectral superior a la de una
representacion en el dominio espectral de la sefial de entrada procesada por la
primera rama de procesamiento. En consecuencia, las porciones de la sefal que
comprenden un transitorio pueden ser tratadas con una resolucion espectral
mayor, lo que evita los artefactos audibles en presencia de transitorios. Por otra
parte, se puede utilizar una resolucién espectral reducida para las porciones de
sefal sin transitorios (es decir, para porciones de la sefal en las cuales el
productor de informacion sobre transitorios no identifica un transitorio). De esa
manera, se mantiene elevada la eficiencia informatica y sOlo se utiliza la
resolucion espectral aumentada cuando trae consigo ventajas (por ejemplo, si
da lugar a una mejor impresion auditiva en la proximidad de transitorios).

En una realizacion preferida, el aparato comprende un atenuador a cero
(dispositivo de relleno con ceros) configurado para atenuar a cero una porcién
transitoria de la sefial de entrada, a fin de obtener una porcion transitoria
temporalmente ampliada de la sefial de entrada. En este caso, la primera rama
de procesamiento comprende un (primer) convertidor del dominio del tiempo al
dominio de la frecuencia configurado para producir un primer nimero de valores
del dominio espectral asociados con una primera porcién no transitoria de Ia
senal de entrada, y Ia segunda rama de procesamiento comprende un

(segundo) convertidor del dominio del tiempo al dominio de la frecuencia
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configurado para producir un segundo nimero de valores en el dominio
espectral asociados con la porcidn transitoria temporalmente ampliada de la
sefal de entrada. El segundo ntimero de valores en el dominio espectral es mas
elevado, por lo menos en un factor de 1,5, que el primer nimero de valores en el
dominio espectral. En consecuencia, se obtiene un buen manejo de los
transitorios.

En una realizacion preferida, la segunda rama de procesamiento
comprende un eliminador de ceros configurado para eliminar una pluralidad de
valores cero de una porcién de sefial de ancho de banda ampliado obtenidos
sobre la base de la porcion transitoria temporalmente ampliada de la sefial de
entrada. De esa manera se invierte Ia ampliacion temporal de la sefial de
entrada, que se obtiene en virtud de la pérdida uniforme ajustada a cero.

En una realizacion preferida, el aparato comprende un reductor del
numero de muestras configurado para reducir el ndmero de muestras de una
representacion en el dominio del tiempo de la sefial de entrada. Mediante la
reduccion del nimero de muestras de la sefial de entrada, se puede mejorar la
eficiencia informatica si la sefal de entrada no cubre Ia totalidad del ancho de
banda Nyquist de un flujo de entrada de muestras moduladas por codificacion
de pulsos.

Otra realizacion de acuerdo con la presente invencion da origen a un
aparato, en el cual se invierte ¢ orden de procésamiento del procesamiento
realizado por la copiadora de valores y el vocodificador de fases. 15. Ese
tipo' de aparato para generar una representacion de una sefal de ancho de
banda ampliado sobre la base de la representaciéon de una sefial de entrada
(110; 383) comprende una copiadora de valores configurada para copiar una
serie de valores de la representacion de la sefial de entrada, a fin de obtener

una serie de valores de una representacion en el dominio espectral de un primer

3



10

15

20

25

14 Acta P 100101129

parche, donde el primer parche esta asociado a frecuencias superiores a las de
la representacion de la sefial de entrada. El aparato comprende ademas un
vocodificador de fases (130; 406) configurado para obtener valores (B ... B3)
de una representacion en el dominio espectral de un segundo parche de la sefial
de ancho de banda ampliado sobre la base de los valores (Bas; ... B de la
representacion en el dominio espectral del primer parche, donde el segundo
parbhe esta asociados a frecuencia superiores a las del primer parche. El
aparato esta configurado para obtener la representacion (120;426) de la sefal
de ancho de banda ampliado empleando los valores de la representacion en el
dominio espectral del primer parche y los valores de la representacion en el
dominio espectral del segundo parche.

Este aparato tiene la capacidad de obtener una sefial de ancho de banda
ampliado con una complejidad informatica comparativamente baja, y obtener a
la vez una buena impresion auditiva de Ia sefal de ancho de banda ampliado. Al
realizar la vocodificacién de fases después de la operacion de copiado, el
vocodificador de fases puede ser operado con una relacién de frecuencia
comparativamente pequefia (la relacion entre la frecuencia de salida del
vocodificador y la frecuencia de entrada del vocodificado), lo que da lugar aun
buen llenado espectral y evita la presencia de grandes agujeros espectrales.
Ademas, se ha encontrado que la impresion auditiva, utilizando este concepto,
€S aun mejor que en el caso de un concepto que se basa meramente en
operaciones de copiado sin la accion de un vocodificador de fases, aunque el
primer parche (parche de frecuencia mas baja) se obtenga utilizando Ia
Operacion de copiado y sblo se obtenga el segundo parche (parche de
frecuencia mas elevada) utilizando la operacion de vocodificacion de fases. Mas

aun, la complejidad informatica es menor que en los sistemas en que todos los
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parches se generan empleando vocodificadores de fases, y los agujeros
espectrales se reducen en comparacion con esos conceptos.

Naturalmente, esta realizacion puede ser complementada por cualquiera
de las funcionalidades descriptas en este documento.

Otras realizaciones de acuerdo con la invencion introducen métodos para
generar una representacion de una sefal de ancho de banda ampliado sobre la
base de la representacion de una sefial de entrada. Dicho método se basa en
las mismas ideas que el aparato precedentemente descripto.

Otra realizacion de acuerdo con la presente invencion produce un
programa de computacion para implementar el método.

Breve Descripcion de las Figuras

La Fig. 1 ilustra un diagrama esquematico de bloques de un aparato
para generar una representacion de una sefial de ancho de banda ampliado
sobre la base de la representacion de una sefial de entrada, de acuerdo con una
realizacidon de Ia'invencién;

La Fig. 2 ilustra una representaciéon esquematica del concepto de
ampliacion del ancho de banda de acuerdo con la presente invencion;

La Fig. 3 ilustra un diagrama esquematico de bloques detallado de un
decodificador de audio que comprende un aparato para generar una
representacion de una sefial de ancho de banda ampliado sobre la base de la
representacion de una sefial de entrada, de acuerdo con una realizacion de la
invencion;

La Fig. 4 llustra un gréfico de flujo de un método para generar una
representacion de una sefial de ancho de banda ampliado sobre la base de la

representacion de una sefal de entrada, de acuerdo con una realizacion de la

invencion;
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La Fig. 5 ilustra un diagrama esquematico de bloques de un
decodificador de audio, de acuerdo con un primer ejemplo comparativo y
La Fig. 6 ilustra un diagrama esquematico de bloques de un

decodificador de audio, de acuerdo con un segundo ejemplo comparativo.

Descripcion Detallada de las Realizaciones

1. Aparato de acuerdo con la Fig. 1

La Fig. 1 ilustra un diagrama esquematico de bloques de un aparato 100
para generar una representacion de una sefial de ancho de banda ampliado
sobre la base de la representacion de una sefial de entrada. E! aparato 100 esta
configurado para recibir la representacion de una senal de entrada 110 y
producir, sobre la base de ésta, una sefial de anchb de banda ampliado 120. El
apafato 100 comprende un vocodificador de fases configurado para obtener los
valores de una representacion del dominio espectral 130 de un primer parche de
la sefial de ancho de banda ampliado 120 sobre la base de la representacion de
la sefial de entrada 110. Los valores de la representacion en el dominio
espectral del primer parche se designan, por ejemplo, con las letras B; a By;. El
aparato 100 comprende ademas una copiadora de valores 140 configurada para
copiar una serie de valores de la representacién del dominio espectral 132 del
primer parche, que son aportados por el vocodificador de fases 130, para
obtener una serie de valores de una representacion en el dominio espectral 142
de un segundo parche, donde el segundo parche esta asociado a frecuencias
mayores que el primer parche. Los valores de la representacion en el dominio
espectral 142 del segundo parche se designan, por ejemplo, con las letras By a
Bsz. El aparato 100 esta configurado para obtener la representacion 120 de la
sefial de ancho de banda ampliado utilizando los valores B; a By de la

representacion en el dominio espectral 132 del primer parche y los valores By a
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Bs; de la representacion en el dominio espectral 142 del segundo parche. Por
ejemplo, la representacion 120 de la sefial de ancho de banda ampliado puede
comprender tanto los valores de la representacion en el dominio espectral 132
del primer parche como la representacion en el dominio espectral 142 del
segundo parche. Mas aun, la representacion 120 de la sefial de ancho de banda
ampliado puede comprender, por ejemplo, los valores de una representacion en
el dominio espectral de la sefal de entrada (representados, por ejemplo, por la
representacion de la sefal de entrada 110). Sin embargo, la representacion 120
de la sefial de ancho de banda ampliado también puede ser una representacion
en el dominio del tiempo, que se puede basar en los valores de la
representacion en el dominio espectral 132 del primer parche y los valores de la
representacion en el dominio espectral 142 del segundo parche (y,
opcionalmente, otros valores, como por ejemplo los valores de la representacion
en el dominio espectral 116 de la sefal de entrada, y/o los valores de una
representacion en el dominio espectral de parches adicionales).

A continuacion se describe la funcionalidad y funcionamiento del aparato
100 en forma detallada, tomando como referencia la Fig. 2, que ilustra una
representacion esquematica del concepto de la invencidn para generar una
representacion de una sefial de ancho de banda ampliado sobre la base de la
representacion de una sefal de entrada.

Una primera representacion grafica 200 ilustra una transposicién
armonica de la sefial de entrada (representada por la representacion de la sefal
de entrada 110), que es ejecutada por el vocodificador de fases 130. Como se
puede apreciar, la sefial de entrada estd representada, por ejemplo, por una
serie de valores de magnitud ax. El indice k designa un colector espectral (por
ejemplo un colector que tiene un indice k de transformada rapida de Fourier, o

una banda de frecuencias que tiene un indice k de una conversién por QMF). La
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representacion de la sefal de entrada 110 puede comprender, por ejemplo, los
valores de magnitud ok correspondientes a k = 1 a k = Z, donde may designa
un colector de frecuencia de la denominada frecuencia de cruce y describe una
frecuencia inicial de la ampliaciéon de ancho de banda. También se describe un
rango de la frecuencia fundamental, por ejemplo, mediante los valores de fases
@k, donde k es un indice de colector de frecuencia, como se sefalara
anteriormente.

De manera similar, el primer parche esta indicado por una serie de
valores de una representacion en el dominio espectral, por ejemplo, valores B
con k de entre 'y 2¢. Por otro lado, el primer parche puede estar representado
por valores de magnitud o, y valores de fases @, con el indice de colector de
frecuencia k de entre  y 2¢.

Como ya se mencionara, el vocodificador de fases 130 esta configurado
para ejecutar una transposicién arménica sobre la base de la representacion de
la sefial de entrada 110 para obtener los valores de la representacion del
dominio espectral 132 del primer parche. Para lograr este fin, el vocodificador de
fases 130 puede establecer un valor de magnitud ax de un colector de
frecuencia con un indice de colector de frecuencia (colector de frecuencia) 2k
que es igual al valor de magnitud ax de un colector de frecuencia que tiene el
indice de colector de frecuencia (colector de frecuencia) k. Ademas, el
vocodificador de fases 130 puede estar configurado para establecer el valor de
fase @a de un colector de frecuencia que tiene un indice 2k en un valor que es
igual al doble del valor de fase @« asociado con el colector de frecuencia que
tiene el indice k. En este caso, el colector de frecuencia que tiene el indice k
puede ser un colector de frecuencia de la representacion de la sefial de entrada
110, y el colector de frecuencia que tiene el indice 2k puede ser un colector de

frecuencia de la representacion del dominio espectral 132 del primer parche.
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Ademas, un colector de frecuencia que tiene el indice 2k puede comprender una
frecuencia que es un primer arménico de una frecuencia incluida en el colector
de frecuencia que tiene el indice k. De esa manera se pueden obtener valores
de magnitud ay y valores de @z, que son los valores de la representacion en el
dominio espectral 132 del primer parche, correspondientes a 2k en el rango de {
a 2¢, tal como ax= ax Y @a=2@y. Por otro lado, y de manera equivalente, se
pueden obtener valores B, que son los valores de la representacion del
dominio espectral 132 del primer parche, correspondientes a 2k de entre { y 2¢,
como por ejemplo f,, = a,e’*% .

Para resumir, suponiendo que el colector de frecuencias que tiene indices
k (o, de manera equivalente, 2k y asi sucesivamente), que son, por ejemplo,
colectores de frecuencia de una representacion de Transformada Rapida de
Fourier, estan espaciados en direccion lineal en la frecuencia (de tal manera que
el indice del colector de frecuencia, por ej. k o 2k, sea por lo menos
aproximadamente proporcional a una frecuencia comprendida en el respectivo
colector de frecuencia, por ejemplo una frecuencia central de un k° colector de
frecuencia por Transformada Rapida de Fourier o una frecuencia central en la k°
banda QMF), el vocodificador de fases 130 obtiene una transposicion arménica.

No obstante, los valores de la representacion del dominio espectral 142
del segundo parche son obtenidos por la copiadora de valores 140, que lleva a
cabo un copiado no arménico de los valores de la representaciéon del dominio
espectral 132 del primer parche.

Tomando ahora como referencia Ia representacion grafica 250, se
describe en forma breve el copiado no armonico. Como se puede ver, el primer
parche esta representado por los valores B; a B2z (0, de manera equivalente, por
los valores de magnitud Q; @ A y los valores de fase ®P; a @y En

consecuencia, los valores By a Bsz (0, de manera equivalente, los valores de
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magnitud 0z a q5; Y los valores de fase @y a @z) de la representacion del
dominio espectral 142 del segundo parche se obtienen mediante un copiado no
armonico, que es ejecutado por la copiadora de valores 140. Por ejemplo, se
pueden obtener los valores espectrales valorados de manera compleja Bz a Bag
de la representacion del dominio espectral 142 del segundo parche sobre la
base de los correspondientes valores B; a By de la representacion del dominio
espectral 132 del primer parche de acuerdo con B«=Bk— en el caso de k entre 2;
y 3¢ Del mismo modo, se pueden obtener valores de magnitud ay; a azz de la
representacion del dominio espectral 142 del segundo parche sobre la base de
los valores de magnitud de la representacion en el dominio espectral 132 del
primer parche de acuerdo con =k en el caso de k entre 2 y 3. En este
caso, se pueden obtener valores de fase P2; a P3; de la representacion del
dominio espectral 142 del segundo parche sobre la base de los valores de fase
P; a Py; de la representacion del dominio espectral 132 del primer parche de
acuerdo con @x= @k en el caso de k entre 20y 3.

En consecuencia, los valores de Ia representacion del dominio espectral
142 del segundo parche representan una sefal, que tiene un desplazamiento de
frecuencia de modo no arménico (es decir, lineal) con respecto a una sefal
representada por los valores de la representacion del dominio espectral 132 del
primer parche.

Se pueden utilizar los valores B; a Bz; de la representacion del dominio
espectral 132 del primer parche y los valores B2z a B3 de la representacion del
dominio espectral 142 del segundo parche para obtener la representacion 120
de la sefial de ancho de banda ampliado. Dependiendo de los requisitos, la
representacion 120 de la sefial de ancho de banda ampliado puede ser una
representacion del dominio espectral o una representacion en el dominio del

tiempo. Si se pretende obtener una representacion en el dominio del tiempo, se
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puede erﬁplear un convertidor del dominio de la frecuencia al dominio del tiempo
para derivar la representacion en el dominio del tiempo sobre la base de los
valores B; a By de la representacion del dominio espectral 132 del primer parche
y los valores Bo; a Bs; de la representacion del dominio espectral 142 del
segundo parche. Por otro lado (y de manera equivalente), se pueden utilizar los
valores oz a Oz, Pza P2z, Gz a Asg Y Pz @ P3z para derivar la representacion 120
de la sefal de ancho de banda ampliado (ya sea en el dominio espectral o en el
dominio del tiempo).

Como se senfalara anteriormente, el concepto descripto con respecto a
las Figs. 1 y 2 trae aparejado una buena impresion auditiva y complejidad
informatica relativamente baja. La vocodificacion de fases sélo es necesaria una
vez, aunque se utilice una pluralidad de parches (por ejemplo el primer parche y
el segundo parche). Ademas, se evita la existencia de grandes agujeros
espectrales en el segundo parche, lo que ocurriria si se utilizar otro vocodificador
de fase para obtener el segundo parche. Por consiguiente, el concepto de la
presente invencion trae consigo un compromiso favorable entre complejidad
informética y una impresién auditiva.

Mas aun, se debe notar que, en algunas realizaciones, se pueden obtener
mas parches sobre la base de los valores de la representacion del dominio
espectral 132 del primer parche. Por ejemplo, en una ampliacion opcional del
concepto de la invencion, se pueden obtener los valores de una representacion
del dominio espectral de un tercer parche sobre la base de los valores de la
representacion en el dominio espectral 132 del primer parche empleando otra
copiadora de valores, como se describe en forma mas detallada tomando como
referencia la Fig. 3.

Las realizaciones de acuerdo con las Figs 1 y 2 (y también las demas

realizaciones) se pueden modificar de una amplia variedad de maneras. Por
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ejemplo, se puede obtener un primer parche empleando un vocodificador de
fases, y se puede obtener un segundo, tercer y cuarto parches mediante una
operacion de copiado de los valores espectrales. Por otro lado, se puede
obtener un primer y segundo parches utilizando vocodificadores de fases, y se
puede obtener un tercero y un cuarto parches utilizando el copiado de valores
espectrales. Como es natural, se pueden aplicar diferentes combinaciones de Ia
operacion de vocodificacion de fases y la operacion de copiado.

Por otro lado, sin embargo, se puede obtener un primer parche utilizando
una operacion de copiado (copiadora de valores) de los valores espectrales de
la representacion de la sefial de entrada, y se puede obtener un segundo parche
utiiizando un vocodificador de fases (sobre la base de los valores copiados del
primer parche, obtenidos de Ia copiadora de valores).

2. Realizacion de Acuerdo con la Fig. 3

A continuacién se describe un decodificador de audio 300 haciendo
referencia a la Fig. 3, donde Ia Fig. 3 ilustra un diagrama esquematico de
bloques detallado de ese tipo de decodificador de audio 300 que comprende un
aparato para la generacidon de una representacion de una sefial de ancho de
banda ampliado sobre la base de Ia representacion de una sefal de entrada.

2.1. Resena General del Decodificador de Audio

El decodificador de audio 300 esta configurado para recibir un flujo de
datos 310 y para producir, basandose en los mismos, una forma de onda de
audio 312. El decodificador de audio 300 comprende un decodificador del nticleo
320, que esta configurado para aportar, por ejemplo, datos modulados por
codificacion de pulsos (“datos PCM”) 322 sobre la base del flujo de datos 310. E|
decodificador del nucleo 320 puede ser, por ejemplo, un decodificador de audio
de acuerdo con lo descripto en la norma internacional ISO/IEC 14496—

3:2005(e), parte 3: audio, subparte 4: codificacién general de audio (GA)-AAC,
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Twin VQ, BSAC. Por ejemplo, el decodificador del nucleo 320 puede ser un
denominado decodificador del nicleo de codificacion de audio avanzado (AAC),
al que se describe mas detalladamente en dicha normal Yy que es muy conocido
por la persona con capacitacion en la técnica. Por consiguiente, los datos de
audio modulados por codificacién de pulsos 322 pueden ser producidos por el
decodificador del nicleo 220 sobre la base del flujo de datos 310. Por ejemplo,
los datos de audio modulados por codificacion de pulsos 322 pueden
comprender una longitud de cuadro de 1024 muestras.

El' decodificador de audio 300 comprende ademas una ampliacién del
ancho de banda (o ampliador del ancho de banda) 330, que esta configurado
para recibir los datos de audio modulados por codificacién de pulsos 322 (por
ejemplo, una longitud de cuadro de 1024 ‘muestras) y para otorgar, sobre Ja
base de las mismas, la forma de onda 312. La ampliacion del ancho de banda (o
amplificador del ancho de banda) 330 también recibe ciertos datos de control
332 del flujo de datos 310. La ampliacién del ancho de banda 330 comprende
una provision de datos de QMF con parches (proveedor de datos QMF con
parche) 340, que recibe los datos de audio modulados por codificacién de
pulsos 322 y que produce, sobre la base de éstos, datos QMF con parches 342.
La ampliacion del ancho de banda 330 comprende asimismo un formateo de la
envolvente (o formateador de Ia envolvente) 344, que recibe los datos QMF con
parches 342 y datos de control de formateo de la envolvente 346 y produce,
sobre la base de estos, datos QMF con envolvente fofmateada 348. La
ampliacion del ancho de banda 330 comprende ademas una sintesis QMF (o
sintetizador QMF) 350, que recibe los datos QMF con parches y envolvente
formateada 348 y produce, sobre Ia base de estos, la forma de onda 312
mediante la ejecucion de una sintesis QMF.

2.2. Provision de datos QMF con Parche 340
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2.2.1. Provision de datos QMF con Parche — Resefia general

La provision de datos QMF con parche 340 (que puede ser ejecutado por
un proveedor de datos QMF con parche 340 en una implementacion de
hardware) puede ser conmutable entre dos modos, es decir un primer modo en
el cual se ejecuta la introduccion de parches por replicacién de la banda
espectral (SBR) y un segundo modo en el cual se ejecuta la introduccion de
parches por ampliacion arménica del ancho de banda (HBE). Por ejemplo, los
datos de audio modulados por codificacion de pulsos 322 pueden ser retardados
por un retardador 360, para obtener datos retardados de audio modulados por
codificacion de pulsos 362, y los datos retardados de audio modulados por
codificacion de pulsos 362 se pueden convertir al dominio QMF dtilizando un
analizador QMF de 32 bandas 364. El resultado del analizador QMF de 32
bandas 364, por ejemplo, se puede enviar una representaciéon del dominio QMF
de 32 bandas es decir, el dominio espectral) 365 de los datos retardados de
audio modulados por codificacion de pulsos 362, a un introductor de parches por
SBR 366 y a un introductor de parches por ampliacién armoénica del ancho de
banda 368.

El introductor de parches por replicacion de la banda espectral 366 puede
realizar, por ejemplo, la introduccién de un parche por replicaciéon de la banda
espectral, que se describe, por ejemplo, en la seccion 4.6.18 “SBR tool” de Ia
norma internacional ISO/IEC 14496-3:2005(e), parte 3, subparte 4. En
consecuencia, el introductor de parches por replicacion de la banda espectral
366 puede otorgar una representacion del dominio QMF de 64 bandas.

Por otro lado, o ademas, el introductor de parches por ampliacion
armonica del ancho de banda 368 puede aportar una representacion del dominio
QMF de 64 bandas 372, que es una representacion de ancho de banda

ampliado de los datos de audio PCM 322. Se puede utilizar un conmutador 374,
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al que se controla dependiendo de los datos de contro! de ampliacién del ancho
de banda 332 extraidos del flujo de datos 310, para decidir si se aplica la
introduccion de parches por replicacién de la banda espectral 366 o la
introduccion de parches por ampliacién arménica del ancho de banda 368 para
obtener los datos QMF con parche 342 (que pueden ser iguales a la
representacion del dominio QMF de 64 bandas 370 o iguales a la representacion
del dominio QMF de 64 bandas 372 dependiendo del estado del conmutador
374) .

2.2.2. Provision de datos QMF con parche — Ampliacion arménica del

ancho de banda 368

En lo sucesivo se describe en forma mas detallada la introduccién de
parches (por lo menos parcialmente) por ampliacion armoénica del ancho de
banda 368. La introduccién de parches por ampliacién arménica del ancho de
banda 368 comprende un trayecto de sefales, en la cual los datos de audio
modulados por codificacién de pulsos 322, o una versidn previamente
procesada de los mismos, se convierten a un dominio espectral (por ejemplo a
un dominio del coeficiente de Transformada Rapida de Fourier o a un dominio
QMF), en el cual se realiza una ampliacion armonica del ancho de banda en el
dominio espectral, y en el cual se utiliza la representacion del dominio espectral

de la sefial de ancho de banda ampliado obtenida, o una representacion

derivada de la misma, para la introduccién de parches por ampliacién arménica

del ancho de banda.-

En la realizacion de la Fig. 3, se reduce el nimero de muestras de los
datos de audio modulados por codificacion de pulsos 322 por medio de un
reductor del nimero de muestras 380, por ejemplo, en un factor de 2, para
obtener datos de audio modulados por codificaciéon de pulsos con numero de

muestras reducido 381. A continuacion, los datos de audio modulados por
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codificacion de pulsos con nimero de muestras reducido 381 son colocados en
ventana por un generador de ventanas 382, que puede comprender, por
ejemplo, una longitud de ventana de 512. Se debe tener en cuenta que la
ventana tiene un desplazamiento, por ejemplo, de 64 muestras de los datos de
audio modulados por codificacion de pulsos con nimero de muestras reducido
381 en los pasos subsiguientes de procesamiento, por lo que se obtiene una
superposicion comparativamente grande de las porciones encuadradas en
ventanas 383 de los datos de audio modulados por codificacién de pulsos con
numero de muestras reducido.

El decodificador de audio 300 comprende ademas un detector de
transitorios 384, que esta configurado para detectar un transitorio dentro de los
datos de audio modulados por codificacion de pulsos 322. El detector de
transitorios 384 puede detectar la presencia de un transitorio, ya sea sobre la
base de los datos de audio PCM 322 en si, o sobre la base de una informacién
secundaria, que esta incluida en el flujo de datos 310.

Las porciones encuadradas en ventanas 383 de los datos de audio PCM
con numero de muestras reducido 381 pueden ser procesadas selectivamente
empleando una primera rama de procesamiento 386 o una segunda rama de
procesamiento 388. La primera rama 386 se puede utilizar para procesar una
porcién no transitoria encuadrada en ventana 383 de los datbs de audio PCM
con numero de muestras reducido (para lo cual el detector de transitorios 384
niega la presencia de un transitorio) y se puede utilizar una segunda rama 388
para el procesamiento de una porcién transitoria encuadrada en ventana 383 de
los datos de audio PCM con ntmero de muestras reducido (para lo cual el
detector de transitorios 384 indica la presencia de un transitorio).

La primera rama 386 recibe una porcion no transitoria encuadrada en

ventana 383 y produce, sobre la base de ésta, una representacion de ancho de
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banda ampliado 387, 434 de la porcidon encuadrada en ventana 383. De manera
similar, la segunda rama 388 recibe una porcidn transitoria encuadrada en
ventana 383 de los datos de audio PCM con nimero de muestras reducido 381
y produce, sobre la base de estos, una representacion de ancho de banda
ampliado 389 de la porcion encuadrada en ventana (transitoria) 383. Como se
indicara anteriormente, el detector de transitorios 384‘decide si la porcion
encuadrada en ventana actual 383 es una porcion no transitoria encuadrada en
ventana o una porcidn transitoria encuadrada en ventana, por lo que el
procesamiento de la porcién encuadrada en ventana en el momento 383 se
realiza utilizando la primera rama 386 o la segunda rama 388. De esa manera,
diferentes porciones encuadradas en ventanas 383 pueden ser procesadas por
diferentes ramas 386, donde hay una superposicion temporal considerable entre
las representaciones sucesivas de ancho de banda ampliado 387, 389 de las
sucesivas porciones encuadradas en ventanas 383 (puesto que hay una
superposicion  temporal  considerable de las  sucesivas  porciones
temporariamente encuadradas en ventanas 383).

La ampliacién arménica del ancho de banda 368 comprende asimismo un
dispositivo de superposicion y suma 390, que esta configurado para superponer
y sumar las diferentes representaciones de ancho de banda ampliado 387, 389
asociadas con diferentes porciones encuadradas en ventana (temporalmente
sucesivas) 383. Un incremento de superposicion y suma puede ser ajustado, por
ejemplo, a 256 muestras. De esa manera se obtiene una sefial superpuesta y
sumada 392, |

La ampliacién arménica del ancho de banda 368 comprende ademas un
analizador QMF de 64 bandas 394, que esta configurado para recibir la sefal
Superpuesta y sumada 392 y producir, sobre la base de ésta, una sefal en

dominio QMF de 64 bandas 396. La sefal en dominio QMF de 64 bandas 396
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puede representar, por ejemplo, un rango de frecuencias mas amplio que la
sefal en dominio QMF de 32 bandas 365 provista por el analizador QMF de 32
bandas 364.

La ampliacion armoénica del ancho de banda 368 comprende ademas un
combinador 398, que esta configurado para recibir tanto la sefial en dominio
QMF de 32 bandas provista por el analizador QMF de 32 bandas 364 como la
sefal en dominio QMF de 64 bandas 396 y para combinar esas sefnales. Por
ejemplo, los componentes del rango de baja frecuencia (o rango de la frecuencia
fundamental) de la sefal en dominio QMF de 64 bandas 396 pueden ser
reemplazados, o combinados, con la sefia en dominio QMF de 32 bandas 365
provista por el analizador QMF de 32 bandas 364, de tal manera que, por
ejemplo, los 32 componentes del rango de frecuencia mas baja (o el rango de la
frecuencia fundamental) de la sefial en dominio QMF de 64 bandas 372 estan
determinados por la salida del analizador QMF de 32 bandas 364, y de tal
manera que los 32 componentes del rango de frecuencia superior de la sefial en
dominio QMF de 64 bandas 372 estan determinados por los 32 componentes
del rango de mayor frecuencia de la sefial en dominio QMF de 64 bandas 396.

Naturalmente, el nimero de componentes de las sefales en el dominio
QMF  puede variar, dependiendo de los requerimientos especificos.
Naturalmente, una posicion de frecuencia de una transicion entre un rango de la
frecuencia fundamental (también denominado rango de frecuencia mas baja) y
un rango de frecuencias de ancho de banda ampliado (también denominado
rango de frecuencias mas elevadas) puede depender de la frecuencia de cruce
0, de manera equivalente, del ancho de banda de la sefal de audio
representada por los datos de audio modulados por codificacion de pulsos 322.

En los parrafos siguientes se describen detalles con respecto a la primera

rama de procesamiento 386. La primera rama 386 comprende un convertidor del
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dominio del tiempo al dominio de la frecuencia 400, que esta implementado, por
ejemplo, en la forma de un medio de Transformada Rapida de Fourier
configurado para producir 512 coeficientes de Transformada Réapida de Fourier
sobre la base de una porcidn encuadrada en ventana 383 de 512 muestras en el
dominio del tiempo de los datos de audio modulados por codificacion de pulsos
con numero de muestras reducido 381. En consecuencia, los colectores de
frecuencia por Transformada Rapida de Fourier se designan con indices de
numeros enteros k de colectores de frecuencia en el rango comprendido entre 1
y N=512.

La primera rama 386 comprende ademas un dispositivo para producir
valores de magnitud 402, que esta configurado para producir valores de
magnitud ok de los coeficientes de Transformada Rapida de Fourier. Ademas, la
primera rama 386 comprende un dispositivo para producir valores de fase 404
configurado para proporcionar valores de fase ¢« de los coeficientes de
Transformada Rapida de Fourier.

La primera rama 386 comprende ademas un vocodificador de fases 406,
que puede recibir los valores de magnitud o, y los valores de fase @x como
representacion de una sefial de entrada, y que puede comprender la
funcionalidad del vocodificador de fases 130 antes descripto. En consecuencia,
el vocodificador de fases 406 puede dar salida a valores Bk, en un rango
comprendido entre Be y By, de una representacion en el dominio espectral de un
primer parche. Los valores Bz« se designan con 408, Y pueden ser equivalentes
a los valores de la representacion del dominio espectral 132 de un primer
parche. La primera rama 386 comprende ademas una copiadora de valores 410,
que puede asumir la funcionalidad de la copiadora de valores 140, Yy que puede
recibir, como informacién de entrada, los valores By (por €j. en un rango

comprendido entre Be y Bz). En consecuencia, la primera copiadora de valores
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410 puede proporcionar valores Bk en un rango de By a Ba, los que se designan
con 412 y que pueden ser equivalentes a los valores By a B3 de la
representacion del dominio espectral 142 del segundo parche. Asimismo, la
primera rama 386 puede comprender (opcionalmente) una segunda copiadora
de valores 414, que estd configurada para recibir los valores Be ¥y Bze.(que
también se designan con 408) provistos por el vocodificador de fases 406 y para
proporcionar, sobre la base de estos, valores espectrales Ba¢ @ Bae usando una
operacion de copiado (que da lugar con eficacia a un desplazamiento de
frecuencia no arménico del espectro descripto por los valores Bs a B¢ (408)). En
consecuencia, la segunda copiadora de valores 414 aporta valores espectrales
Bae a Ba4g de una representacion del dominio espectral de un tercer parche, la que
también se designa 416.

La primera rama‘386 puede comprender un interpolador opcional 420,
que puede estar configurado para recibir los valores 412, 416 de las
representaciones en el dominio espectral del segundo parche y del tercer parche
(v, opcionalmente, también los valores 408 de la representacion en el dominio
espectral del primer parche) y para proporcionar valores interpolados 422 de la
representacion en el dominio espectral del segundo y tercer parches (y,
opcionalmente, también del primer parche). |

La primera rama 386 puede comprender ademas un atenuador a cero
424, que esta configurado para recibir los valores interpolados 422 (o, de lo
contrario, los valores originales 412, 41 6) de las representaciones en el dominio
espectral del segundo y tercer parches (y, opcionalmente, también del primer
parche) y para obtener, sobre la base de estas, una version atenuada a cero de
los valores de una representacion del dominio espectral, que esta atenuada a

cero a fin de adaptarla a una dimension de! convertidor del dominio espectral al

dominio del tiempo 428.
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El convertidor del dominio espectral al dominio del tiempo 428 puede ser
implementado, por ejemplo, en forma de Transformador Rapido de Fourier
inverso. Por ejemplo, el Transformador Rapido de Fourier inverso 428 puede
estar configurado para recibir una serie de 2048 valores espectrales
(opcionalmente interpolados y reducidos a cero) y para producir, sobre la base
de estos, una representacion en el dominio del tiempo 430 de la porcién de
sefal de ancho de banda ampliado. El primer trayecto 386 comprende ademas
un generador de ventanas de sintesis 432, que esta configurado para recibir la
representacion en el dominio del tiempo 430 de la porcién de sefial de ancho de
banda ampliado y para aplicar una generacion de ventanas de sintesis, a fin de
obtener una representacion en el dominio del tiempo encuadrada en ventana de
sintesis de la porcién de sefal de ancho de banda ampliado 430.

El decodificador de audio 300 comprende ademas un segundo trayecto
de procesamiento 388, que ejecuta un procesamiento muy similar en
comparacion con el primer trayecto 386. Sin embargo, el segundo trayecto 388
comprende un atenuador a cero en el dominio del tiempo 438, que esta
configurado para recibir la porcién transitoria encuadrada en ventana 383 de los
datos de audio modulados por codificacion de pulsos con nimero de pulsos
reducido 381 y para derivar una version atenuada a cero 439 de la porcion
encuadrada en ventana 383, de tal manera que el comienzo de la porcion
atenuada a cero 439 y el final de la porcién atenuada a cero 439 estén
atenuadas con ceros, y de tal manera que el transitorio esté dispuesto en una
region central (entre las muestras iniciales atenuadas a cero y las muestras
finales atenuadas a cero) de la porcion atenuada a cero 439.

El segundo trayecto 388 comprende ademas un transformador del
dominio del tiempo al dominio espectral 440, por ejemplo, un Transformador

Rapido de Fourier o un QMF (banco de filtros espejo en cuadratura). El
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transformador del dominio del tiempo al dominio espectral 440 comprende por lo
general un nimero mayor de colectores de frecuencia (por ejemplo, colectores
de frecuencia por Transformada Répida de Fourier o bandas QMF) que el
transformador del dominio del tiempo al dominio espectral 400 de Ia primera
rama. Por ejemplo, el Transformador Rapido de Fourier 440 puede estar
configurado para derivar 1024 coeficientes de Transformada Rapida de Fourier
a partir de una porcién atenuada a cero 439 de 1024 muestras en el dominio del
tiempo.

La segunda rama 388 comprende ademas un determinador de valores de
magnitud 442 y un determinador de valores de fase 444, que pueden
comprender la misma funcionalidad que los medios correspondientes 402, 404
de la primera rama 386, aunque con dimension incrementada N=1024. De modo
similar, la segunda rama 388 comprende ademas un vocodificador de fases 446,
una primera copiadora de valores 450, una segunda copiadora de valores 454,
un interpolador opcional 460 y un atenuador a cero opcional 464, que puede
comprender las mismas funcionalidades que los medios correspondientes de la
primera rama 386, aunque con dimensiones incrementadas. En particular, el
indice ¢ de la banda de cruce puede ser mas elevado en la segunda rama 388
que en la primera rama 386, por ejemplo, en un factor de 2.

En consecuencia, se puede enviar una representacion del dominio
espectral que comprende, por ejemplo, 4096 coeficientes de Transformada
Rapida de Fourier a un Transformador Rapido de Fourier inverso 468, que a su
vez produce una sefial en el dominio del tiempo 470 que consta de 4096
muestras.

La segunda rama 388 comprende ademas un generador de ventanas de

sintesis 472, que esta configurado para otorgar una version encuadrada en

t+2.
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ventanas de la representacion en el dominio del tiempo 470 de la porcién de
senal de ancho de banda ampliado.

La segunda rama 388 comprende ademas un eliminador de ceros
configurado para producir una representacion abreviada y encuadrada en
ventana en el dominio del tiempo 478 de la porcion de sefal de ancho de banda
ampliado, representacion abreviada y encuadrada en ventana en el dominio del
tiempo 478 que puede comprender, por ejemplo, 2048 muestras.

En consecuencia, la representacion en el dominio del tiempo 387 se
utiliza para porciones no transitorias (por €j. cuadros de audio) de los datos de
audio modulados por codificaciéon de pulsos 322, y la representacion en el
dominio del tiempo 478 se utiliza para porciones transitorias de los datos de
audio modulados por codificacion de pulsos 322. En consecuencia, las
porciones transitorias son procesadas con una resolucion mas elevada en el
dominio espectral en la segunda rama de procesamiento 388, en tanto que las
porciones no transitorias son procesadas con una resolucién espectral mas baja
en la primera rama de procesamiento 386.

2.3. Formateo de Envolvente 344

A continuacion se resume brevemente el formateo de envolvente 344.
Ademas, se hace referencia a los respectivos comentarios presentados en la
seccion introductoria, que también se aplican al concepto de la invencion.

Los datos QMF con parche 342, que se obtienen sobre la base de la
sefial en el dominio QMF de 64 bandas 396, son procesados por el formateo de
envolvente 344, para obtener la representacion de sefial 348, que es transferido
como entrada al sintetizador QMF 350. El formateo de envolvente puede
adaptar, por ejemplo, las sefiales de banda en el dominio QMF de los datos
QMF con parche 342 para ejecutar el llenado de ruidos, a fin de reconstruir los

armonicos faltantes y/o para obtener un filtrado inverso. Las variaciones de
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relleno de ruido, insercion de armoénicos faltantes vy filtrado inverso pueden ser
controladas, por ejemplo, por una informacién secundaria 346, que puede ser
extraida del flujo de datos 310. Para mas detalles, se hace referencia, por
ejemplo, a la explicacion sobre la herramienta SBR presentada en la seccidn
4.6.18 de la Norma Internacional ISC/IEC 14496-3:2005(¢), parte 3, subparte 4.
Sin embargo, también se pueden aplicar diferentes conceptos de formateo de
envolvente de acuerdo con los requisitos.

3. Explicacion y comparacion de las diferentes soluciones

A continuacién se presenta una breve explicacidn y resumen de la
solucién de la invencion.

Las realizaciones de acuerdo con la presente invencion, por ejemplo el
aparato 100 de acuerdo con la Fig. 1 y el decodificador de audio 300 de acuerdo
con la Fig. 3, son (0o comprenden) nuevos algoritmos de parches dentro de la
replicaciéon de la banda eSpectraI (SBR). Se puede utilizar la introduccién de
parches en el dominio espectral de diferentes maneras para dar cuenta de las
diferentes caracteristicas o restricciones de - sefal dictadas por los
requerimientos de software o hardware.

En la SBR normal, la introduccién de parches se lleva a cabo siempre
mediante una operacion de copia dentro del dominio QMF. Esto puede llevar, en
ocasiones, a artefactos auditivos, especialmente si se copian sinusoides en las
proximidades unas de otras en el limite de la parte de LF y HF generada. Por lo
tanto, se ha introducido un nuevo algoritmo de parches que evita algunos
problemas mediante el uso de un vocodificador de fases (ver, por ejemplo, la
Referencia [13]). Este algoritmo esti ilustrado en la Fig. 5 como ejemplo
comparativo.

La SBR standard tiene el problema de los artefactos auditivos. E| enfoque

de vocodificador de fases presentado en la Referencia [13] tiene una
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complejidad, especialmente debido al alto nimero de Transformadas Rapidas
de Fourier que se deben calcular. Ademés, el espectro se torna muy ralo en el
caso de los parches altos (factores de extension elevados), que puede dar lugar
a artefactos de audio desagradables.

Dos realizaciones evitan el alto nimero de Transformadas Rapidas de
Fourier mediante el traslado de la generacion de diferentes parches del dominio
del tiempo al dominio de la frecuencia. En la Fig. 6, se presenta un ejemplo en el
cual se obtiene la transformacion al dominio de la frecuencia con la ayuda de
una Transformada Répida de Fourier. En lugar de la Transformacion de Fourier,
se pueden utilizar, sin embargo, otras transformaciones de tiempo—frecuencia.

La Fig. 3 ilustra una solucién hibrida del algoritmo de la Fig. 6 para la
introduccion de parches SBR. Sélo el primer parche es generado por el
algoritmo del vocodificador de fases (por ejemplo, el bloque 406 de Ia primera
rama 386 y el bloque 446 de la segunda rama 388) en tanto que los parches
superiores (por ejemplo, el segundo parche y el tercer parche) se generan solo
copiando el primer parche (por ejemplo, utilizando las copiadoras de valores
410, 414 de la primera rama 386, y/o las copiadoras de valores 450, 454 de la
segunda rama 388). Esto da un espectro menos ralo.

A continuacion se explica brevemente el algoritmo de comparacion, que
se implementa en el decodificador de audio ilustrado en la Fig. 6 y el algoritmo
de la invencién, que esta implementado en el decodificador de audio ilustrado en
la Fig. 3:

El algoritmo comparativo o algoritmo de referencia, que esta
implementado en el decodificador de audio ilustrado en la Fig. 6, comprende los
siguientes pasos:

1. Reduccion del niumero de muestras de la sefial (sinovaen

desmedro del criterio de Nyquist)
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2. Se encuadra la sefial en ventanas (Se proponen las

ventanas de "Hann" aunque se pueden utilizar otras formas de ventana) y

- se toman los denominados granos (por ejemplo, las porciones de sefal

encuadradas en ventana 383) de longitudes N de la sefial. Las ventanas
se desplazan por la sefial con un tamafo de salto H. Se propone una
superposicion N/H=8 veces.

3. Si el grano (por ejemplo, una porcidn de sefial encuadrada
en ventana 383) contiene un evento transitorio en los bordes, esta
rellenada (por ejemplo por el atenuador a cero 438) con ceros, lo que
lleva a un sobremuestreo en el dominio de la frecuencia.

4. Los granos se transforman al dominio de la frecuencia (por
ejemplo, usando los transformadores del dominio del tiempo al dominio
espectral 400, 440).

5. Los granos en el dominio de la frecuencia son rellenados
(opcionalmente) a una longitud de salida conveniente del algoritmo de
introduccion de parches.

6. Se calcula la magnitud y la fase (por ejemplo, utilizando los
medios 402, 404, 442, 444).

7. Se copia el contenido del colector de frecuencia n en la
posicién sn para el factor de extension s. Se multiplica la fase por el factor
de extension s. Esto se hace con todos los factores de extensidn s (sé'lo
en el caso de las regiones en el espectro que cubre los parches
convenientes). (a) {-(s—1)/ssns o (b) ¢/ssn=(; (b) da un espectro mas
denso que (a) ya que los parches se superponen. El { denota la
frecuencia mas alta de la parte LF, la denominada frecuencia de cruce.
En términos generales, se corrige la fase para una nueva posicién de

muestreo (por ej.,, una posicion de frecuencia) que se puede obtener

o
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utilizando el algoritmo descripto en este documento o cualquier algoritmo

alternativo.

8. Se pueden llenar colectores de frecuencia que no adquieren
datos por el copiado mediante la aplicacion de una funcion de
interpolacion (por ejemplo, utilizando los interpoladores 420, 460).

9. Los granos se transforman de nuevo al dominio del tiempo
(por ejemplo, utilizando los Transformadores Rapidos de Fourier inversos
428, 468).

10.  Los granos en el dominio del tiempo se multiplican por una
ventana de sintesis (una vez mas, se proponen las ventanas de Hann)
(por ejemplo utilizando los generadores de ventanas de sintesis 432,
472).

11. En caso de haberse llevado a cabo la atenuacién a cero en
el paso 3, se vuelven a eliminar los ceros (por ejemplo, utilizando el
eliminador de ceros 476).

12. Se genera una sefial o cuadro de ancho de banda ampliado
(por ejemplo, la sefal 392), respectivamente, utilizando superposicion y
suma (OLA) (por ejemplo, utilizando la superposicion y suma 390).

Sin embargo, también se puede intercambiar el orden de los pasos
individuales en algunas realizaciones alternativas, y se pueden fusionar algunos
de los pasos en un solo paso en algunas realizaciones alternativas.

El algoritmo de la invencién, que esta implementado en el decodificador
de audio ilustrado en la Fig. 3, comprende los siguientes pasos:

1. La reduccién del nimero de muestras de la senal (si no va en desmedro
del criterio de Nyquist)
2. Se encuadra en ventana la sefial (Se proponen las ventanas de "Hann"

aunque se pueden utilizar otras formas de ventana) y se toman los denominados

1
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granos (por ejemplo, las porciones de sefial encuadradas en ventana 383) de
longitudes N de la sefal. Las ventanas se desplazan por la sefial con un
tamaiio de salto H. Se propone una superposicién N/H=8 veces.

3. Si el grano (por ejemplo, una porcién de sefial encuadrada en ventana
383) contiene un evento transitorio en los bordes, esta rellenada (por ejemplo
por el atenuador a cero 438) con ceros, lo que lleva a un sobremuestreo en el
dominio de la frecuencia.

4. Los granos se transforman al dominio de la frecuencia (por ejemplo,
usando los transformadores del dominio del tiempo al dominio espectral 400,
440).

5. Los granos en el dominio de la frecuencia son rellenados (opcionalmente)
auna longitud de salida conveniente del algoritmo de introduccion de parches.

7. Se calcula la magnitud y la fase (por ejemplo, utilizando los medios 402,
404, 442, 444), |

a) Se copia el contenido del colector de frecuencia a la posicion 2n.
Se multiplica la fase por el 2.
(@) (s—-1)/ssnsg o (b) ¢/ssn<C (ver lo anterior).

7. b) Se copia el contenido del colector de frecuencia 2n a la posiciéon sn
para todos los factores de extension s > 2 en los rangos 1sn<g.

8. Se pueden llenar colectores de frecuencia que no adquieren datos por el
copiado mediante la aplicacién de una funcién de interpolacion (por ejemplo,
utilizando los interpoladores 420, 460).

9. Los granos se vuelven a transformar al dominio del tiempo (por ejemplo,
utilizando los Transformadores Rapidos de Fourier inversos 428, 468).

10.  Los granos en el dominio del tiempo se muitiplican por una ventana de
sintesis (una vez mas, se proponen las ventanas de Hann) (por ejemplo

utilizando los generadores de ventanas de sintesis 432, 472).
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11.  En caso de haberse llevado a cabo la atenuacion a cero en el paso 3, se
vuelven a eliminar los ceros (por ejemplo, utilizando el eliminador de ceros 476).
12. Se genera una sefial o cuadro de ancho de banda ampliado (por ejemplo,
la sefial 392), respectivamente, utilizando superposiciéon y suma (OLA) (por
ejemplo, utilizando la superposicion y suma 390).

Sin embargo, también se puede intercambiar el orden de los pasos
individuales en algunas realizaciones alternativas, y se pueden fusionar algunos
de los pasos en un solo paso en algunas realizaciones alternativas.

Por consiguiente, todos los pasos son idénticos en el algoritmo de
referencia (que esta implementado en el decodificador de audio ilustrado en la
Fig. 6) y el algoritmo de la invencion (que esta implementado en el decodificador
de audio ilustrado en la Fig. 3), excepto por el paso 7, que ha sido reemplazado
por los siguientes pasos:

7.a) Se copia el contenido del colector de frecuencia a la posicidon 2n. Se
multiplica la fase por el 2.

(a) {-(s—1)/ssn=C o (b) ¢/s<n<C (ver lo anterior).

7.b) Se copia el contenido del colector de frecuencia 2n a la posicién sn
en el caso de todos los factores de extension s > 2 en los rangos 1sns(.

En resumen, en primer lugar las realizaciones de acuerdo con las Figs. 1,
2, 3y 4 (como asi también el decodificador de audio ilustrado en la Fig. 6)
reducen drasticamente Ia complejidad en comparacién con las mencionadas
soluciones convencionales. En segundo lugar, dan lugar a modificaciones
diferentes del espectro en el plano de la SBR o la presentada en Ia Fig. 5 (ver,
por ejemplo, la Referencia [13]).

Por ejemplo, las sefiales de voz se podrian beneficiar con el algoritmo,
que es ejecutado por el aparato, el decodificador de audio y el método de

acuerdo con las Figs. 1, 2, 3 Y 4, ya que se mantiene mejor la estructura de tren

4
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de pulsos, que es tipica de las sefiales de voz, que con la estrategia presentada
en la Referencia [13].

Las aplicaciones mas prominentes de las realizaciones de acuerdo con la
invencion son los decodificadores de audio, que con frecuencia se implementan
en dispositivos manuales y, por consiguiente, funcionan con abastecimiento de
energia por baterias.

4. Método de acuerdo con la Fig. 4.

A continuacion se describe un método 400 para generar una
representacion de la sefial de ampliacién del ancho de banda sobre la base de
la representacion de una sefal de entrada haciendo referencia a la Fig. 4, que
ilustra un grafico de flujo de ese método. E] método 400 comprende un paso 410
que consiste en obtener los valores de una representacion en el dominio
espectral de un primer parche de la sefial de ancho de banda ampliado sobre la
base de la representacion de la sefial de entrada utilizando una vocodificacion
de fases. El método 400 comprende ademas un paso 420 de copiado de una
serie de valores de la representacion en el dominio espectral del primer parche,
valores que se obtienen empleando Ia vocodificacion de fases, para obtener una
serie de valores de una representacion en el dominio espectral de un segundo
parche, donde el segundo parche esta asociado a frecuencias mas elevadas
que el primer parche. El método 400 comprende ademdas un paso 430 de
obtencion de una representacion de la sefial de ancho de banda ampliado
utilizando los valores de la representacion en el dominio espectral del primer
parche y los valores de la representacion en el dominio espectral del segundo
parche.

El método 400 puede ser complementado por cualquiera de los medios y
funcionalidades aqui descriptos con respecto al aparato de la invencién.

5. Alternativas de implementacién
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Si bien se han descripto algunos aspectos en el contexto de un aparato,
queda claro que estos aspectos también representan una descripcion de un
metodo correspondiente, en el que un bloque o dispositivo corresponde a un
paso del método o a una caracteristica de un paso del método. De manera
analoga, los aspectos descriptos en el contexto de un paso del método
representan una descripcion de un correspondiente bloque o elemento o
caracteristica de un correspondiente aparato. Algunos o la totalidad de los pasos
del meétodo pueden ser ejecutados por medio de (o utilizando) un aparato de
hardware, como por ejemplo un microprocesador, una computadora
programable o un circuito electrénico. En algunas realizaciones, uno o mas
cualesquiera de los pasos mas importantes del método pueden ser ejecutados
por ese aparato.

Dependiendo de ciertos requisitos de implementacion, las realizaciones
de la invencién se pueden implementar en hardware o en software. La
implementacion se puede realizar utilizando un medio de almacenamiento
digital, como por ejemplo un disco blando, un DVD, un Blue—-Ray, un CD, una
memoria ROM, una PROM, una EPROM, una EEPROM o una memoria FLASH,
con sehales de control aptas para leer electronicamente almacenadas en la
misma, que cooperan (o tiene la capacidad de cooperar) con un sistema de
computacion programable de tal manera que se ejecute el método respectivo.
Por lo tanto, el medio de almacenamiento digital puede ser legible por
computadora.

Algunas realizaciones de acuerdo con Ia invencién comprenden un
portador de datos con sefiales de control aptas para leer electronicamente, que
tienen la capacidad de cooperar con un sistema de computacion programable de

tal manera que se ejecute uno de los métodos aqui descriptos.

914
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En general, las realizaciones de Ia presente invencién se pueden
implementar en forma de producto programa de computacion con un cédigo de
programa, donde el cédigo de programa cumple la funcion de desarrollar uno de
los métodos al ejecutarse el programa de computacion en una computadora. El
coddigo del programa puede estar almacenado, por ejemplo, en un portador
legible por una maquina.

Otras realizaciones comprenden el programa de computacién para
ejecutar uno de los métodos descriptos en la presente, almacenado en un
portador legible por una maquina. |

En otras palabras, una realizacion del método de la invencion consiste,
por lo tanto, en un programa de computacion que consta de un codigo de
programa para desarrollar uno de los métodos aqui descriptos al ejecutarse un
programa en una computadora.

Por lo tanto, otra realizacién de fos métodos de la invencién consiste en
un portador de datos (0 un medio de almacenamiento digital, o un medio legible
por computadora) que comprende, grabado en el mismo, el programa de
computacion para ejecutar uno de los métodos descriptos en este documento.

Otra realizacion del método de Ia invencion consiste, por consiguiente, en
un flujo de datos o una secuencia de senales que representan el programa de
computacion para ejecutar uno de los métodos aqui descriptos. El flujo de datos
0 la secuencia de sefales puede estar configurada, por ejemplo, para ser
transferida a través de una conexién de comunicaciones, por ejemplo por
internet.

Otra realizacion comprende un medio de procesamiento, por ejemplo una
computadora o un dispositivo légico programable, configurado o adaptado para

ejecutar uno de los métodos aqui descriptos.

52,
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Otra realizacién comprende una computadora que tiene instalado en la
misma el programa de computacion para ejecutar uno de los métodos aqui
descriptos.

En algunas realizaciones, se puede utilizar un dispositivo ldgico
programable (por ejemplo una matriz de puertas programable en campo) para
realizar algunas o todas las funcionalidades descriptas en la presente. En
algunas realizaciones, una matriz de puertas programable en campo puede
cooperar con un microprocesador a fin de ejecutar uno de los métodos aqui
descriptos. En general, los métodos se ejecutan preferentemente mediante
cualquier aparato de hardware.

Las realizaciones antes descriptas son meramente ilustrativas de los
principios de la presente invencion. Se entiende que las personas con
capacitacion en la técnica consideraran evidentes las modificaciones vy
variaciones de las disposiciones y detalles descriptos en este documento. Por lo
tanto, se pretende que el alcance sélo esté limitado por el alcance de Ias
reivindicaciones de patente siguientes y no por los detalles especificos
presentados a manera de descripcion y explicacion de las realizaciones aqui
expuestas.

6. Ejemplo comparativo de acuerdo con la Fig. 5

A continuacién, se describe en forma breve un ejemplo comparativo
haciendo referencia a la Fig. 5. La funcionalidad del ejemplo comparativo de
acuerdo con la Fig. 5 es similar a la funcién del decodificador de audio de
acuerdo con la Fig. 3, por lo que no se vuelven a explicar los medios y
funcionalidades. Sin embargo, el ejemplo comparativo de acuerdo con I3 Fig. 5
se basa en el uso de tres vocodificadores de fases 590, 592, 594, o 596, 597,
998 por rama. Los Transformadores Répidos de Fourier inversos, los

generadores de ventanas de sintesis, los dispositivos de superposicion y suma
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individuales, estan asociados a los vocodificadores de fases individuales, como
se puede apreciar en la Fig. 5. Ademas, en algunas de las subramas, se utiliza
la reduccion individual del nimero de muestras (factor |) v el retardo individual
(z™**"*%)_ En consecuencia, el aparato 500 de acuerdo con la Fig. 5 no es tan
eficiente desde el punto de vista informéatico como el aparato 300 de acuerdo
con la Fig. 3. De todas maneras, el aparato 500 trae aparejadas significativas
mejoras con respecto a algunos decodificadores de audio convencionales.

7. Ejemplo comparativo de acuerdo con la Fig. 6

La Fig. 6 ilustra otro decodificador de audio 600, de acuerdo con un
ejemplo comparativo. El decodificador de audio 600 de acuerdo con la Fig. 6 es
similar a los decodificadores de audio 300, 500 de acuerdo con las Figs. 3y 5.
Sin embargo, el decodificador de audio 600 también se basa en el uso de una
pluralidad de vocodificadores de fases individuales 690, 692, 694 o 696, 697,
698 por cada rama, lo que hace que el aparato 600 demande mas elementos de
computacion que el aparato 300, ademas de traer consigo artefactos auditivos
en algunos casos. ‘De todas maneras, el aparato 500 trae consigo significativas
mejoras con respecto a algunos decodificadores de audio convencionales..

8. Conclusidn

En vista de la explicacién que antecede, se puede apreciar que el aparato
100 de acuerdo con la Fig. 1, el decodificador de audio 300 de acuerdo con la
Fig. 3 y el método 400 de acuerdo con Ia Fig. 4 presentan un numero de
ventajas con respecto a los ejemplos comparativos, que han sido descriptos en
forma breve con referencia a Ias Figs. 5y 6.

El concepto de la invencion se puede aplicar a una amplia variedad de
aplicaciones y puede ser modificado en un gran nimero de formas. En

particular, Los Transformadores Répidos de Fourier pueden ser reemplazados
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por bancos de filtros: QMF y los Transformadores Rapidos de Fourier inversos
pueden ser reemplazados por sintetizadores QMF.

Ademas, en algunas realizaciones, se pueden resumir algunos o todos
los pasos de procesamiento en un solo paso. Por ejemplo, se puede simplificar
una secuencia de procesamiento que comprende una sintesis QMF y un

posterior Analisis QMIF omitiendo las transformadas repetidas.
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REIVINDICACIONES

Habiendo asi especialmente descripto y determinado la naturaleza de ia
presente invencion u la forma como la misma ha de ser llevada a la practica, se
declara reivindicar como de propiedad y derecho exclusivo:

1. Un éparato (100;386) para generar una representacion (120; 426)
de una sefal de ancho de banda ampliado sobre la base de la representacion
de una sefial de entrada (110; 383), donde el aparato comprende:

un vocodificador de fases (130; 406) configurado para obtener
valores (B; ... B, 408) de una representacion en el dominio espectral de un
primer parche de la sefial de ancho de banda ampliado sobre la base de la
representacion de la sefial de entrada y

una copiadora de valores (140; 410,416) configurada para copiar
una serie de valores (B; ... B2z, 408) de la representacién en el dominio espectral
del primer parche, valores que son provistos por el vocodificador de fases, para
obtener una serie de valores (Baz ... Bsz, 408) de una representacion en el
dominio espectral de un segundo parche, donde el segundo parche ests
asociado a frecuencias mas elevadas que el primer parche:

donde el aparato esta configurado para obtener la representaCic’)n
(120; 426) de la sefial de ancho de banda ampliado empleando los valores de la
representacion en el dominio espectral del primer parche y los valores de Ia
representacion en el dominio espectral del segundo parche.

2. El aparato (100;386) de acuerdo con Ia reivindicacion 1, en el cual
el vocodificador de fases (130; 406) esta configurado para copiar una serie de
valores de magnitud (ag; ... 0z ) asociados a una pluralidad de subrangos de
frecuencias dados de Ia representacion de la sefial de entrada (110; 383), para
obtener una serie de valores de magnitud (ag ... Oz )} asociados con los

correspondientes subrangos de frecuencias del primer parche,
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donde un par de un subrango de frecuencias dado de Ia representacion
de la sefial de entrada y de un subrango de frecuencias correspondiente del
primer parche cubre un par de una frecuencia fundamental y un armonico de la
frecuencia fundamental,

en el cual el vocodificador de fases (130; 406) esta configurado para
multiplicar valores de fase (¢z; ... ¢7) asociados a la pluralidad de subrangos de
frecuencias dados de la representacion de la sefial de entrada por un factor
predeterminado, para obtener una serie de valores de fase (@7 ... P2¢) asociados
a los correspondientes subrangos de frecuencias del primer parche, y

donde la copiadora de valores (140; 410) esta configurada para copiar
una serie de valores (B; ... B,;) asociados a una pluralidad de subrangos dados
de frecuencias del primer parche, para obtener una serie de valores B2z -.. Bsp)
asociados a los correspondientes subrangos de frecuencias del segundo
parche, donde la copiadora de valores ests configurada para dejar inalterados
los valores de fase en el copiado.

3. El aparato (100;386) de acuerdo con la reivindicacién 2, en el cual
la copiadora de valores (140; 410) esta configurada para copiar los valores de
tal manera que se obtenga un desplazamiento espectral comun entre los valores
(Bz ... Ba) del primer parche y los correspondientes valores (B ... Bsz) del
segundo parche.

4, El aparato (100;386) de acuerdo con una de las reivindicaciones 1
a 3, en el cual el vocodificador de fases (130; 410) esta configurado para
obtener los valores (Bz ... Bg) de la representacion en el dominio espectral (132;
408) del primer parche por lo que los valores de |a representacion en el dominio
espectral del primer parche representan una version arménicamente convertida
en aumento de un rango de la frecuencia fundamental de la representacion de Ia

sefhal de entrada (110; 383)y
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donde la copiadora de valores (140;410) esta configurada para
obtener los valores (B ... B3;) de la representacion en el dominio espectral (142;
412) del segundo parche por lo que los valores de la representacion en el
dominio espectral del segundo parche representan una versidon con
desplazamiento en la frecuencia del contenido de audio del primer parche.

5. El aparato (100; 380,382, 386) de acuerdo con una de las
reivindicaciones 1 a 4, donde el aparato esta configurado para recibir datos de
audio de entrada (322),

para reducir el numero de muestras (380) de los datos de audio de
entrada (322), a fin de obtener datos de audio con numero reducido de muestras
(381),

para encuadrar en ventanas (382) los datos de audio con numero
de muestras reducido (381), para obtener datos de entrada encuadrados en
ventanas (383),

para convertir (400) o transformar los datos de entrada
encuadrados en ventanas (383) al dominio espectral, para obtener Ia
representacion de la sefial de entrada (383) en forma de una representacion en
el dominio espectral (401),

para computar (402, 404) los valores de magnitud ax y los valores
de fase @k que representan un colector de frecuencia que tiene el indice k de Ia
representacion de la sefal de entrada (383),

para usar (130; 406) una pluralidad de valores de magnitud ax que
representan colectores de frecuencia con indices de colector de frecuencia k de
la representacion de la sefial de entrada (383), para obtener valores de
magnitud azx que representan colectores de frecuencia con indices de colector
de frecuencia sk del primer parche,

cuando s es un factor de extension con s de entre 1,5y25y
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para copiar y escalar (130; 406) los valores de fase @k asociados a
colectores de frecuencia que tienen indices de colector de frecuencia k de la
representacion de la sefial de entrada (383), para obtener valores de fase
Px=SPx copiados y escalados asociados con colectores de frecuencia que
tienen indices de colector de frecuencia 2k del primer parche,

para copiar (140; 410) los valores Bx-i; asociados a colectores de
frecuencia que tienen indices de colector de frecuencia k—i{ de la representacion
en el dominio espectral (132;408) del primer parche, para obtener los valores Bk
de la representacion en el dominio espectral (142; 412) del segundo parche,

para convertir (428) la representacion (426) de la sefal de ancho
de banda ampliado al dominio del tiempo, para obtener una representacion en el
dominio del tiempo (430), y |

para aplicar (432) una ventana de sintesis a la representacion en el
dominio del tiempo.

6. El aparato (100; 386) de acuerdo con una de las reivindicaciones 1
a 5, en el cual el aparato comprende un convertidor del dominio del tiempo al
dominio espectral (400) configurado para proporcionar, como representacion de
la sefal de entrada (401), los valores de una representacion del dominio
espectral de una sefial de audio de entrada (322), o de una versién previamente
procesada (383) de la sefal de audio de entrada (322) y

donde el aparato comprende un convertidor del dominio espectral
al dominio del tiempo (428) configurado para producir una representacion en el
dominio del tiempo (430) de la sefial de ancho de banda ampliado utilizando los
valores (B; ... B, 408) de la representacion del dominio espectral del primer
parche y los valores (B2 ... B3z, 412) de Ia representacion del dominio espectral

del segundo parche:

e
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donde el convertidor del dominio espectral al dominio del tiempo
(428) esta configurado de tal manera que un numero (N=2048) de valores
espectrales diferentes (426) recibidos por el convertidor del dominio espectral al
dominio del tiempo (428) sea mayor que un ndmero (N=512) de valores
espectrales diferentes (401) provistos por el dominio del convertidor del dominio
del tiempo al espectral (400), por lo que el convertidor del dominio espectral al
dominio del tiempo (428) esta configurado para procesar un nimero mayor de
colectores de frecuencia que el convertidor del convertidor del dominio del
tiempo al dominio espectral (400).
7. El aparato (100; 382, 386) de acuerdo con una de las

reivindicaciones 1 a 6, donde el aparato comprende un generador de ventanas

- de analisis (382) configurado para encuadrar en ventana una sefal de audio de

entrada en el dominio del tiempo (322), para obtener una versién encuadrada en
ventana (383) de la sefial de audio de entrada en el dominio del tiempo, lo que
forma la base para la obtencion de Ja representacion de la sefial de entrada en
forma de una representacién en el dominio espectral (401) y

donde el aparato comprende un generador de ventanas de sintesis
(432) configurado para encuadrar en ventana una porcion de una representacion
en el dominio del tiempo (430) de la sefal de ancho de banda ampliado, para
obtener una porcién encuadrada en ventana (434) de la representacién en el
dominio del tiempo de la sefial de ancho de banda ampliado.

8. El aparato (100; 382,386) de acuerdo con la reivindicacion 7,
donde el aparato esta configurado para procesar una pluralidad de porciones
con desplazamiento temporal temporalmente superpuestas de la sefal de audio
de entrada en el dominio del tiempo (322), para obtener una pluralidad de

porciones con desplazamiento temporal  temporalmente superpuestas

ey’
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encuadradas en ventanas (434) de la representacion en el dominio del tiempo
de la sefial de ancho de banda ampliado,

donde un desvio en el tiempo (Inc=64) entre porciones con
desplazamiento en el tiempo temporalmente adyacentes de la sefal de audio de
entrada en el dominio del tiempo (322) es menor o igual a un cuarto de la
longitud de una ventana (512) del generador de ventana de analisis (382).

9. El' aparato (100; 382,386) de acuerdo con una de las
reivindicaciones 1 a 8, donde el aparato comprende un productor de informacion
transitoria (384) configurado para proporcionar una informacién que indica la
presencia de un transitorio en la sefial de entrada (322) y

donde el aparato comprende una primera rama de procesamientb
(386) para producir una representacion (434) de una porcién de sefal de ancho
de banda ampliado sobre la base de una porcion no transitoria de Ia
representacion de la sefal de entrada (383) y una segunda rama de
procesamiento (388) para producir una representacion (478) de una porcion de
la sefial de ancho de banda ampliado sobre la base de una porcion transitoria de
la representacién de la sefial de entrada (383);

donde la segunda rama de procesamiento (388) esta configurada
para procesar una representacion del dominio espectral (441) de la sefal de
entrada que tiene una resolucion espectral mas elevada (N=1024) que una
representacion del dominio espectral (401) de la senal de entrada procesada por
la primera rama de procesamiento (386).

10.  El aparato (100; 382,386) de acuerdo con la reivindicacion 9, en el
cual la segunda rama de procesamiento (388) comprende un atenuador a cero
en el dominio del tiempo (438) configurado para atenuar a cero una porcion con

contenido de transitorios (383) de la sefal de entrada, a fin de obtener una
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porcién con contenido de transitorios temporalmente ampliada (439) de la sefal
de entrada y

en el cual la primera rama de procesamiento (386) comprende un
convertidor del dominio del tiempo al dominio de la frecuencia (400) .configurado
para producir un primer nimero (N=512) de valores en el dominio espectral
(401) asociados a la porcién no transitoria (383) de la sefial de entrada y

en el cual la segunda rama de procesamiento (388) comprende un
convertidor del dominio del tiempo al dominio de la frecuencia (440) configurado
para producir un segundo ntimero (N=1024) de valores en el dominio espectral
(441) asociados a la porcion con contenido de transitorios temporalmente
ampliada (439) de la sefial de entrada,

donde el segundo nUmero (N=1024) de valores en el dominio
espectral es mayor, por lo menos en un factor de 1,5, que el primer nimero
(N=512) de valores en el dominio espectral.

11.  El aparato (100; 382,386) de acuerdo con la reivindicacion 10, en
el cual la segunda rama de procesamiento comprende un eliminador de ceros
(476) configurado para eliminar una pluralidad de valores cero de una porcion de
senal de ancho de banda ampliado (474) obtenida sobre la base del la porcién
con contenido de transitorios temporalmente ampliada (439) de la sefal de
entrada.

12. El aparato (100; 380, 382,386) de acuerdo con una de las
reivindicaciones 1 a 11, donde el aparato comprende un reductor del nimero de
muestras (380) configurado para reducir el numero de muestras de una
representacion en el dominio del tiempo (322) de la sefial de entrada.

13. Un decodificador de audio (300) que comprende un aparato (100;

386) de acuerdo con una de las reivindicaciones 1 a 12.
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14. Un método (400) para generar una representacion de una sefial de
ancho de banda ampliado sobre la base de la representacion de una sefal de
entrada, método que comprende:

obtener (410), utilizando una vocodificacion de fases, los valores
de una representacion del dominio espectral de un primer parche de la sefal de
ancho de banda ampliado sobre la base de la representacion de la sefal de
entrada y

copiar (420) una serie de valores de Ia representacion del dominio
espectral del primer parche, valores que son provistos por la vocodificaciéon de
fases, para obtener una serie de valores de una representacion del dominio
espectral de un segundo parche, donde el segundo parche esta asociado a
frecuencias mas elevadas que el primer parche y

obtener (430) la representacion de la sefial de ancho de banda
ampliado utilizando los valores de |a representacion del dominio espectral del
primer parche y los valores de la representacion del dominio espectral del
segundo parche.

15. Un aparato (100;386) para generar una representacion (120; 426)
de una sefal de ancho de banda ampliado sobre la base de la representacion
de una sefial de entrada (110: 383), aparato que comprende:

una copiadora de valores configurada para copiar una serie de valores (B1
.-« Bg) de la representacion de la sefal de entrada, para obtener una serie de
valores (B; ... Bx) de una representacion en el dominio espectral de un primer
parche, donde el primer parche esta asociado a frecuencias mas elevadas que
la representacion de la sefal de entrada y

un vocodificador de fases (130; 406) configurado para obtener
valores (B ... B3¢) de una representacion en el dominio espectral de un segundo

parche de la sefal de ancho de banda ampliado sobre la base de los valores

00
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(Baag ... Bz de la representacién en el dominio espectral del primer parche,
donde el segundo parche esta asociado a frecuencias mas elevadas que el
primer parche y

donde el aparato esta configurado para obtener la representacion

(120;426) de la sefial de ancho de banda ampliado utilizando los valores de Ia

representacion en el dominio espectral del primer parche y los valores de la
representacion en el dominio espectral del segundo parche.

16.  Un método (400) para generar una representacion de una sefial de
ancho de banda ampliado sobre la base de Ia representacion de una sefal de
entrada, método que comprende:

copiar los valores de la representacion de la sefial de entrada, para
obtener los valores de una representacion del dominio espectral de un primer
parche de la sefial de ancho de banda ampliado sobre I base de Ia
representacion de la seial de entrada, donde el primer parche esta asociado a
frecuencias mas elevadas que la representacion de la sefial de entrada y

obtener, empleando una vocodificacion de fases, una serie de
valores de la representacion del dominio espectral del segundo parche sobre la
base de una serie de valores de la representacion del dominio espectral del
primer parche, valores de la representacion en el dominio espectral del primer
parche que son obtenidos del copiado, donde el segundo parche esta asociado
a frecuencias mas elevadas que el primer parche y

obtener (430) la representacion de la sefial de ancho de banda
ampliado empleando los valores de la representacion del dominio espectral del
primer parche y los valores de la representacion del dominio espectral del

segundo parche.
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17.  Un programa de computacién para desarrollar el método de
acuerdo con la reivindicacion 14 o la reivindicacion 16, al ejecutarse el programa

de computacion en una computadora.

p.p.de: FRAUNHOFER-GESELLSCHAFT ZUR FORDERUNG DER
ANGEWANDTEN FORSCHUNG E.V.

6
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Apparatus, Method and Computer Program for Generating a Representation of a
Bandwidth-Extended Signal on the Basis of an Input Signal Representation Using a
Combination of a Harmonic Bandwidth-Extension and a Non-Harmonic Bandwidth-
Extension

Description

Technical Field

Embodiments according to the invention are related to an apparatus for generating a
representation of a bandwidth-extended signal on the basis of an input signal
representation. Other embodiments according to the invention are related to a method for
generating a representation of a bandwidth-extended signal on the basis of an input signal
representation. Further embodiments according to the invention are related to a computer
program for performing such method.

Some embodiments according to the invention are related to novel patching methods inside
spectral band replication.

Background of the Invention

Storage or transmission of audio signals is often subject to strict bitrate constraints. These
constraints are usually overcome by a coding of the signal. In the past, coders were forced
to drastically reduce the transmitted audio bandwidth when only a very low bitrate was
available. Modern audio codecs are nowadays able to preserve the audible bandwidth by
using bandwidth extension (BWE) methods. Such methods are described, for example, in
references [1] to [12].'These algorithms rely on a parametric representation of the high-
frequency content (HF), which is generated from the waveform-coded low-frequency part
(LF) of the decoded signal by means of transposition into the HF spectral region
(“patching™) and the application of a parameter driven post processing.

In the art, methods of bandwidth extension, such as spectral band replication (SBR) are

used as an efficient method to generate high-frequency signals in HFR (high-frequency
reconstruction) based codecs.

The spectral band replication described in reference [1], which is also briefly designated as
“SBR?”, uses a quadrature mirror filterbank (QMF) for generating the HF information. With

the help of the so-called “patching” process, lower QMF-bands are copied to higher
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(frequency) position yielding in a replication of the information of the LF part in the HF
part. The generated HF is afterwards adapted to the original HF part with the help of
parameters that adopt (or adjust) the spectral envelope and the tonality (for example using
an envelope formatting).

In standard SBR, patching is always carried out by a copy operation inside the QMEF-
domain. It has been found that this can sometimes lead to auditory artifacts, particularly if
sinusoids are copied into the vicinity of each other at the border of LF and the generated
HF part. Thus, it can be stated that the standard SBR has the problem of auditory artifacts.
Also, some conventional implementations of bandwidth extension concept bring along a
comparatively high complexity. Additionally, in some invention implementations of
bandwidth extension concepts, the spectrum becomes very sparse for high patches (high
stretching factors), which may result in undesired (audible) audio artifacts.

In view of the above discussion, it is an objective of the present invention to create a
concept for generating a representation of a bandwidth-extended signal on the basis of an

input signal representation, which brings along an improved tradeoff between complexity
and audio quality.

Summary of the Invention

Embodiments according to the invention create an apparatus for generating a
representation of a bandwidth-extended signal on the basis of an input signal
representation. The apparatus comprises a phase vocoder configured to obtain values of a
spectral-domain representation of a first patch of the bandwidth-extended signal on the
basis of the input signal representation. The apparatus also comprises a value copier
configured to copy a set of values of the spectral-domain representation of the first patch,
which values are provided by the phase vocoder, to obtain a set of values of a spectral-
domain representation of a second patch. The second patch is associated with higher
frequencies than the first patch. The apparatus is configured to obtain the representation of
the bandwidth-extended signal using the values of the spectral-domain representation of
the first patch and the values of the spectral-domain representation of the second patch.

It is the key idea of the present invention that a particularly good tradeoff between
computational complexity and audio quality of a bandwidth-extended signal is obtained by
combining a phase vocoder with a value copier, such that the first patch of the bandwidth-
extended signal is obtained by the phase vocoder, and such that the second patch of the
bandwidth-extended signal is obtained on the basis of the first patch using the value copier.
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Accordingly, the content of the first patch is a harmonically transposed version of the
content of the low-frequency part (LF) of the input signal (represented by the input signal
representation), and the second patch is (or represents) a (non-harmonically) frequency-
shifted version of the signal content of the first patch. Accordingly, the second patch can
be obtained with relatively low computational complexity because the copying of the
values is computationally simpler than a phase vocoding operation. Also, it is avoided that
there are large spectral holes in the second patch, because the spectral values of the first
patch are typically populated (i.e. comprise non-zero values) sufficiently, such that audible
artifacts, which would be caused, in some cases, if the second patch was only sparsely
populated, are reduced or avoided.

To summarize, the inventive concept brings along significant advantages over
conventional patching methods, because the harmonic bandwidth-extension, using the
phase vocoder, is applied only for obtaining values of the spectral-domain representation
of the first patch, i.e. for the lower part of the spectrum, while a non-harmonic bandwidth
extension, which relies on a copying of values of the spectral-domain representation of the
first patch to obtain values of the spectral-domain representation of the first patch, is used
for higher frequencies. Accordingly, the lower range (which is also designated as “first
patch™) of the extension-frequency portion (which is a frequency portion above the
crossover frequency) is provided as a harmonic extension of the fundamental frequency
range (i.e. in the frequency range of the input signal, which covers frequencies lower than
the frequencies of the extension frequency portion, for example frequencies below the

crossover frequency), which brings along a good hearing impression of the bandwidth-

extended signal. Also, it has been found that the simple generation of the values of the
spectral domain representation of the higher range of the extension-frequency portion
(which is also designated as "second patch"), which is performed using the copier, does not
bring along significant auditory artifacts because the human hearing is not particularly

sensitive to spectral details of the higher range of the extension-frequency portion (second
patch).

To summarize, the inventive concept brings along a good hearing impression at a
comparatively small computational complexity.

In a preferred embodiment the phase vocoder is configured to copy a set of magnitude

values associated with a plurality of given frequency subranges of the input spectral
representation, to obtain a set of magnitude values associated with corresponding
frequency subranges of the first patch, wherein a pair of a given frequency subrange of the

input spectral representation and a corresponding frequency subrange of the first patch
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covers (or comprises) a pair of a fundamental frequency and a harmonic of the
fundamental frequency (for example a first harmonic of the fundamental frequency). The
phase vocoder is also preferably configured to multiply phase values associated with the
plurality of given frequency subranges of the input spectral representation with a
predetermined factor (for example 2), to obtain phase values associated with corresponding
frequency subranges of the first patch. Preferably, the value copier is configured to copy a
set of values associated with a plurality of given frequency subranges of the first patch, to
obtain a set of values associated with corresponding frequency subranges of the second
patch. The value copier is preferably configured to leave phase values unchanged in the
copying. Accordingly, the phase vocoder performs, at least approximately, a harmonic
transposition, while the value copier performs a non-harmonic frequency shift. The
frequency subranges may for example be frequency ranges associated with coefficients of
a Fast Fourier Transform (or any comparable transform). Alternatively, the frequency
subranges may be frequency ranges associated with individual signals of a QMF filterbank.
Typically, a width of the frequency subranges is comparatively small compared to the
center frequency, such that frequency subranges cover a frequency span having a
frequency ratio between an end frequency and a starting frequency, which is significantly
smaller than 2:1. In other words, even though the frequency subranges of the input spectral
representation (which may, for example, take the form of FET coefficients, or the form of
QMF filterbank signals) and the frequency subranges of the first patch do not need to be
exactly harmonic with respect to each other, it is typically possible to identify an
association between a frequency subrange (e.g., having frequency index k) of the input
spectral representation and a corresponding frequency subrange (e.g., having frequency
index 2k) of the first patch, such that the frequency subrange (2k) of the first patch
represents, at least approximately, a harmonic frequency of the corresponding frequency
subrange (k) of the input spectral representation.

Accordingly, a harmonic transposition is performed by the phase vocoder, taking into
account the phase values, which are processed using a phase scaling. In contrast, the value
copier merely performs (at least approximately), a non-harmonic frequency-shift operation.

In a preferred embodiment, the value copier is configured to copy the values such that a

common spectral shift (or frequency shift) of values of the first patch onto values of the
second patch is obtained.

In a preferred embodiment, the phase vocoder is configured to obtain the values of the
spectral-domain representation of the first patch such that the values of the spectral-domain
representation of the first patch represent a harmonically upconverted version of a

~
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fundamental frequency range of the input signal representation (for example, a
fundamental frequency range below a so-called crossover frequency). The value copier is
preferably configured to obtain the values of the spectral-domain representation of the
second patch such that the values of the spectral-domain representation of the second patch
represent a frequency-shifted version of the first patch. Accordingly, the above described
advantages are obtained. In particular, the implementation is simple while obtaining a good
auditory impression.

In a preferred embodiment, the apparatus is configured to receive pulse-code-modulated
(PCM) input audio data, to down-sample the pulse-code-modulated input audio data in
order to obtain down-sampled pulse-code-modulated audio data. Also, the apparatus is
configured to window the down-sampled pulse-code-modulated audio data, in order to
obtain windowed input data, and to convert or transform the windowed input data into a
frequency-domain, in order to obtain the input signal representation. The apparatus is also
preferably configured to compute magnitude values ay (also designated with ax) and phase
values @, representing a frequency bin k (wherein k is a frequency bin index) of the input
signal representation, and to copy the magnitude values magnitude values ay, to obtain
copied magnitude values ay (also designated with ag) representing a frequency bin having
a frequency bin index sk of the first patch, wherein s is a stretching factor with s=2. Also,
the apparatus is preferably configured to copy and scale phase values @y associated with a
frequency bin having frequency bin index k of the input signal representation, to obtain
copied and scaled phase values Qg associated with a frequency bin having a frequency
index sk of the first patch. Also, the apparatus is preferably configured to copy values By.ic
associated with a frequency bin k- i{ of the spectral-domain representation of the first
patch, to obtain values By of the spectral-domain representation of the second patch. Also,
the apparatus is preferably configured to convert the representation of the bandwidth-
extended signal (which comprises the spectral-domain representation of the first patch and
the spectral-domain representation of the second patch) into the time-domain, to obtain a
time-domain representation, and to apply a synthesis window to the time-domain
representation. Using the above-described concept, it is possible to obtain a bandwidth-
extended signal with moderate computational complexity. The bandwidth-extension is
performed in the frequency-domain, wherein a transform may be performed into a spectral
domain, for example, into a FFT domain or a QMF domain.

In a preferred embodiment, the apparatus comprises a time-domain to spectral-domain
converter (for example, a Fast-Fourier-Transform means or a QMF filterbank) configured

to provide, as the input signal representation, values of a spectral domain representation
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(for example, Fast-Fourier-Transform coefficients or QMF subband signals) of an input
audio signal, or of a preprocessed (e.g. down-sampled and/or windowed) version of the
input audio signal (fdr example a pulse-code-modulated signal provided by an audio
decoder core). The apparatus preferably comprises a spectral-domain to time-domain
converter (for example, an inverse Fast-Fourier-Transform means or a QMF synthesis
means) configured to provide a time-domain representation of the bandwidth-extended
signal using values of the spectral-domain representation (e.g. FFT coefficients, or QMF
subband signals) of the first patch and values of the spectral domain representation (e.g.
FFT coefficients, or QMF subband signals) of the second patch. The spectral-domain to
time-domain converter is preferably conﬁglired such that a number of different spectral
values (e.g. FFT bins or QMF bands) received by the spectral-domain-to-time-domain
converter is larger than a number of different spectral values (e.g. a number of FFT
frequency bins, or a number of QMF bands) provided by the time-domain-to-spectral-
domain converter (e.g. Fast-Fourier-Transform means or QMF filterbank), such that the
spectral-domain-to-time-domain converter is configured to process a larger number of
frequency bins (e.g. Fast-Fourier-Transform frequency bins or QMF frequency bands) than
the time-domain-to-frequency-domain converter. Accordingly, a bandwidth-extension is
reached by the fact that the spectral-domain-to-time-domain converter comprises a larger
number of frequency bins than the time-domain-to-frequency-domain converter.

In a preferred embodiment, the apparatus comprises an analysis windower configured to
window a time-domain input audio signal, to obtain a windowed version of the time-
domain input audio signal, which forms the basis for obtaining the input signal
representation. Also, the apparatus comprises a synthesis windower configured to window
a portion of a time-domain representation of the bandwidth-extended signal, to obtain a
windowed portion of the time-domain representation of the bandwidth-extended signal.
Accordingly, artifacts in the bandwidth-extended signal are reduced or even avoided.

In a preferred embodiment, the apparatus is configured to process a plurality of temporally
overlapping time-shifted portions of the time-domain input audio signal, to obtain a
plurality of temporally overlapping time-shifted windowed portions of the time-domain
representation of the bandwidth-extended signal. A time-offset between temporally
adjacent time-shifted portions of the time-domain input audio signal is smaller than or
equal to one fourth of a window length of the analysis window. It has been found that a
comparatively large temporal overlap between adjacent time-shifted portions of the time-
domain input audio signal (and/or a comparatively large temporal overlap between
temporally adjacent time-shifted portions of the time-domain representation of the
bandwidth-extended signal) results in a bandwidth-extension bringing along a good
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hearing impression, because non-stationarities of the signal are taken into account because
of the comparatively large temporal overlap.

In a preferred embodiment, the apparatus comprises a transient information provider
configured to provide an information indicating the presence of a transient in the input
signal (represented by the input signal representation). The apparatus also comprises a first
processing branch for providing a representation of a bandwidth-extended signal portion
on the basis of a non-transient portion of the input signal representation and a second
processing branch for providing a representation of a bandwidth-extended signal portion
on the basis of a transient portion of the input signal representation. The second processing
branch is configured to process a spectral-domain representation of the input signal having
a higher spectral resolution than a spectral domain representation of the input signal
processed by the first processing branch. Accordingly, signal portions comprising a
transient can be treated with higher spectral resolution, which avoids audible artifacts in
the presence of transients. On the other hand, a reduced spectral resolution can be used for
non-transient signal portions (i.e. for signal portions in which the transient information
provider does not identify a transient). Thus, a computational efficiency is kept high, and
the increased spectral resolution is used only when it brings along advantages (for
example, in that it results in a better hearing impression in the proximity of transients).

In a preferred embodiment, the apparatus comprises a time-domain zero-padder configured
to a zero-pad a transient portion of the input signal, in order to obtain a temporally
extended transient portion of the input signal. In this case, the first processing branch
comprises a (first) time-domain-to-frequency-domain converter configured to provide a
first number of spectral domain values associated with a non-transient portion of the input
signal, and the second processing branch comprises a (second) time-domain-to-frequency-
domain converter configured to provide a second number of spectral domain values
associated with the temporally extended transient portion of the input signal. The second
number of spectral-domain values is larger, at least by a factor of 1.5, than the first number
of spectral domain values. Accordingly, a good transient handling is obtained.

In a preferred embodiment, the second processing branch comprises a zero-stripper
configured to remove a plurality of zero values from a bandwidth-extended signal portion
obtained on the basis of the temporally extended transient portion of the input signal.

Accordingly, the temporal extension of the input signal, which is obtained by the zero-
padding, is reversed.



10

15

20

25

30

35

In a preferred embodiment, the apparatus comprises a down-sampler configured to down-
sample a time-domain representation of the input signal. By down-sampling the input
signal, a computational efficiency can be improved if the input signal does not cover the
full Nyquist bandwidth of a pulse-code-modulated sample input stream.

Another embodiment according to the invention creates an apparatus, in which the
processing order of the processing by the value copier and the phase vocoder is inversed.
15. Such an apparatus for generating a representation of a bandwidth-extended signal
on the basis of an input signal representation (110; 383) comprises a value copier
configured to copy a set of values of the input signal representation, to obtain a set of
values of a spectral domain representation of a first patch, wherein the first patch is
associated with higher frequencies than the input signal representation. The apparatus also
comprises a phase vocoder (130; 406) configured to obtain values (Bat ... P3p) of a spectral
domain representation of a second patch of the bandwidth-extended signal on the basis of
the values (Bass¢ ... Bz of the spectral domain representation of the first patch, wherein the
second patch is associated with higher frequencies than the first patch. The apparatus is
configured to obtain the representation (120;426) of the bandwidth-extended signal using
the values of the spectral domain representation of the first patch and the values of the
spectral domain representation of the second patch.

This apparatus is capable of obtaining a bandwidth-extended signal with comparatively
low computational complexity while still achieving a good hearing impression of the
bandwidth-extended signal. By performing the phase vocoding after the copying operation,
the phase vocoder can be operated with a comparatively small frequency ratio (ratio
between vocoder output frequency and vocoder input frequency), which results in a good
spectral filling and avoids the presence of large spectral holes. Also, it has been found that
The hearing irhpression using this concept is still better than for a concept which merely
relies on copying operations, without a phase vocoder action, even though the first patch
(lower frequency patch) is obtained using the copying operation, and only the second patch
(higher frequency patch) is obtained using the phase vocoding operation. Also,
computational complexity is smaller than in systems in which all of the patches are

generated using phase vocoders, and spectral holes are reduced when compared to such
concepts.

Naturally, this embodiment can be supplemented by any of the functionalities discussed
herein.
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Other embodiments according to the invention create methods for generating a
representation of a bandwidth-extended signal on the basis of an input signal
representation. Said method is based on the same ideas as the above-discussed apparatus.

Another embodiment according to the invention creates a computer program for
implementing the method.

Brief Description of the Figurés

Fig. 1

Fig. 2

Fig. 3

Fig. 4

Fig. 5

Fig. 6

shows a block-schematic diagram of an apparatus for generating a
representation of a bandwidth-extended signal on the basis of an input signal
representation, according to an embodiment of the invention;

shows a schematic representation of the bandwidth extension concept,
according to the present invention;

shows a detailed block-schematic diagram of an audio decoder comprising

~an apparatus for generating a representation of a bandwidth-extended signal

on the basis of an input signal representation, according to an embodiment
of the invention;

shows a flowchart of a method for generating a representation of a
bandwidth-extended signal on the basis of an input signal representation,
according to an embodiment of the invention;

shows a block-schematic diagram of an audio decoder, according to a first
comparison example; and

shows a block-schematic diagram of an audio decoder, according to a
second comparison example.

Detailed description of the embodiments

1. Apparatus according to Fig. 1

Fig. 1 shows a block-schematic diagram of an apparatus 100 for generating a
representation of a bandwidth-extended signal on the basis of an input signal
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representation. The apparatus 100 is configured to receive an input signal representation
110 and provide, on the basis thereof, a bandwidth-extended signal 120. The apparatus 100
comprises a phase vocoder configured to obtain values of a spectral-domain representation
130 of a first patch of the bandwidth-extended signal 120 on the basis of the input signal
representation 110. The values of the spectral domain representation of the first patch are
designated, for example, with B to By;. The apparatus 100 also comprises a value copier
140 configured to copy a set of values of the spectral-domain representation 132 of the first
patch, which are provided by the phase vocoder 130, to obtain a set of values of a spectral
domain representation 142 of a second patch, wherein the second patch is associated with
higher frequencies than the first patch. The values of the spectral domain representation
142 of the second patch are designated, for example, with By to B3;. The apparatus 100 is
configured to obtain the representation 120.of the bandwidth-extended signal using the
values fi to B¢ of the spectral domain representation 132 of the first patch and the values
Pag to Bsg of the spectral domain representation 142 of the second patch. For example, the
representation 120 of the bandwidth-extended signal may comprise both the values of the
spectral domain representation 132 of the first patch and the spectral domain representation
142 of the second patch. In addition, the representation 120 of the bandwidth-extended
signal may, for example, comprise values of a spectral domain representation of the input
signal (represented, for example, by the input signal representation 110). However, the
representation 120 of the bandwidth-extended signal may also be a time-domain
representation, which may be based on the values of the spectral domain representation
132 of the first patch and the values of the spectral domain representation 142 of the
second patch (and, optionally, additional values, for example values of the spectral domain

representation 116 of the input signal, and/or values of a spectral domain representation of
additional patches).

In the following, the functionality and operation of the apparatus 100 will be described in
detail taking reference to Fig. 2, which shows a schematic representation of the inventive

concept for generating a representation of a bandwidth-extended signal on the basis of an
input signal representation.

A first graphic representation 200 shows a harmonic transposition of the input signal
(represented by the input signal representation 110), which is performed by the phase
vocoder 130. As can be seen, the input signal is represented, for example, by a set of
magnitude values ox. The index k designates a spectral bin (for example a bin having index
k of a fast Fourier transform, or a frequency band having index k of a QMF conversion).
The input signal representation 110 may, for example, comprise magnitude values a for k
=11to k =, wherein { may designate a so-called cross-over frequency bin and describes a
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frequency onset of the bandwidth-extension. A fundamental frequency range is further
described, for example, by phase values @, wherein k is a frequency bin index, as
discussed before.

Similarly, the first patch is described by a set of values of a spectral domain representation,
for example, values Bx with k between ¢ and 2. Alternatively, the first patch may be
represented by magnitude values oy and phase values @y, with the frequency bin index k
between { and 2. |

As mentioned, the phase vocoder 130 is configured to perform a harmonic transposition on
the basis of the input signal representation 110 to obtain values of the spectral-domain
representation 132 of the first patch. For this purpose, the phase vocoder 130 may set a
magnitude value Xy of a frequency bin having (frequency bin) index 2k to be equal to the
magnitude value o of a frequency bin having (frequency bin) index k. Also, the phase
vocoder 130 may be configured to set the phase value @,y of a frequency bin having index
2k to a value which is equal to 2 times the phase value @y associated with the frequency
bin having index k. In this case, the frequency bin having index k may be a frequency bin
of the input signal representation 110, and the frequency bin having index 2k may be a
frequency bin of the spectral-domain representation 132 of the first patch. Also, a
frequency bin having index 2k may comprise a frequency, which is a first harmonic of a
frequency included in the frequency bin having index k. Accordingly, magnitude values
O and phase values @y may be obtained, which are values of the spectral domain
representation 132 of the first patch, for 2k ranging from C to 2T, such that 0ty= o and
Pux=2Py. Alternatively, and equivalently, values By, which are values of the spectral-

domain representation 132 of the first patch, may be obtained for 2k between T and 2T,
such that #,, = a,e’** .

To summarize, assuming that the frequency bins having indices k (or equivalently, 2k, and
so on), which are, for example, frequency bins of a Fast Fourier Transform representation
or frequency bands of a QMF domain representation, are spaced linearly in frequency
(such that the frequency bin index, e.g. k or 2k, is at least approximately proportional to a
frequency comprised in the respective frequency bin, for example, a center frequency of a
k-th Fast Fourier Transform frequency bin or a center frequency of a k-th QMF band), a
harmonic transposition is obtained by the phase vocoder 130.

However, the values of the spectral-domain representation 142 of the second patch are
obtained by the value copier 140, which performs a non-harmonic copying up of values of
the spectral-domain representation 132 of the first patch.

&7
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Taking reference now to the graphical representation 250, the non-harmonic copying up
will be briefly discussed. As can be seen, the first patch is represented by values Bz to Bax
(or, equivalently, by magnitude values Xz to ®&y¢ and phase values @z to @i.
Accordingly, the values By to Bg (or, equivalently, magnitude values oot to o3¢ and phase
values @g to @3¢) of the spectral-domain representation 142 of the second patch are
obtained by a non-harmonic copying, which is performed by the value copier 140. For
example, complex-valued spectral values ot to B¢ of the spectral-domain representation
142 of the second patch may be obtained on the basis of corresponding values B¢ to B¢ of
the spectral-domain representation 132 of the first patch according to By=Bx for k
between 2z and 3 ¢. Equivalently, magnitude values O¢ to Oi3g of the spectral-domain
representation 142 of the second patch may be obtained on the basis of magnitude values
of the spectral domain representation 132 of the first patch according to =04t for k
between 2T and 3T. In this case, phase values o to @3z of the spectral-domain
representation 142 of the second patch may be obtained on the basis of phase values @t to
@t of the spectral-domain representation 132 of the first patch according to k= k-
for k between 2T and 3§

Accordingly, the values of the spectral-domain representation 142 of the second patch
represent a signal, which is non-harmonically (i.e. linearly) frequency-shifted with respect

to a signal represented by the values of the spectral-domain representation 132 of the first
patch. '

The values Bz to By of the spectral-domain representation 132 of the first patch and the
values Byg to Bsg of the spectral-domain representation 142 of the second patch may be
used to obtain the representation 120 of the bandwidth-extended signal. Depending on the
requirements, the representation 120 of the bandwidth-extended signal may be a spectral-
domain representation or a time-domain representation. If it is desired to obtain a time-
domain representation, a frequency-domain-to-time-domain converter may be used to
derive the time-domain representation on the basis of the values Pz to Byt of the spectral-
domain representation 132 of the first patch and the values B2t to B¢ of the spectral-
domain representation 142 of the second patch. Alternatively (and equivalently) the values
Xg to Oag, Pgto Pot, Gag to Kz and @sg to Psg may be used in order to derive the

representation 120 of the bandwidth-extended signal (either in the spectral-domain or in
the time-domain).

As discussed above, the concept described with respect to Figs. 1 and 2 brings along a

good hearing impression and comparatively low computational complexity. Phase
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vocoding is only required once, even though a plurality of patches (for example the first
patch and the second patch) are used. Also, it is avoided that there are large spectral holes
in the second patch, which would occur if another phase vocoder was used to obtain the
second patch. Thus, the inventive concept brings along a very good tradeoff between
computational complexity and an achievable hearing impression.

Moreover, it should be noted that additional patches may be obtained on the basis of the
values of the spectral-domain representation 132 of the first patch in some embodiments.
For example, in an optional extension of the inventive concept, values of a spectral-domain
representation of a third patch may be obtained on the basis of the values of the spectral
domain representation 132 of the first patch using another value copier, as will be
described in more detail taking reference to Fig. 3.

The embodiments according to Figs 1 and 2 (and also the other embodiments) can be
modified in a wide variety of ways. For example A first patch can be obtained using a
phase vocoder, and second, third and fourth patches can be obtained by a copying-up
operation of spectral values. Alternatively, a first and a second patch can be obtained using
phase vocoders, and a third and a fourth patch can be obtained using a copying-up of
spectral values. Naturally, different combinations of the phase vocoding operation and the
copying-up operation can be applied.

Alternatively, however, a first patch can be optained using a copying-up operation (value
copier) of spectral values off the input signal representation, and a second patch can be

otained using a phase vocoder (on the basis of the copied values of the first patch, obtained
using the value copier).

2. Embodiment According to Fig. 3

In the following, an audio decoder 300 will be described taking reference to Fig. 3,
wherein Fig. 3 shows a detailed block-schematic diagram of such an audio decoder 300

comprising an apparatus for a generating a representation of a bandwidth-extended signal
on the basis of an input signal representation.

2.1. Audio decoder overview
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The audio decoder 300 is configured to receive a data stream 310 and to provide, on the
basis thereof, an audio waveform 312. The audio decoder 300 comprises a core decoder
320, which is configured to provide, for example, pulse-code-modulated data (“PCM
data”) 322 on the basis of the data stream 310. The core decoder 320 may for example be
an audio decoder as described in the international standard ISO/IEC 14496-3:2005(¢), part
3: audio, subpart 4: general audio coding (GA)-AAC, Twin VQ, BSAC. For example, the
core decoder 320 may be a so-called advanced-audio-coding (AAC) core decoder, which is
described in said standard, and which is well-known to the man skilled in the art. Thus, the
pulse-code-modulated audio data 322 may be provided by the core decoder 220 on the
basis of the data stream 310. For example, the pulse-code-modulated audio data 322 may
comprise the frame length of 1024 samples.

The audio decoder 300 also comprises a bandwidth-extension (or bandwidth extender) 330,
which is configured to receive the pulse-code-modulated audio data 322 (for example, a
frame length of 1024 samples) and to provide, on the basis thereof, the waveform 312. The
bandwidth-extension (or bandwidth extender) 330 also receives some control data 332
from the data stream 310. The bandwidth-extension 330 comprises a patched QMF data
provision (or patched QMF data provider) 340, which receives the pulse-code-modulated
audio data 322 and which provides, on the basis thereof, patched QMF data 342. The
bandwidth-extension 330 also comprises an envelope formatting (or envelope formatter)
344, which receives the patched QMF data 342 and envelope formatting control data 346
and provides, on the basis thereof, patched and envelope-formatted QMF data 348. The
bandwidth-extension 330 also comprises a QMF synthesis (or QMF synthesizer) 350,
which receives the patched and envelope-formatted QMF data 348 and provides, on the
basis thereof, the waveform 312 by performing a QMF synthesis.

2.2. Patched QMF data provision 340

2.2.1. Patched QMF data provision - Overview

The patched QMF data provision 340 (which may be performed by a patched QMF data
provider 340 in a hardware implementation) may be switchable between two modes,
namely a first mode, in which a.spectral band replication (SBR) patching is performed, and
a second mode in which a harmonic bandwidth-extension (HBE) patching is performed.
For example, the pulse-code-modulated audio data 322 may be delayed by a delayer 360,
to obtain delayed pulse-code-modulated audio data 362, and the delayed pulse-code-
modulated audio data 362 may be converted into a QMF domain using a 32 band QMF
analyzer 364. The result of the 32 band QMF analyzer 364, for example, a 32 band QMF
domain (i.e. spectral-domain) representation 365 of the delayed pulse-code-modulated
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audio data 362, may be provided to a SBR patcher 366 and to a harmonic bandwidth-
extension patcher 368.

The spectral band replication patcher 366 may, for example, perform a spectral band
replication patching, which is described, for example, in section 4.6.18 “SBR tool” of the
international standard ISO/IEC 14496-3:2005(¢), part 3, subpart 4. Accordingly, a 64 band
QMF domain representation 370 may be provided by the spectral-band-replication patcher
366.

Alternatively, or in addition, the harmonic-bandwidth-extension patcher 368 may provide a
64 band QMF domain representation 372, which is a bandwidth-extended representation of
the PCM audio data 322. A switch 374, which is controlled in dependence on bandwidth-
extension control data 332 extracted from the data stream 310, may be used to decide
whether the spectral band replication patching 366 or the harmonic bandwidth-extension
patching 368 is applied in order to obtain the patched QMF data 342 (which may be equal
to the a 64 band QMF domain representation 370 or equal to the 64 band QMF domain
representation 372 depending on the state of the switch 374) .

2.2.2. Patched QMF data provision - Harmonic Bandwidth-Extension 368

In the following, the (at least partially) harmonic bandwidth-extension patching 368 will be
described in more detail. The harmonic bandwidth-extension patching 368 comprises a
signal path, in which pulse-code-modulated audio data 322, or a pre-processed version
thereof, are converted into a spectral-domain (for example into a Fast-Fourier-Transform
cocfficient domain or a QMF domain), in which a harmonic bandwidth-extension is
performed in the spectral-domain, and in which the obtained spectral domain
representation of the bandwidth-extended signal, or a representation derived therefrom, is
used for the harmonic bandwidth-extension patching.

In the embodiment of Fig. 3, the pulse-code-modulated audio data 322 are down-sampled
in a down-sampler 380, for example, by a factor of 2, to obtain down-sampled pulse-code-
modulated audio data 381. The down-sampled pulse-code-modulated audio data 381 are
subsequently windowed by a windower 382, which may, for example, comprise a window
length of 512 samples. It should be noted that the window is, for example, shifted by 64
samples of the down-sampled pulse-code-modulated audio data 381 in subsequent
processing steps, such that a comparatively large overlap of the windowed portions 383 of
the down-sampled pulse-code-modulated audio data is obtained.
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The audio decoder 300 also comprises a transient detector 384, which is configured to
detect a transient within the pulse-code-modulated audio data 322. The transient detector
384 may detect the presence of a transient either on the basis of the PCM audio data 322
itself, or on the basis of a side information, which is included in the data stream 310.

The windowed portions 383 of the down-sampled PCM audio data 381 can be selectively
processed using a first processing branch 386 or a second processing branch 388. The first
branch 386 may be used for processing a non-transient windowed portion 383 of the down-
sampled PCM audio data (for which the transient detector 384 denies the presence of a
transient), and a second branch 388 may be used for a processing of a transient windowed
portion 383 of the down-sampled PCM audio data (for which the transient detector 384
indicates the presence of a transient).

The first branch 386 receives a non-transient windowed portion 383 and provides, on the
basis thereof, a bandwidth-extended representation 387,434 of the windowed portion 383.
Similarly, the second branch 388 receives a transient windowed portion 383 of the down-
sampled PCM audio data 381 and provides, on the basis thereof, a bandwidth-extended
representation 389 of the (transient) windowed portion 383. As discussed above, the

transient detector 384 decides whether the current windowed portion 383 is a non-transient

~ windowed portion or a transient windowed portion, such that the processing of the current

windowed portion 383 is performed either using the first branch 386 or the second branch
388. Thus, different windowed portions 383 may be processed by different branches 386,
wherein there is a significant temporal overlap between the subsequent bandwidth-
extended representations 387, 389 of the subsequent windowed portions 383 (because there
is a significant temporal overlap of temporally subsequent windowed portions 383).

The harmonic bandwidth-extension 368 further comprises an overlapper-and-adder 390,
which is configured to overlap-and-add the different bandwidth-extended representations
387, 389 associated with different (temporally subsequent) windowed portions 383. An

overlap-and-add increment may, for example, be set to 256 samples. Accordingly, an
overlapped-and-added signal 392 is obtained.

The harmonic bandwidth-extension 368 also comprises a 64-band QMF analyzer 394,
which is configured to receive the overlapped-and-added signal 392 and to provide, on the
basis thereof, a 64-band QMF domain signal 396. The 64 band QMF-domain signal 396

may for example represent a broader frequency range than the 32-band QMF domain
signal 365 provided by the 32-band QMF analyzer 364.
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The harmonic bandwidth-extension 368 also comprises a combiner 398, which is
configured to receive both the 32-band QMF-domain signal provided by the 32-band QMF
analyzer 364 and the 64-band QMF domain signal 396 and to combine those signals. For
example, the low-frequency-range (or fundamental frequency range) components of the
64-band QMF domain signal 396 may be replaced by, or combined with, the 32-band
QMF-domain signal 365 provided by the 32-band QMF analyzer 364, such that, for
example, the 32 lower-frequency-range (or fundamental frequency range) components of
the 64-band QMF domain signal 372 are determined by the output of the 32-band QMF
analyzer 364, and such that the 32 higher-frequency-range components of the 64-band
QMF-domain signal 372 are determined by the 32 higher-frequency-range components of
the 64-band QMF domain signal 396.

Naturally, the number of components of the QMF-domain signals may vary, depending on
the specific requirements. Naturally, a frequency position of a transition between a
fundamental frequency range (also designated as lower-frequency-range) and a bandwidth-
extended frequency range (also designated as higher-frequency-range) may depend on the

cross-over frequency, or, equivalently, the bandwidth of the audio signal represented by
the pulse-code-modulated audio data 322.

In the following, details regarding the first processing branch 386 will be described. The
first branch 386 comprises a time-domain-to-frequency-domain converter 400, which is
implemented, for example, in the form of a Fast-Fourier-Transform-means configured to
provide 512 Fast-Fourier-Transform coefficients on the basis of a windowed portion 383 of
512 time-domain samples of the down-sampled pulse-code-modulated audio data 381.
Accordingly, the Fast-Fourier-Transform frequency bins are designated with subsequent
integer frequency bin indices k in a range between 1 and N=512.

The first branch 386 also comprises a magnitude value provider 402, which is configured
to provide magnitude values ay of the Fast-Fourier-Transform coefficients. Also, the first
branch 386 comprises a phase value provider 404 configured to provide phase values @y of
the Fast-Fourier-Transform coefficients.

The first branch 386 also comprises a phase vocoder 406, which may receive the
magnitude values oy and the phase values @ as an input signal representation, and which
may comprise the functionality of the phase vocoder 130 discussed above. Accordingly,
the phase vocoder 406 may output values By, in a range between B and By, of a spectral
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domain representation of a first patch. The values By are designated with 408, and may be
equivalent to the values of the spectral-domain representation 132 of a first patch. The first
branch 386 also comprises a value copier 410, which may take over the functionality of the
value copier 140, and which may receive, as an input information, the values Box (e.g. in a
range between f and B,¢). Accordingly, the first value copier 410 may provide values Py in
a range between By and B3¢, which are designated with 412 and which may be equivalent
to the values B¢ to B3¢ of the spectral-domain representation 142 of the second patch. Also,
the first branch 386 may (optionally) comprise a second value copier 414, which is
configured to receive the values Py and Bye.(also designated with 408) provided by the
phase vocoder 406 and to provide, on the basis thereof, spectral values Bse to Pag using a
copy-operation (which effectively results in a non-harmonic frequency-shift of the
spectrum described by the values P to By (408)). Accordingly, the second value copier
414 provides spectral values B3 to Baz of a spectral-domain representation of a third patch,
which are also designated 416.

The first branch 386 may comprise an optional interpolator 420, which may be configured
to receive the values 412, 416 of the spectral-domain representations of the second patch
and of the third patch (and, optionally, also the values 408 of the spectral domain
representation of the first patch) and to provide interpolated values 422 of the spectral-

domain representation of the second and third patch (and, optionally, also of the first
patch).

The first branch 386 may additionally comprise a zero padder 424, which is configured to
receive the interpolated values 422 (or, alternatively, the original values 412, 416) of the
spectral-domain representations of the second and third patch (and, optionally also of the
first patch) and to obtain, on the basis thereof, a zero-padded version of values of a

spectral-domain representation, which is zero-padded in order to be adapted to a dimension
of a spectral-domain-to-time-domain converter 428.

The spectral-domain-to-time-domain converter 428 may be implemented, for example, as
an inverse Fast-Fourier-Transformer. For example, the inverse Fast-Fourier-Transformer
428 may be configured to receive a set of 2048 (optionally interpolated and zero-padded)
spectral values, and to provide, on the basis thereof, a time-domain representation 430 of
the bandwidth-extended signal portion. The first path 386 also comprises a synthesis
windower 432, which is configured to receive the time-domain representation 430 of the
bandwidth-extended signal portion and to apply a synthesis windowing, in order to obtain a

synthesis-windowed time-domain representation of the bandwidth-extended signal portion
430.
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The audio decoder 300 also comprises a second processing path 388, which performs a
very similar processing when compared to the first path 386. However, the second path
388 comprises a time-domain zero-padder 438, which is configured to receive the
windowed transient portion 383 of the down-sampled pulse-code-modulated audio data
381 and to derive a zero-padded version 439 from the windowed portion 383, such that a
beginning of the zero-padded portion 439 and an end of the zero-padded portion 439 are
padded with zeros, and such that the transient is arranged in a central region (between the
zero padded beginning samples and the zero-padded end samples) of the zero-padded
portion 439.

The second path 388 also comprises a time-domain-to-spectral-domain transformer 440,
for example, a Fast-Fourier-Transformer or a QMF (quadrature-mirror-filterbank). The
time-domain-to-spectral-domain transformer 440 typically comprises a larger number of
frequency bins (for example, Fast-Fourier-Transform frequency bins, or QMF bands) than
the time-domain-to-spectral-domain transformer 400 of the first branch. For example, the
Fast-Fourier-Transformer 440 may be configured to derive 1024 Fast-Fourier-Transform
coefficients from a zero-padded portion 439 of 1024 time domain samples.

The second branch 388 also comprises a magnitude value determinator 442 and a phase
value determinator 444, which may comprise the same functionality as the corresponding
means 402, 404 of the first branch 386, though with increased dimension N=1024.
Similarly, the second branch 388 also comprises a phase vocoder 446, a first value copier
450, a second value copier 454, an optional interpolator 460, and an optional zero padder
464, which may comprise the same functionalities as the corresponding means of the first
branch 386, though with increased dimensions. In particular, the index & of the cross-over

band may be higher in the second branch 388 than the first branch 386, for example, by a
factor of 2.

Accordingly, a spectral-domain representation comprising, for example, 4096 Fast-
Fourier-Transform coefficients may be provided to an inverse Fast-Fourier-Transformer
468, which in turn provides a time-domain signal 470 having 4096 samples.

The second branch 388 also comprises a synthesis windower 472, which is configured to

provide a windowed version of the time-domain-representation 470 of the bandwidth-
extended signal portion.
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The second branch 388 also comprises a zero stripper configured to provide a shortened,
windowed time-domain representation 478 of the bandwidth-extended signal portion,
which shortened, windowed time-domain representation 478 may, for example, comprise
2048 samples.

Accordingly, the time-domain representation 387 is used for non-transient portions (e.g.
audio frames) of the pulse-code-modulated audio data 322, and the time-domain
representation 478 is used for transient portions of the pulse-code-modulated audio data
322. Accordingly, transient portions are processed with higher spectral-domain resolution
in the second processing branch 388, while non-transient portions are processed with lower
spectral resolution in the first processing branch 386.

2.3. Envelope Formatting 344

In the following the envelope formatting 344 will be briefly summarized. In addition,
reference is made to the respective remarks in the introductory section, which also apply to
the inventive concept.

The patched QMF data 342, which are obtained on the basis of the 64 band QMF domain
signal 396, are processed by the envelope formatting 344, to obtain the signal
representation 348, which is input into the QMF synthesizer 350. The envelope formatting
may for example adapt the QMF domain band signals of the patched QMF data 342 in
order to perform a noise filling, in order to reconstruct missing harmonics, and/or in order
to obtain an inverse filtering. Variations of noise filling, missing harmonics insertion and
inverse filtering may for example be controlled by a side information 346, which may be
extracted from the data stream 310. For further details, reference is made, for example, to
the discussion of the SBR tool in section 4.6.18 of the International Standard ISC/IEC
14496-3:2005(¢), part 3, subpart 4. However, different concepts of envelope formatting
may also be applied in accordance with the requirements.

3. Discussion and comparison of different Solutions

In the following, a brief discussion and summary of the inventive solution will be
provided.

Embodiments according to the present invention, for example the apparatus 100 according
to Fig. 1 and the audio decoder 300 according to Fig. 3, are (or comprise) new patching
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algorithms inside spectral band replication (SBR). Spectral domain patching in different
manners can be used in order to account for different signal characteristics or restrictions
dictated by soft- or hardware requirements.

In standard SBR, patching is always carried out by a copy operation inside the QMF
domain. This can sometimes lead to auditory artifacts, particularly if sinusoids are copied
into vicinity of each other at the border of LF and generated HF part. Therefore, a new
patching algorithm has been introduced that avoids some problems by using a phase
vocoder (see, for example, Reference [13]). This algorithm is illustrated in Fig. Sas a
comparison example.

The standard SBR has the problem of auditory artifacts. The phase vocoder approach
presented in Reference [13] has a complexity, particularly because of the high number of
Fast Fourier Transforms that need to be calculated. Additionally, the spectrum becomes

very sparse for high patches (high stretching factors), which may result in undesired audio
artifacts.

Two embodiments avoid the high number of Fast Fourier Transforms by moving the
generation of different patches from the time domain to the frequency domain. In Fig. 6, an
example is given in which the transformation to the frequency-domain is achieved with the
help of a Fast Fourier Transform. Instead of the Fourier Transformation, other time-
frequency transformations are, however, useable,

Fig. 3 shows a hybrid solution of the algorithm of Fig. 6 for SBR patching. Only the first
patch is generated by the phase vocoder algorithm (for example, block 406 of the first
branch 386, and block 446 of the second branch 388) while higher patches (for example,
the second patch and the third patch) are created just by copying the first patch (for
example, using the value copiers 410, 414 of the first branch 386, and/or the value copiers
450, 454 of the second branch 388). This yields a less sparse spectrum.

In the following the comparison algorithm, which is implemented in the audio decoder
shown in Fig. 6, and the inventive algorithm, which is implemented in the audio decoder
shown in Fig. 3, will be shortly explained:

The comparison algorithm or reference algorithm, which is implemented in the audio
decoder shown in Fig. 6, comprises the following steps:

1. Signal downsampling (if Nyquist criterion is not harmed)
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2. Signal is windowed ("Hann" windows are proposed but other window shapes may
be used) and so called grains (for example, windowed signal portions 383) of
lengths N are taken from the signal. The windows are shifted over the signal with a
hop size H. A N/H=8 times overlap is proposed.

3. If the grain (for example, a windowed signal portion 383) contains a transient event
at the edges, it is padded (for example, by the zero padder 438) with zeros which
leads to an oversampling in frequency domain.

4. Grains are transformed to frequency domain (for example, using the time-domain-
to-spectral-domain transformers 400,440).

5. Frequency domain grains are (optionally) padded to a desired output length of the
patching algorithm.

6. Magnitude and phase are calculated (for example, using the means 402, 404, 442,
444). :

7. Frequency bin content n is copied to position sn for stretching factor s. The phase is
multiplied with the stretching factor s. This is done for all stretching factors s (only
for the regions in the spectrum that cover the desired patches). (a) E(s-1)/s<n<{ or
(b) {/s<n<(; (b) yields a more dense spectrum than (a) as the patches overlap. The {
denotes the highest frequency of the LF part, the so called cross over frequency.
Generally speaking, the phase is corrected for a new sample position (e. g,
frequency position), which can be achieved using the algorithm discussed here or
any appropriate alternative algorithm.

8. Frequency domain bins that get no data by the copying can be filled by applying an
interpolation function (for example, using the interpolators 420,460).

9. Grains are transformed back to time domain (for example, using the inverse Fast
Fourier Transformers 428,468).

10. Time domain gtains are multiplied with a synthesis window (again Hann windows
are proposed) (for example using the synthesis windowers 432,472).

11. If zero padding in step 3 was carried out, zeros are stripped again (for example,
using the zero stripper 476).

12. Bandwidth extended signal or frame (for example, signal 392), respectively, is
created using overlap and add (OLA) (for example, using overlap-and-add 390).

However, the order of the individual steps can also be exchanged in some alternative

embodiments, and some of the steps can be merged into a single step in some alternative
embodiments.

The inventive algorithm, which is implemented in the audio decoder shown in Fig. 3,
comprises the following steps:
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1. Signal downsampling (if Nyquist criterion is not harmed)

2. Signal is windowed ("Hann" windows are proposed but other window shapes may
be used) and so called grains (for example, windowed signal portions 383) of
lengths N are taken from the signal. The windows are shifted over the signal with a
hop size H. A N/H=8 times overlap is proposed. ‘

3. Ifthe grain (for example, a windowed signal portion 383) contains a transient event
at the edges, it is padded (for example, by the zero padder 438) with zeros which
leads to an oversampling in frequency domain.

4. Grains are transformed to frequency domain (for example, using the time-domain-
to-spectral-domain transformers 400,440).

5. Frequency domain grains are (optionally) padded to a desired output length of the
patching algorithm.

6. Magnitude and phase are calculated (for example, using the means 402, 404, 442,
444).

7. a) Frequency bin content n is copied to position 2n.

The phase is multiplied with the 2.
(a) C-(s-1)/s<n<{ or (b) {/s<n<( (see above).

7. b) Frequency bin content 2n is copied to position sn for all stretching factors s > 2
in the ranges 1<n<{.

8. Frequency domain bins that get no data by the copying can be filled by applying an
interpolation function (for example, using the interpolators 420,460).

9. Grains are transformed back to time domain (for example, using the inverse Fast
Fourier Transformers 428,468).

10. Time domain grains are multiplied with a synthesis window (again Hann windows
are proposed) (for example using the synthesis windowers 432,472).

11. If zero padding in step 3 was carried out, zeros are stripped again (for example,
using the zero stripper 476).

12. Bandwidth extended signal or frame (for example, signal 392), respectively, is
created using overlap and add (OLA) (for example, using overlap-and-add 390).

However, the order of the individual steps can also be exchanged in some alternative

embodiments, and some of the steps can be merged into a single step in some alternative
embodiments.

Thus, all steps are identical in the reference algorithm (which is implemented in the audio
decoder shown in Fig. 6) and the inventive algorithm (which is implemented in the audio
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decoder shown in Fig. 3), except for step 7, which has been replaced by the following
steps:

7.a) Frequency bin content n is copied to position 2n. The phase is multiplied with the 2.
(a) {-(s-1)/s<n<L or (b) {/s<n=( (see above).

7.b) Frequency bin content 2n is copied to position sn for all stretching factors s > 2 in the
ranges 1<n<{.

To summarize, the embodiments according to Figs. 1, 2, 3 and 4 (and also the audio
decoder shown in Fig. 6) firstly reduce complexity dramatically when compared to the
mentioned conventional solutions. Secondly, they allow for different spectrum

modifications different to either plane SBR or as presented in Fig. 5 (see, for example,
Reference [13]).

For example, speech signals might benefit from the algorithm, which is performed by the
apparatus, audio decoder and method according to Figs. 1, 2, 3 and 4, as the pulse train

structure, which is typical for speech signals, is better maintained than with the approach
presented in Reference [13].

Most prominent applications of embodiments according to the invention are audio

decoders, which are often implemented on hand-held devices and thus operate on a baﬁery
power supply.

4. Method according to Fig. 4.

In the following, a method 400 for generating a representation of a bandwidth-extend
signal on the basis of an input signal representation will be described taking reference to
Fig. 4, which shows a flow chart of such a method. The method 400 comprises a step 410
of obtaining values of a spectral domain representation of a first patch of the bandwidth-
extended signal on the basis of the input signal representation using a phase vocoding. The
method 400 also comprises a step 420 of copying a set of values of the spectral domain
representation of the first patch, which values are obtained using the phase vocoding, to
obtain a set of values of a spectral domain representation of a second patch, wherein the
second patch is associated with higher frequencies than the first patch. The method 400
also comprises a step 430 of obtaining a representation of the bandwidth-extended signal
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using the values of the spectral domain representation of the first patch and the values of
the spectral domain representation of the second patch.

The method 400 can be supplemented by any of the means and functionalities discussed
here with respect to the inventive apparatus.

5. Implementation alternatives

Although some aspects have been described in the context of an apparatus, it is clear that
these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
described in the context of a method step also represent a description of a corresponding

block or item or feature of a corresponding apparatus. Some or all of the method steps may |

be executed by (or using) a hardware apparatus, like for example, a microprocessor, a
programmable computer or an electronic circuit. In some embodiments, some one or more
of the most important method steps may be executed by such an apparatus.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a
digital storage medium, for example a floppy disk, a DVD, a Blue-Ray, a CD, a ROM, a
PROM, an EPROM, an EEPROM or a FLASH memory, having electronically readable
control signals stored thereon, which cooperate (or are capable of cooperating) with a
programmable computer system such that the respective method is performed. Therefore,
the digital storage medium may be computer readable.

Some embodiments according to the invention comprise a data carrier having
electronically readable control signals, which are capable of cooperating with a

programmable computer system, such that one of the methods described herein is
performed.

Generally, embodiments of the present invention can be implemented as a computer
program product with a program code, the program code being operative for performing
one of the methods when the computer program product runs on a computer. The program
code may for example be stored on a machine readable carrier.

Other embodiments comprise the computer program for performing one of the methods
described herein, stored on a machine readable carrier.
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In other words, an embodiment of the inventive method is, therefore, a computer program
having a program code for performing one of the methods described herein, when the
computer program runs on a computer.

A further embodiment of the inventive methods is, the_refore, a data carrier (or a digital
storage medium, or a computer-readable medium) comprising, recorded thereon, the
computer program for performing one of the methods described herein.

A further embodiment of the inventive method is, therefore, a data stream or a sequence of
signals representing the computer program for performing one of the methods described
herein. The data stream or the sequence of signals may for example be configured to be
transferred via a data communication connection, for example via the Internet.

A further embodiment comprises a processing means, for example a computer, or a

programmable logic device, configured to or adapted to perform one of the methods
described herein.

A further embodiment comprises a computer having installed thereon the computer
program for performing one of the methods described herein.

In some embodiments, a programmable logic device (for example a field programmable
gate array) may be used to perform some or all of the functionalities of the methods
described herein. In some embodiments, a field programmable gate array may cooperate
with a microprocessor in order to perform one of the methods described herein. Generally,
the methods are preferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for the principles of the present
invention. It is understood that modifications and variations of the arrangements and the
details described herein will be apparent to others skilled in the art. It is the intent,
therefore, to be limited only by the scope of the impending patent claims and not by the

specific details presented by way of description and explanation of the embodiments
herein.

6. Comparison example according to Fig. 5

In the following, a comparison example will be briefly discussed taking reference to Fig. 5.
The functionality of the comparison example according to Fig. 5 is similar to the function
of the audio decoder according to Fig. 3, such that the means and functionalities will not be
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explained again. However, the comparison example according to Fig. 5 relies on the usage
of three phase vocoders 590, 592, 594, or 596, 597, 598 per branch. Individual inverse Fast
Fourier Transformers, synthesis windowers, overlappers-and-adders are associated to the
individual phase vocoders, as can be seen in Fig. 5. Also, in some of the sub-branches,
individual down-sampling (| factor) and individual delay (z5™P'*) is used. Accordingly,
the apparatus 500 according to Fig. 5 is not as computationally efficient as the apparatus
300 according to Fig. 3. Nevertheless, the apparatus 500 brings along significant
improvements over some conventional audio decoders.

7. Comparison example according to Fig. 6

Fig. 6 shows another audio decoder 600, according to a comparison example. The audio
decoder 600 according to Fig. 6 is similar to the audio decoders 300, 500 according to
Figs. 3 and 5. Howevef, the audio decoder 600 is also based on the usage of a plurality of
individual phase vocoders 690, 692, 694 or 696, 697, 698 per branéh, which renders the
apparatus 600 computationally more demanding than the apparatus 300, and which brings
along audible artifacts in some cases. Nevertheless, the apparatus 500 brings along
significant improvements over some conventional audio decoders.

8. Conclusion

In view of the above discussion, it can be seen that the apparatus 100 according to Fig. 1,
the audio decoder 300 according to Fig. 3 and the method 400 according to Fig. 4 bring

along a number of advantages over the comparison examples, which have been briefly
discussed with reference to Figs. 5 and 6.

The inventive concept is applicable in a wide variety of applications and can be modified
in a wide number of ways. In particular, the Fast Fourier Transformers can be replaced by

QMF filterbanks, and the inverse Fast Fourier Transformers can be replaced by QMF
synthesizers.

Also, in some embodiments some or all of the processing steps can be summarized into a
single step. For example, a processing sequence comprising a QMF synthesis and a
subsequent QMF Analysis may be simplified by omitting the repeated transforms.
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Claims

An apparatus (100;386) for generating a representation (120; 426) of a bandwidth-
extended signal on the basis of an input signal representation (110; 383), the
apparatus comprising:

a phase vocoder (130; 406) configured to obtain values (B ... Bag, 408) of a spectral
domain representation of a first patch of the bandwidth-extended signal on the basis
of the input signal representation; and

a value copier (140; 410,416) configured to copy a set of values (B -.. P2, 408) of
the spectral domain representation of the first patch, which values are provided by
the phase vocoder, to obtain a set of values (B2t ... Bst, 408) of a spectral domain
representation of a second patch, wherein the second patch is associated with higher
frequencies than the first patch;

wherein the apparatus is configured to obtain the representation (120;426) of the
bandwidth-extended signal using the values of the spectral domain representation of

the first patch and the values of the spectral domain representation of the second
patch.

The apparatus (100;386) according to claim 1, wherein the phase vocoder (130;
406) is configured to copy a set of magnitude values (ag2 ... og ) associated with a
plurality of given frequency subranges of the input signal representation (110; 383),

to obtain a set of magnitude values (a ... @y ) associated with corresponding
frequency subranges of the first patch,

wherein a pair of a given frequency subrange of the input signal representation and
of a corresponding frequency subrange of the first patch cover a pair of a
fundamental frequency and a harmonic of the fundamental frequency,

wherein the phase vocoder (130; 406) is configured to multiply phase values (py2
... ¢¢) associated with the plurality of given frequency subranges of the input signal
representation with a predetermined factor, to obtain a set of phase values (g ...
®2r) associated with the corresponding frequency subranges of the first patch, and

wherein the value copier (140; 410) is configured to copy a set of values By ... Bao)
associated with a plurality of given frequency subranges of the first patch, to obtain



10

15

20

25

30

35

31

a set of values (B ... Bsy) associated with corresponding frequency subranges of
the second patch, wherein the value copier is configured to l¢ave phase values
unchanged in the copying.

The apparatus (100;386) according to claim 2, wherein the value copier (140; 410)
is configured to copy the values such that a common spectral shift between values
(B ... Pap) of the first patch and corresponding values (B ... B3 of the second
patch is obtained.

The apparatus (100;386) according to one of claims 1 to 3, wherein the phase
vocoder (130; 410) is configured to obtain the values (B ... By) of the spectral
domain representation (132; 408) of the first patch such that the values of the
spectral domain representation of the first patch represent a harmonically up-
converted version of a fundamental frequency range of the input signal
representation (110; 383); and

wherein the value copier (140;410) is configured to obtain the values Bt ... Bsp) of
the spectral domain representation (142; 412) of the second patch such that the
values of the spectral domain representation of the second patch represent a
frequency-shifted version of the audio content of the first patch.

The apparatus (100; 380,382, 386) according to one of claims 1 to 4, wherein the
apparatus is configured to receive input audio data (322),

to down-sample (380) the input audio data (322), in order to obtain down-sampled
audio data (381),

to window (382) the down-sampled audio data (381), in order to obtain windowed
input data (383),

to convert (400) or transform the windowed input data (383) into a spectral domain,

in order to obtain the input signal representation (383) in the form of a spectral
domain representation (401),

to compute (402, 404) magnitude values ay and phase values ¢k representing a
frequency bin having index k of the input signal representation (383),

(o7
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to use (130; 406) a plurality of magnitude values o representing frequency bins
having frequency bin indices k of the input signal representation (383), to obtain
magnitude values oy representing frequency bins having frequency bin indices sk
of the first patch,

when s is a stretching factor with s between 1.5 and 2.5 , and

to copy and scale (130; 406) phase values @y associated to frequency bins having
frequency bin indices k of the input signal representation (383), to obtain copied
and scaled phase values @y=sgy associated with frequency bins having frequency
bin indices 2k of the first patch,

to copy (140; 410) values Py.i; associated with frequency bins having frequency bin
indices k-i{ of the spectral domain representation (132;408) of the first patch, to

obtain values Py of the spectral domain representation (142; 412) of the second
patch,

to convert (428) the representation (426) of the bandwidth-extended signal into the
time-domain, to obtain a time-domain representation (430), and

to apply (432) a synthesis window to the time-domain representation.

The apparatus (100; 386) according to one of claims 1 to 5, wherein the apparatus
comprises a time-domain to spectral-domain converter (400) configured to provide,
as the input signal representation (401), values of a spectral-domain representation

of an input audio signal (322), or of a pre-processed version (383) of the input
audio signal (322); and

wherein the apparatus comprises a spectral-domain-to-time-domain converter (428)
configured to provide a time-domain representation (430) of the bandwidth-
extended signal using values (Be ... B 408) of the spectral-domain representation

of the first patch and values (Bag ... B3y 412) of the spectral-domain representation
of the second patch;

wherein the spectral-domain-to-time-domain converter (428) is configured such
that a number (N=2048) of different spectral values (426) received by the spectral-
domain-to-time-domain converter (428) is larger than a number (N=512) of
different spectral values (401) provided by the time-domain-to-spectral-domain
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converter (400), such that the spectral-domain-to-time-domain converter (428) is
configured to process a larger number of frequency bins than the time-domain-to-
spectral-domain converter (400).

The apparatus (100; 382, 386) according to one of claims 1 to 6, wherein the
apparatus comprises an analysis windower (382) configured to window a time-
domain input audio signal (322), to obtain a windowed version (383) of the time-
domain input audio signal, which forms the basis for obtaining the input signal
representation in the form of a spectral domain representation (401); and

wherein the apparatus comprises a synthesis windower (432) configured to window
a portion of a time-domain representation (430) of the bandwidth-extended signal,
to obtain a windowed portion (434) of the time-domain representation of the
bandwidth-extended signal.

The apparatus (100; 382,386) according to claim 7, wherein the apparatus is
configured to process a plurality of temporally overlapping time-shifted portions of
the. time-domain input audio signal (322), to obtain a plurality of temporally
overlapping time-shifted windowed portions (434) of the time-domain
representation of the bandwidth-extended signal,

wherein a time offset (Inc=64) between temporally adjacent time-shifted portions of

-+ the time-domain input audio signal (322) is smaller than or equal to one fourth of a

window length (512) of the analysis windower (382).

The apparatus (100; 382,386) according to one claims 1 to 8, wherein the apparatus
comprises a transient information provider (384) configured to provide an
information indicating the presence of a transient in the input signal (322); and

wherein the apparatus comprises a first processing branch (386) for providing a
representation (434) of a bandwidth-extended signal portion on the basis of a non-
transient portion of the input signal representation (383) and a second processing
branch (388) for providing a representation (478) of a bandwidth-extended signal
portion on the basis of a transient portion of the input signal representation (383);

wherein the second processing branch (388) is configured to process a spectral-
domain representation (441) of the input signal having a higher spectral resolution
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(N=1024) than a spectral-domain representation (401) of the input signal processed
by the first processing branch (386).

The apparatus (100; 382,386) according to claim 9, wherein the second processing
branch (388) comprises a time-domain zero-padder (438) configured to zero-pad a
transient-containing portion (383) of the input signal, in order to obtain a
temporally extended transient-containing portion (439) of the input signal; and

wherein the first processing branch (386) comprises a time-domain-to-frequency-
domain converter (400) configured to provide a first number (N=512) of spectral-
domain values (401) associated with the non-transient portion (383) of the input
signal; and

wherein the second processing branch (388) " comprises a time-domain-to-
frequency-domain converter (440) configured to provide a second number
(N=1024) of spectral-domain values (441) associated with the temporally extended
transient-containing portion (439) of the input signal,

wherein the second number (N=1024) of spectral domain values is larger, at least
by a factor of 1.5, than the first number (N=512) of spectral-domain values.

The apparatus (100; 382,386) according to claim 10, wherein the second processing
branch comprises a zero stripper (476) configured to remove a plurality of zero
values from a bandwidth-extended signal portion (474) obtained on the basis of the
temporally extended transient-containing portion (439) of the input signal.

The apparatus (100; 380, 382,386) according to one of claims 1 to 11, wherein the
apparatus comprises a down-sampler (380) configured to down-sample a time-
domain representation (322) of the input signal.

An audio decoder (300) comprising an apparatus (100; 386) according to one of
claims 1to 12.

A method (400) for generating a representation of a bandwidth-extended signal on
the basis of an input signal representation, the method comprising:
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Obtaining (410), using a phase vocoding, values of a spectral-domain

‘representation of a first patch of the bandwidth-extended signal on the basis of the

input signal representation; and

copying (420) a set of values of the spectral-domain representation of the first
patch, which values are provided by the phase vocoding, to obtain a set of values of
a spectral-domain representation of a second patch, wherein the second patch is
associated with higher frequencies than the first patch; and

obtaining (430) the representation of the bandwidth-extended signal using the
values of the spectral-domain representation of the first patch and the values of the
spectral-domain representation of the second patch.

An apparatus (100;386) for generating a representation (120; 426) of a bandwidth-
extended signal on the basis of an input signal representation (110; 383), the
apparatus comprising:

a value copier configured to copy a set of values (B1 ... By of the input signal
representation, to obtain a set of values (B ... Ba) of a spectral domain
representation of a first patch, wherein the first patch is associated with higher
frequencies than the input signal representation; and

a phase vocoder (130; 406) configured to obtain values (Bag ... B3y of a spectral
domain representation of a second patch of the bandwidth-extended signal on the
basis of the values (Bys ... Ba; of the spectral domain representation of the first

patch, wherein the second patch is associated with higher frequencies than the first
patch; and

wherein the apparatus is configured to obtain the representation (120;426) of the

bandwidth-extended signal using the values of the spectral domain representation of

the first patch and the values of the spectral domain representation of the second
patch.

A method (400) for generating a representation of a bandwidth-extended signal on
the basis of an input signal representation, the method comprising:

copying values of the input signal representation, to obtain values of a spectral-
domain representation of a first patch of the bandwidth-extended signal on the basis
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of the input signal representation, wherein the first patch is associated with higher
frequencies than the input signal representation; and

obtaining, using a phase vocoding, a set of values of the spectral-domain
representation of the second patch on the basis of a set of values of the spectral-
domain representation of the first patch, which values of the spectral domain
representation of the first patch are obtained by the copying, wherein the second
patch is associated with higher frequencies than the first patch; and

obtaining (430) the representation of the bandwidth-extended signal using the
values of the spectral-domain representation of the first patch and the values of the
spectral-domain representation of the second patch.

A computer program for performing the method according to claim 14 or claim 16,
when the computer program runs on a computer.
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Apparatus, Method and Computer Program for Generating a Representation of a
Bandwidth-Extended Signal on the Basis of an Input Signal Representation Using a
Combination of a Harmonic Bandwidth-Extension and a Non-Harmonic Bandwidth-
Extension

Abstract

An apparatus for generating a representation of a bandwidth-extended signal on the basis
of an input signal representation comprises a phase vocoder configured to obtain values of
a spectral domain representation of a first patch of the bandwidth-extended signal on the
basis of the input signal representation. The apparatus also comprises a value copier
configured to copy a set of values of the spectral domain representation of the first patch,
which values are provided by the phase vocoder, to obtain a set of values of a spectral
domain representation of a second patch, wherein the second patch is associated with
higher frequencies than the first patch. The apparatus is configured to obtain the
representation of the bandwidth-extended signal using the values of the spectral domain

representation of the first patch and the values of the spectral domain representation of the
second patch.

Figure 1
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as well as, where applicable, item 5 below.
FH1004 02PCT ACTION Pp
International application No. International filing date (day/month/year) (Earliest) Priority Date (day/month/year)
PCT/EP2010/054422 01/04/2010 02/04/2009
"Applicant

FRAUNHOFER-GESELLSCHAFT ZUR FORDERUNG DER

This international search report has been prepared by this International Searching Authority and is transmitted to the applicant
according to Article 18. A copy is being transmitted to the International Bureau.

This international search report consists of a total of 4 sheets.
Itis also accompanied by a copy of each prior art document cited in this report.

1.- Basis of the report
a. With regard to the language, the international search was carried out on the basis of:
the international application in the language in which it was filed

[]  atanstation of the intemational appiication into , which is the language
of a translation fumished for the purposes of international search (Rules 12.3(a) and 23.1(b))

4. With regard to the title,
the text is approved as submitted by the applicant
the text has been established by this Authority to read as follows:

Ed

5. With regard to the abstract,
the text is approved as submitted by the applicant

D the text has been established, according to Rule 38.2(b), by this Authority as it appears in Box No. IV. The applicant
may, within one month from the date of mailing of this international search report, submit comments to this Authority

6. With regard to the drawings,
a. the figure of the drawingé to be published with the abstract is Figure No. _1
as suggested by the applicant
D as selected by this Authority, because the applicant failed to suggest a figure

D as selected by this Authority, because this figure better characterizes the invention
b. D none of the figures is to be published with the abstract

b. D This international search report has been established taking into account the rectification of an obvious mistake
authorized by or nofified to this Authority under Rule 91 {Rule 43.6bis(a)).
c. D With regard to any nucleotide and/or amino acid sequence disclosed in the intemational application, see Box No. .
2. [] Certain claims were found unsearchable (See Box No. )
3. [[] unity of invention is lacking (see Box No Iti)
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Category* | Citation of document, with indication, where appropriate, of the relevant passages

Relevant to claim No.
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PAPER, NEW YORK, NY, US,
vol. 112, no. 5553,

XP009020921

cited in the application
abstract

figure 6

A WO 98/57436 A2 (LILJERYD LARS GUSTAF [SEI:
EKSTRAND PER RUNE ALBIN [SE]; HENN LARS
FRE) 17 December 1998 (1998-12-17)

figure 2
page 6, line 20 ~ 1ine 34
figure 8

A DIETZ M ET AL: “"SPECTRAL BAND

REPLICATION, A NOVEL APPROACH IN AUDIO
AUDIO ENGINEERING SOCIETY CONVENTION

10 May 2002 (2002-05-10), pages 1-08,

1,15-17

1,15-17

-/

m Further documents are listed in the continuation of Box C.

E See patent family annex.

* Special categories of cited documents :

*A* document defining the general state of the art which is not
considered to be of particular relevance

"E" earfier document but published on or afterthe international
filing date

*L.* document which may throw doubts on priority claim(s) or
which is cited to establish the publication date of another
citation or other special reason (as specified)

0" document referring to an oral disclosure, use, exhibition or
other means

*P* document published prior to the international filing date but
later than the priority date claimed

“T" later document published after the international filing date
or priority date and not in conflict with the application but
cited to understand the principle or theory underlying the
invention

*X* document of particular relevance; the claimed invention

cannot be considered novel or cannot be considered to
involve an inventive step when the document is taken aione

*Y* document of particular relevance; the claimed invention
cannot be considered to involve an inventive step when the
document is combined with one or more other such docu—
merr‘lts stch combination being obvious to a person skilled
in the ant.

*&" document member of the same patent family

Date of the actual completion of the interational search

21 May 2010

Date of mailing of the intemationat search report

07/06/2010

Name and mailing address of the ISA/

European Patent Office, P.B. 5818 Patentlaan 2
NL - 2280 HV Rijswijk

Tel. (+31-70) 340-2040,

Fax: (+31-70} 340-3016

Authorized officer

Krembel, Luc
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JP 4220461 B2 04-02-2009
JdP 2005173607 A 30-06-2005
PT 1367566 E 30-11-2005
PT 940015 E 30-06-2004
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PCT/EP2010/054422 01.04.2010 02.04.2009

International Patent Classification (IPC} or both national classification and IPC

INV. G10L21/02

Applicant
FRAUNHOFER-GESELLSCHAFT ZUR FORDERUNG DER ...

1. This opinion contains indications relating to the following items:

B BoxNo.|  Basis of the opinion

D) Box No. Il Priority

[J Box No. lii Non-establishment of opinion with regard to novelty, inventive step and industrial applicability

[J BoxNo. IV Lack of unity of invention

& Box No. Vv Reasoned statement under Rule 43bis.1 (a)(i) with regard to novelty, inventive step and industrial
applicability; citations and explanations supporting such statement

LJ Box No. VI Certain documents cited

LI Box No. VIl Certain defects in the international application

& Box No. VIl Certain observations on the international application

2. FURTHER ACTION

If a demand for international preliminary examination is made, this opinion will usually be considered to be a
written opinion of the International Preliminary Examining Authority ("IPEA") except that this does not apply where
the applicant chooses an Authority other than this one to be the IPEA and the chosen IPEA has notifed the

International Bureau under Rule 66.1bis(b) that written opinions of this International Searching Authority
will not be so considered.

If this opinion is, as provided above, considered to be a written opinion of the IPEA, the applicant is invited to

submit to the IPEA a written reply together, where appropriate, with amendments, before the expiration of 3 months
from the date of mailing of Form PCTASA220 or before the expiration of 22 months from the priority date,
whichever expires later.

For further options, see Form PCTASAL20.

3. For further details, see notes to Form PCTASAR20.

Name and mailing address of the ISA: Date of completion of Authorized Officer
this opinion & ey, .
European Patent Office : °‘§
@) ' B 10 Krembel, Luc .0)» :
D-80298 Munich % N
Tel. +49 89 2399 - ¢ Telephone No. +49 89 2399-6005 g gy
Fax: +49 89 2399 - 4465

Form PCTASAR237 (Cover Sheet) (July 2009)
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WRITTEN OPINION OF THE International application No.
INTERNATIONAL SEARCHING AUTHORITY PCT/EP2010/054422

Box No. | Basis of the opinion _

1. With regard to the language, this opinion has _been established on the basis of:
X the international application in the language in which it was filed

O a transiation of the international application into , which is the language of a translation furnished for the
purposes of international search (Rules 12.3(a) and 23.1 (b)).

2. [ This opinion has been established taking into account the rectification of an obvious mistake authorized
by or notified to this Authority under Rule 91 (Rule 43bis.1(a))

3. With regard to any nucleotide and/or amino acid sequence disclosed in the international application, this
opinion has been established on the basis of a sequence listing filed or furnished:

a. (means)
0  on paper
J in electronic form

b. (time)
LI in the international application as filed
OI  together with the international application in electronic form
O subsequently to this Authority for the purposes of search

4. L1 In addition, in the case that more than one version or copy of a sequence listing has been filed or furnished,

the required statements that the information in the subsequent or additional copies is identical to that in the
application as filed or does not go beyond the application as filed, as appropriate, were furnished.

5. Additional comments:

Box No.V  Reasoned statement under Rule 43bis.1(a)(i) with regard to novelty, inventive step or
industrial applicability; citations and explanations supporting such statement

1. Statement

Novelty (N) Yes: Claims 1-17
No: Claims

Inventive step (IS) Yes: Claims 1-17
No: Claims

Industrial applicability (1A) Yes: Claims 1-17
No: Claims

2. Citations and explanations

see separate sheet

Form PCTASA/237 (April 2007)
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WRITTEN OPINION OF THE International application No.
INTERNATIONAL SEARCHING AUTHORITY PCT/EP2010/054422

Box No. VIIl Certain observations on the international application

The following observations on the clarity of the claims, description, and drawings or on the question whether the
claims are fully supported by the description, are made:

see separate sheet

Form PCTASA/237 (April 2007)



WRITTEN OPINION OF THE International application No.
INTERNATIONAL SEARCHING _
AUTHORITY (SEPARATE SHEET) PCT/EP2010/054422

Reltem V

Reasoned statement with regard to novelty, inventive step or industrial
applicability; citations and explanations supporting such statement

1

2.1

2.2

Reference is made to documents:

D1: WO 98/57436 A2 (LILUERYD LARS GUSTAF [SE]; EKSTRAND PER
RUNE ALBIN [SE]; HENN LARS FRE) 17 December 1998 (1998-12-17)

D2: DIETZ M ET AL: "SPECTRAL BAND REPLICATION, A NOVEL
APPROACH IN AUDIO CODING"AUDIO ENGINEERING SOCIETY
CONVENTION PAPER, NEW YORK, NY, US, vol. 112, no. 55563, 10 May
2002 (2002-05-10) , pages 1-08, XP009020921 cited in the application

D3: US 2007/238415 A1 (SINHA DEEPEN [US] ET AL) 11 October 2007
(2007-10-11)

Claim 1

The closest prior art is disclosed by document D1 which discloses the
following features:

- Apparatus for generating a representation of a bandwidth-extended signal on
the basis of an input signal representation the apparatus comprising a plurality
of frequency transposers (see D1, page 6 lines 20-34, fig.8 ref.807,809,811)

D1 does not disclose the features:

f1: a phase vocoder configured to obtain values of a spectral domain
representation of a first patch of the bandwidth-extended signal on the basis
of the input signal representation

f2: a value copier configured to copy a set of values of the spectral domain
representation of the first patch, which values are provided by the phase
vocoder, to obtain a set of values of a spectral domain representation of a

second patch, wherein the second patch is associated with higher frequencies

Form PCT/ISA/237 (Separate Sheet) (Shest 1) (EPO-Aprit 2005)
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WRITTEN OPINION OF THE International application No.
INTERNATIONAL SEARCHING
AUTHORITY (SEPARATE SHEET) PCT/EP2010/054422

2.3

2.4

2.5

2.6

2.7

2.8

than the first patch;

f3: wherein the apparatus is configured to obtain the representation of the
bandwidth-extended signal using the values of the spectral domain
representation of the first patch and the value of the spectral domain
representation of the second patch.

The subject-matter of claim 1 is novel. Claim 1 meets the requirements of
Article 33(2) PCT.

The problems solved by features f1,f2,f3 appears that of the computation
efficient extension of a bandwidth limited signal.

Although document D1 discloses a frequency transposition method having
effects similar to phase vocoding, in that a first patch is generated by
stretching the input signal into the frequency domain, D1 does not disclose
nor indicate copying up the patch obtained by transposition.

Document D2 discloses state-of-the art bandwidth extension using copy-up
operation, but does not disclose not hint that said copy-up should be based on
a first spectral patch.

Document D3 discloses an iterative bandwidth extension, wherein spectral
patches are obtained and used for subsequent patch generation. D3 however
does not disclose either phase vocoding, or copy-up operation. In particular,

D3 does not hint at using copy-up operation for the next iteration of the
bandwidth extension.

The prior art does not teach or indicate in an obvious manner how to solve the
problem of efficient bandwidth extension. The subject-matter defined by claim
1 involves an inventive step and fulfils the requirements of Article 33(3) PCT.

Claim 14

Form PCT/ISA/237 (Separate Sheet) (Sheet 2) (EPO-April 2005)



WRITTEN OPINION OF THE

INTERNATIONAL SEARCHING

AUTHORITY (SEPARATE SHEET)

International application No.

PCT/EP2010/054422

3.1 The same conclusion as for claim 1 applies mutatis mutandis. Claim 14 meets
the requirements of articles 33(2) and 33(3) PCT.

4 Claim 15

4.1 Claim 15 defines an alternative solution to the solution of claim 1, whereas the
order of application of features f1,f2 is inverted. D2 is the closest prior art in
this case. '

4.2 Claim 15 is novel because D2 does not disclose applying phase vocoding on
a spectral patch obtained by copy-up operation. Claim 15 meets the
requirements of Article 33(2) PCT.

4.3 For reasons analog to those presented under items 2.4-2.8, claim 15 is
considered to solve the problem of efficient bandwidth extension, and to
define a non obvious solution with regard to the available prior art. Claim 15
meets the requirements of Article 33(3) PCT.

5 Claim 16
The same conclusion as for claim 15 applies mutatis mutandis. Claim 16
meets the requirements of articles 33(2) and 33(3) PCT.

6 Claim 17

6.1 The same conclusion as for claims 14,16 applies mutatis mutandis. Claim 17
meets the requirements of articles 33(2) and 33(3) PCT.

Re Item VI

Certain observations on the international application

The drawings do not meet the requirements of Rule 11.13 PCT,

Form PCT/ISA/237 (Separate Sheet) (Sheet 3) (EPO-April 2005)
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written opinion of the International Searching Authority (WO-1SA)
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under
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End of the
international
phase
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Rules and more
information

BNSDOCID: <XS$ 200704010CK _!_>

For all international applications filed on or after 01/01/2004 the competent
ISA will establish an ISR It is accompanied by the WO-ISA. Unlike the
former written opinion of the IPEA (Rule 66.2 PCT), the WO-ISA is not
meant to be responded to, but to be taken into consideration for further
procedural steps. This document explains about the possibilities.

Within 2 months after the date of mailing of the ISR and the WO-1SA the
applicant may file amended claims under Art. 19 PCT directly with the
International Bureau of WIPO. The PCT reform of 2004 did not change
this procedure. For further information please see Rule 46 PCT as well as
form PCT/ISA/220 and the corresponding Notes to form PCT/ISA/220.

In principle, the WO-I1SA will be considered as the written opinion of the
IPEA. This should, in many cases, make it unnecessary to file a demand for
international preliminary examination. If the applicant nevertheless wishes
to file a demand this must be done before expiry of 3 months after the
date of mailing of the ISR/WO-1SA or 22 months after priority
date, whichever expires later (Rule 54bis PCT). Amendments under Art.
34 PCT can be filed with the IPEA as before, normally at the same time as
filing the demand (Rule 66.1 (b) PCT).

If a demand for international preliminary examination is filed and no
comments/amendments have been received the WO-1SA will be transformed
by the IPEA into an IPRP (International Preliminary Report on Patentability)
which would merely reflect the content of the WO-1SA. The demand can still
be withdrawn (Art. 37 PCT).

After receipt of the ISR'WO-1SA the applicant may file informal comments
on the WO-ISA directly with the International Bureau of Wi PO, These
will be communicated to the designated Offices together with the |1PRP
(International Preliminary Report on Patentability) at 30 months from the
priority date. Please also refer to the next box.

At the end of the international phase the International Bureau of WIPO will
transform the WO-1SA or, if a demand was filed, the written opinion of the
IPEA into the IPRP, which will then be transmitted together with possible
informal comments to the designated Offices. The |PRP replaces the former
IPER (international preliminary examination report).

Rule 43 PCT, Rule 43bis PCT, Rule 44 PCT, Rule 44bis PCT, PCT Newsletter
12/2003, OJ 11/2003, OJ 12/2003
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Title of the invention

1. The applicant is hereby notified that the international application has been accorded the international application number and
the international filing date indicated above.

2. The applicant is further notified that the record copy of the international application:
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the priority date, the International Bureau will notify the applicant (Rule 22.1(c)).
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METHOD AND APPARATUS FOR ENCODING AND
DECODING

CROSS-REFERENCES TO RELATED
APPLICATIONS

{00017 This application claims the benefit of U.S. Provi-
sional Patent Application, Ser. No. 60/724,856. filed 7 Oct.
2005, the contents of which are hereby incorporated by
reference herein.

BACKGROUND OF THE INVENTION
[0002]

[0003] The present invention relates to coding and decod-
ing of audio signals to reduce transmission bandwidth
without unacceptably degrading the quality of the recon-
structed signal.

[0004] 2. Description of Related Art

1. Field of the Invention

[0005] Many techniques exist in the field of audio com-
pression for encoding a signal that can later be decoded
without significant loss of quality. A common scheme is to
sample a signal and use these samples to produce a discrete
frequency transform. Varieties of transforms exist such as
Discrete Fourier Transtorm (DFT), Odd-frequency Discrete
Fourier Transform (ODFT), and Modified Discrete Cosine
Transform (MDCT).

[0006] Also, transmission bandwidth can be conserved by
sending only lower frequency (base band) spectral compo-
nents. To restore the higher frequency components on the
decoding side, various bandwidth extension techniques have
been proposed. A simple technique is to take the base band
conmponents and scale them up in frequency.

[0007] Also, certain frequency components are difficult to
perceive by the human ear when they are close in frequency
to a dominant, high energy component. Accordingly, such
dominant components can have associated with them a
masking function to attenuate nearby frequency compo-
nents, the attenuation being greater the closer a component
is to the dominant masking component. Techniques of this
type are part of the field of perceptual coding.

[0008] The field of perceptual coding for audio coding has
been an active one over the past two decades. Typical
configuration for the perceptual model used in audio codecs
such as PAC, AAC, MPEG-Layerlll etc. may be found in
[1-5]. The centerpiece of perceptual modeling is the concept
of anditory masking [11-15, 27). The goal is to quantize the
audio signal in such a way that the quantization noise is
either fully masked or rendered less annoying due to mask-
ing by the audio signal. Building of a perception model in
audio codec typically involves the utilization of following
four key concepts: simultaneons masking, temporal mask-
ing, frequency spread of masking, and, tone vs. noise like
nature of the masker. Simultaneous masking is a phenom-
enon whereby a masker is found to mask the perception of
a maskee occurring at the same time. Temporal masking
refers to a phenomenon in which a masker masks a maskee
occuring either prior to or after its occurrence. Frequency
spread of masking refers to the phenomenon that a masker
at a certain frequency has a masking potential not only at
that frequency but also at neighboring frequencies. Finally,
the masking potential of a narrow band masker is strongly

20070238415A1_1_>

Oct. 11, 2007

dependent on the tone vs. noise like nature of the masker.
These factors are utilized to estimate desired quantization
accuracy. or Signal to Mask Ratio (SMR) for each band of
frequency.

[0009] In many audio codecs the masking model for
wideband audio signals is constructed using a two step
procedure. First the (short-term) signal spectrum is analyzed
in multiple partitions (which are narrower than a critical
band). The masking potential of each narrow-band masker is
estimated by convolving it with a spreading function which
models the frequency spread of masking. The masked
threshold of the wide band audio signal is then estimated by
considering it to be the superposition of multiple narrow
band maskers. Recent studies suggest that this assumption of
superposition may not always be a valid one. In particular a
phenomenon called Comodulation Release of Masking
(CMR) has implication towards the extension of narrow
band model to a wide band model. B. C. J. Moore, 4n
Introduction to the Psvchology of Hearing, 5th Ed.. Aca-
demic Press, San Diego (2003). See Hall J W, Grose J H,
Mendoza L (1995) Across-channel processes in masking. In:
Hearing (Moore B C J, ed), pp 243-266. San Diego: Aca-
demic.

SUMMARY OF THE INVENTION

[0010] In accordance with the illustrative embodiments
demonstrating features and advantages of the present inven-
tion, there is provided a method for encoding an audio
signal. The method includes the step of transforming the
audio signal into a discrete plurality of (a) basic transform
coefficients corresponding to basic spectral components
located in a base band and (b) extended transform coeffi-
cients corresponding to components located beyond the base
band. Another step is correlating that is (i) based on at least
some of the basic transform coefficients and at least some of
the extended transform components and (ii) performed by
programmatically determining and applying a primary fre-
quency scaling parameter and a primary frequency transta-
tion parameter to form a revised relation between the basic
transform coefficients and extended transform coefficients
that increases their correlation. The method also includes the
step of forming an encoded signal based on the basic
transform coefficients. the primary frequency scaling param-
eter and the primary frequency translation parameter.

[0011] In accordance with another aspect of the present
invention, there is provided an encoder for encoding an
audio signal that includes a processor, which has a trans-
form, a correlator and a former. The transform can transform
the audio signal into a discrete plurality of (a) basic trans-
form coefficients corresponding to basic spectral compo-
pents located in a base band and (b) extended transform
coefficients corresponding to components located beyond
the base band. The correlator can provide a correlation that
is (i) based on at least some of the basic transform coeffi-
cients and at least some of the extended transform compo-
nents and (ii) performed by programatically determining
and applying a primary frequency scaling parameter and a
primary frequency translation parameter o form a revised
relation between the basic transform coefficients and
extended transform coefficients that increases their correla-
tion. The former can form an encoded signal based on the
basic transform coefficients, the primary frequency scaling
parameter and the primary frequency translation parameter.
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[0012] In accordance with yet another aspect of the
present invention. a method is provided for decoding a
compressed audio signal signifying (a) basic transform
coeflicients of basic spectral components derived from a
base band, (b) one or more frequency scaling parameters.
and (c) one or more frequency translation parameters. The
method includes the step of applying the one or more
frequency scaling parameters and the one or more frequency
translation parameters to the basic transform coeflicients to
provide a plurality of altered primary coefficients having
altered spectral significance. Another step is inverting the
basic transform coefficients and the altered primary coeffi-
cients to form a time-domain signal.

[0013] In accordance with still yet another aspect of the
present invention, there is provided a decoder for decoding
a compressed audio signal signifying (a) basic transform
coeflicients of basic spectral components derived from a
base band, (b) one or more frequency scaling parameters,
and (c) one or more frequency translation parameters. The
decoder has a relocator for applying the one or more
frequency scaling parameters and the one or more frequency
translation parameters to the basic transform coeflicients to
provide a plurality of altered primary coeflicients having
altered spectral significance. The decoder also has an
inverter for inverting the basic transform coeflicients and the
altered primary coefficients to form a time-domain signal.

[0014] In accordance with a further aspect of the present
invention, a method is provided for encoding an audio
signal. The method includes the step of transforming the
audio signal into a discrete plurality of primary transform
coeflicients corresponding to spectral components located in
a designated band. Another step is correlating based on a
correspondence between at least some of the primary trans-
form coefficients and programunatically synthesized data
corresponding to a synthetic harmonic or individual sinuso-
ids spectrum comprising any combination of one or more
harmonic patterns and one or more individual sinusoids. The
method also includes the step of forming an encoded signal
based on at least some of the primary transform coefficients,
and one or more harmonic parameters signifying one or
more characteristics of the synthetic harmonic or individual
sinusoids spectrum.

[0015] In accordance with another further aspect of the
present invention, there is provided an encoder for encoding
an audio signal. The encoder has a transform for transform-
ing the audio signal into a discrete plurality of primary
transform coeflicients corresponding to spectral components
located in a designated band. Also included is a correlation
device for correlating based on a correspondence between at
least some of the primary transform coefficients and pro-
grammatically synthesized data corresponding to a synthetic
harmonic spectrum. The encoder also has a former for
forming an encoded signal based on at least some of the
primary transform coefficients, and one or more harmonic
parameters signifying one or more characteristics of the
synthetic harmonic spectrum.

[0016] Inaccordance with yet another further aspect of the
present invention, a method is provided for decoding a
compressed audio signal signifying (a) a plurality of basic
transform coeflicients cotresponding to basic spectral com-
ponents located in a base band, and (b) one or more
harmonic parameters signifying one or more characteristics
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of a synthetic harmonic or individual sinusoids spectrum
comprising any combination of one or more harmonic
patterns and one or more individual sinusoids. The method
includes the step of synthesizing one or more hanmonically
related transform cocfficients based on the one of more
harmonic parameters. Another step is inverting the basic
transform coefficients and the one or more harmonically
related transform coefficients info a time-domain signal.

[0017] In accordance with still yet another further aspect
of the present invention. there js provided a decoder for
decoding a compressed audio signal signifying (a) a plural-
ity of basic transform coeflicients corresponding to basic
spectral components located in a base band, and (b) one or
more harmonic parameters signifying one or more charac-
teristics of a synthetic harmonic or mndividual sinusoids
spectrum comprising any combination of one or more har-
monic patterns and one or more individual sinusoids. The
decoder has a synthesizer for synthesizing one or more
barmonically related transform coefiicients based on the one
Or more harmonic parameters. Also included is an inverter
for inverting the basic transform coefficients and the one or
more harmonically related transform coefficients into a
time-domain signal.

[0018] In accordance with still yet another aspect of the
present invention, a method is provided for encoding an
audio signal. The method includes the step of transforming
the audio signal into a discrete plurality of transform coet-
ficients corresponding to spectral components located in a
designated band, some of the transform coeflicients corre-
sponding to one or more standard time intervals and others
individually corresponding to one of a plurality of subinter-
vals within the one or more standard time intervals.

[0019] Another step is forming an encoded signal based on
(a) the plurality of transform coefficients associated with the
one or more standard time intervals, and (b) magnitude
information based on the plurality of transform coefficients
associated with the plurality of subintervals.

[0020] In accordance with yet another aspect of the
present invention, there is provided an encoder for encoding
an audio signal. The encoder has a transform for transform-
ng the audio signal into a discrete plurality of transform
coeflicients corresponding to spectral components located in
a designated band, some of the transform coeflicients cor-
responding to one or more standard time intervals and others
individually corresponding to one of a plurality of subinter-
vals within the one or more standard time mtervals.

[0021] The encoder also has a former for forming an
encoded signal based on (a) the plurality of transform
coefficients associated with the one or more standard time
intervals, and (b) magnitude information based on the plu-
rality of transform coefficients associated with the plurality
of subintervals.

[0022] 1n ‘accordance with yet another aspect of the
present invention, a method is provided for processing a
decompressed audio signal obtained from a discrete plurality
of transform coefficients corresponding to one or more
standard time intervals, using magnitude information based
on a plurality of transform coefficients corresponding to one
of a plurality of subintervals of the one or more standard
time intervals. The method includes the step of inverting the
discrete plurality of transform coefficients associated with
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the one or more standard time intervals into a first time-
domain signal. Another step is successively transforming the
first time-domain signal into a frequency domain to obtain a
discrete plurality of local coefficients individually assigned
to a plurality of successive time slots cotresponding in
duration to the plurality of subintervals. The method also
includes the step of resealing the plurality of local coefli-
cients using from the compressed audio signal the transform
coeficients associated with the plurality of subintervals.
Another step is inverting the discrete plurality of local
coeflicients into a corrected time-domain signal.

[0023] In accordance with yet another aspect of the
present invention, thete is provided a decoding accessory for
processing a decompressed audio signal obtained from a
discrete plurality of transform coefficients corresponding to
one or more standard time intervals, using magnitude infor-
mation based on a plurality of transform coefficients corre-
sponding to one of a plurality of subintervals of the one or
more standard time intervals. The accessory has a first
inverter for inverting the discrete plurality of transform
coefficients associated with the one or more standard time
intervals into a first time-domain signal. Also included is a
transform for successively transforming the first time-do-
main signal into a frequency domain to obtain a discrete
plurality of local coefficients individually assigned to a
plurality of successive time slots corresponding in duration
to the plurality of subintervals. The accessory also has a
rescaler for resealing the plurality of local coefficients using
from the compressed audio signal the transform coefficients
associated with the plurality of subintervals. Also included
is a second inverter for inverting the discrete plurality of
local coefficients into a corrected time-domain signal.

[0024] 1In accordance with another aspect of the present
invention, a method is provided for encoding an audio
signal. The method includes the step of transforming the
audio signal into at least a discrete plurality of transform
coeflicients corresponding to spectral components located in
a designated band, the transform coefficients including a
standard grouping and a substandard grouping, the standard
grouping being associated with one or more standard time
intervals, the substandard grouping being dividable into a
plurality of isofrequency sequences, each of the plurality of
isofrequency sequences encompassing the one or more
standard time intervals and being associated with a corre-
sponding one of the transform coefficients in the standard
grouping, the transform coefficients of the standard grouping
each being assigned a masking characteristic for perceptu-
ally attenuating spectrally nearby omes of the standard
grouping according to a predefined masking function having
a predefined domain. Also included is the step of weakening
the masking characteristic of each of the transform coeffi-
cients in the standard grouping based on the extent its
corresponding one of the isofrequency sequences varies and
correlates with spectrally nearby ones of the isofrequency
sequences. :

[0025] In accordance with another aspect of the present
invention, there is provided an encoder for encoding an
audio signal. The encoder has a transform for transforming
the audio signal into at least a discrete plurality of transform
coefficients corresponding to spectral components located in
a designated band, the transform coeflicients including a
standard grouping and a substandard grouping, the standard
grouping being associated with one or more standard time
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intervals, the substandard grouping being dividable into a
plurality of isofrequency sequences. each ot the plurality of
isofrequency sequences encompassing the one or more
standard time intervals and being associated with a corre-
sponding one of the transtorm coeflicients in the standard
grouping, the transform coefficients of the standard grouping
each being assigned a masking characteristic for perceptu-
ally attenuating spectrally nearby ones of the standard
grouping according to a predefined masking function having
a predefined domain. Also included is a weakener for
weakening the masking, characteristic of each of the trans-
form coefficients in the standard grouping based on the
extent its corresponding one of the isofrequency sequences
varies and correlates with spectrally nearby ones of the
isofrequency sequences..

[0026] The present audio bandwidth extension (BWE)
technique is based upon two algorithms, namely Accurate
Spectral Replacement (ASR) and Fractal Self-Similarity
Model (FSSM). The ASR technique is described in a paper
by Anibal J. S. Fermreira and Deepen Sinha. “Accurate
Spectral Replacement,” 118th Convention of the Audio
Engineering Societv. May 2005, Paper 6383, which paper is
incorporated herein by reference. The FSSM and ASR
technique are described in a paper by Deepen Sinba, Anibal
Ferreira, and, Deep Sen “A Fractal Self-Similarity Model for
the Spectral Representation of Audio Signals.” 118 Con-
vention of the Audio Engineering Society. May 2005, Paper
6467; and Deepen Sinha, and Anibal Ferreira, “A New
Broadcast Quality Low Bit Rate Audio Coding Scheme
Utilizing Novel Bandwidth Extension Tools,” 119tk Con-
vention of the Audio Engineering Society, October 2005,
Paper 6588 of the which papers are incorporated herein by
reference.

[0027] The ASR and FSSM techniques work directly in
the frequency domain with a high frequency resolution
representation of the signal. These representations are
supplemented by a third tool “Multi Band Temporal Ampli-
tude Coding™ (MBTAC), which ensures accurate reconstruc-
tion of the time-varying envelope of the signal representa-
tion in the frequency domain. The MBTAC tool utilizes a
Utility Filterbank (UFB) that generates a frequency repre-
sentation of the signal that varies in time with a relatively
high time resolution to provide a time-frequency represen-
tation of the signal.

[0028] With the ASR technique the spectrum is segmented
into sinusoids and residual (or noise), this residual results by
removing (i.e., by subtracting) sinusoids directly from the
complex discrete frequency representation of the audio
signals from block 10. Coefficients for the sinusoids are
coded and transmitted to the decoder.

[0629] The FSSM technique implements a bandwidth
extension model employing the basic principle of creating a
high frequency bandwidth from a low frequency spectrum.
The model involves identifying dilation (frequency scaling)
and frequency translation parameters which when applied on
a low frequency band, efficiently represents the high fre-
quency signal. Maximizing intra spectral-cross correlation is
the basic criterion in choosing dilation and translation
parameters. A brief functional description of FSSM’s opera-
tion is as follows:

[0030] 1) The dilation and translation parameters are
estimated and applied to the low frequency base band
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to allow synthesis of a replica of the originally detected
high frequency components.

[0031] 2) To determine the ft of the FSSM model, the
frequency spectrum may be split into multiple slices
and for each slice a determination is made o either
apply the model or replace it by an independent signal
such as synthetic noise. The FSSM model therefore, in
general, is a FSSM+Noise model.

[0032] 3) The shape of the temporal and frequency
envelope of the signal is an important consideration.
The FSSM model may not accurately reconstruct the
coarse frequency envelope and so this may coded
separately.

[0033] In parallel to the above sequence of processes
(which emanate from a high resolution frequency analysis).
a second time-frequency analysis may be optionally per-
formed and used to encode the time frequency envelope of
the signal as well as the inter-aural phase cues. This
sequence of parallel functional blocks is as follows:

[0034] A Utility Filterbank (UFB) is a complex modulated
filterbank with several-times oversampling. It allows for a
time resolution as high as 16/Fs (where Fs is the sampling
frequency) and frequency resolution as high Fs/256. It also
optionally supports a non-uniform time-frequency resolu-
tion. :

{0035] Multi Band Temporal  Amplitude C oding
(MBTAC) involves efficient coding of two channel (stereo)
time-frequency envelopes in multiple frequency bands. The
resolution of MBTAC frequency bands is user selectable.
The envelope information is grouped in time and frequency
and jointly coded (across two channels) for coding effi-
ciency. Various noiseless coding tools are used to reduce bit
demand.

[0036] The present disclosure also has a perceptual model
employing psychometric data and results related to comodu-
lation release of masking,.

BRIEF DESCRIPTION OF THE DRAWINGS

[0037] The above brief description as well as other
objects, features and advantages of the present invention
will be more fully appreciated by reference to the following
detailed description of illustrative embodiments in accor-
dance with the present invention when taken in conjunction
with the accompanying drawings, wherein:

[0038] FIG. 1 is a block diagram of an encoder imple-
menting an encoding method in accordance with principles
of the present invention;

[0039] FIG. 2is a block diagram of a decoder implement-
ing a decoding method in accordance with principles of the
present invention:

[0040] FIG. 3 is a more detailed block diagram of portions
of the diagram of FIG. 1;

[0041] FIG. 4 detailed block diagram showing enhance-
ments to the diagram of FIG. 2;

{0042] FIG.5isa diagram showing the process of apply-
ing long windows on a stationary frame with the transform
of FIG. 1;
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[0043] FIG. 6 diagrammatically illustrates the detection of
harmonic components in a base band as performed by the
encoder of FIG. 1:

[0044] FIG. 7 diagrammatically illustrates on the left an
original spectrum, detection of harmonics and tonals (central
diagram) to produce a residual spectruin, using the encoder
of FIG. 1;

[0045] FIG. 8 diagrammatically illustrates the FSSM pro-
cess of extending/reconstructing  bandwidth using nested

iterations with the encoder of FIG. 1. as well as the decoder
of FIG. 3;

[0046] FIG.9 diagrammatically shows two waveforms X
and Y that are to be correlated in accordance with a third
level of frequency grouping pertormed by the encoder of
FIG. 1,

[0047] FIG.10is a vector representation of the waveforms
of FIG. 9,

[0048] FIG. 11 is a vector representation of right and left
channels as employed in the encoder of FIG. 1 and a decoder
of FIG. 2;

[0049] FIG. 12 is a vector representation of right and left
channels employing sum and difterence factors, which is an
altemate to that shown in FIG. 11;

[0050] FIG. 13 shows detection of harmonic content from
a base band as performed in the decoder of FIG. 2:

[0051] FIG. 14 diagrammatically illustrates on the-left an
original low pass spectruni, harmonics detected therein

(central diagram), to produce a flattened spectrum, using the
decoder of FIG. 2;

[0052] FIG. 15 diagrammatically illustrates FSSM recon-
struction as performed in the decoder of FIG. 2; and

{0053} FIG.16 diagranunatically ilustrates in the first two
diagrams the spectra reconstructed by FSSM and by ASR,
which are combined to produce an original spectrum (last
diagram) using the decoder of FIG. 2.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENTS

[0054] Referring to FIGS. 1 and 3, an encader apparatus
and method is described by means of a block diagrams
indicating certain algorithms performed on a processor, such
as a microprocessor, dedicated computerized controller,
personal computer, or more general purpose computer. Input
to the system consists of sampled digital audio, specifically
16 or 24 bit PCM Stereo (Left/Right) with a sampling
frequency Fs (illustrative values for Fs are 44100 Hz and
32000 Hz). High resolution frequency analysis (MDCT/
ODFT) is performed in the first block 10 of the encoder/
BWE encoder for one frame of audio (illustratively a frame
of audio consists of 1024 samples). It simultaneously com-
putes the MDCT and ODFT representation (for two channels
L and R (left and right). The MDCT/ODET analysis is
computed for two frequency resolutions: (i) a Long window
which is typically 2048 samples long (with 1024 sample
overlap between two consecutive windows), (ii) a Short
window which is typically 256 samples long (with 128
sample overlap between two consecutive windows).
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[0055] Block 10 is herein referred to as a transform for
producing a plurality of transform coeflicients (sometimes
referred 1o as primary transform coefficients located in a
designated band) indicating the magnitude or entity all
discrete spectral components. These transform coeflicients
may be may be segregated into basic transform coeflicients
corresponding 1o basic spectral components located in a base
band and extended transform coefficients that may not be
directly encoded but many be simulated by the herein
disclosed bandwidth extension method. The basic transform
coeflicients may be encoded and individually transmitted.

{0056] A window type detector 12 is applied to decide the

window structure (Long/Short window) to be used to estab- -

lish an input frame appropriate to avoid pre-echo condition;
in other words, a trade off on time-frequency resolution is
done based on the stationarity of the input frame. Specifi-
cally. detector 12 selects an increased time resolution (short
window) for a non-stationary frame and an increased fre-
quency resolution {long window) for a stationary frame. In
case of a window state transition a well-known Start or Stop
window is suitably inserted.

[0057] The present codec utilizes an algorithm for the
detection and accurate parameter estimation of sinusoidal
components in the signal. The algorithm may be based on
the work by Anibal J. S. Ferreira and Deepen Sinha, “Accu-
rate and Robust Frequency Estimation in ODFT Domain,” in
2005 IEEE Workshop on Applications of Signal Processing
to Audio and Acoustics, Oct. 16-19, 2005; and Anibal J. S.
Ferreira, “Accurate Estimation in the ODFT Domain of the
Frequency, Phase and Magnitude of Stationary Sinusoids,”
in 2001 J[EEE Workshop on Applications of Signal Process-
ing to Audio and Acoustics, Oct. 21-24 2001, pp. 47-50.

[0058] The detected sinusoids may be further analyzed for
the presence of harmonic pattermns using techniques similar
to that described by Anibal J. S. Ferreira, “Combined
Spectral Envelope Normalization and Subtraction of Sinu-
soidal] Components in the ODFT and MDCT Frequency
Domains,” in 2001 IEEE Workshop on Applications of
Signal Processing 1o Audio and Acoustics, Oct. 21-24 2001,
pp- 51-54.

[0059] Depending on the chosen window (Long window=
1024/Short window=128) MDCT and ODFT coefficients are
calculated as graphically indicated in FIG. 5. The MDCT
filter bank takes advantage of ODFT coefficients in that the
results of the MDCT analysis filter bank can be decomposed
from the results of the complex ODFT filter bank. The
ODFT provides magnitude and phase information. The
MDCT. ODFT and ODFT to MDCT transformation is as
given below.

A=l .
XmtKy= Z h(n)x(n)cos[-—(k +1/2)Xn+ne )]
n=0 N

where X,(K) is MDCT of the input sequence x(n) and h(n)
the windowing function and ny="2+N/4.
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[0060] Taking 0SK=N/2-1 it can be shown that,
It E=RiVikNcos O+ INGKD sin 8K
Where, X,(K) is ODFT of x(n) and

Ak = %un /20 +N /2

[0061] ODFT of a sequence x(n) is defined as:

N-l
I
XotK) = th W(me SRR
n=0

ODFT of two channels is computed using an efficient
algorithm described in. the TechOnline Paper “A Fast Algo-
rithm for Computing Two Channel Odd Frequency Trans-
forms with Application to Audio Ceding” Sinha, N. and
Ferreira J. S. TechOnline October 2005. The default window
shape used in ODFT analysis is the sine window. Higher
order smooth windows as described in the Sinha Ferreira
Paper in AES 120" convention, NY may also be used for this
analysis. In case of a Long to Short (Short to Long)
transition the Long window immediately preceding (follow-
ing) the Short window has a special non-symmetrical shape
characterized as a Start (Stop) window. In such a case the
ODFT/MDCT analysis is recomputed using the appropriate
transition window shape.

[0062] The MDCT components thus produced are pro-
cessed using a conventional stereo dynamic range control in
block 26 before being bandwidth limited in block 28 for
purposes to be described presently.

{0063] Thereafter, the magnitudes associated with the
bandwidth limited components of the baseband are quan-
tized in block .22. The quantizing steps can be adjusted
dynamically in a manner to be described hereinafter.

[0064] Thereafter, entropy coding can be performed in
block 24, which impiements the well-known Huffman cod-
ing technique. Since the entropy coding can produce a time
varying bit rate, a buffer is used in block 42, which is
controlled by a rate control mechanism in block 40 in a
conventional manner.

[0065] The final resuits of the processing in this main
channel are forwarded to bitstream formatting block 48,
which combines data from this channel with other data to
form a bitstream having an approprate transport protocol.

Pyschoacoustic Model

[0066] The present codec includes a perceptual coding
scheme whereby a sophisticated psychoacoustic model is
employed to quantize the output of an analysis filter bank.

{0067] Two key aspects of the present psychoacoustic
model pertains respectively to the extension of a narrow
band masking model to wide band audio signals and to the
accurate detection of tonal components in the signal.

[0068] In block 34 a conventional tonal analysis is per-
formed and its results are forwarded to the quantizing
controf block 36, which connects to the quantizer 22 in the
main channel.
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[0069] Unlike conventional perceptual models, analysis is
performed in block 32 taking into account comodulation
release (CMR). Comodulation release is a phenomenon that
suggests reducing conventional masking in the presence of
a wide band (bandwidth greater than a critical band) noise-
like signal which is coherently amplitude modulated
(comodulated) over the entire spectrum range covered by a
masking function. The reduction in masking has been vari-
ously reported to be between 4.0 dB to as high as 18 dB. See
Jesko L. Verhey, Torsten Dau, and Birger Kollmeier
“Within-channel cues in comodulation masking release
(CMR): Experiments and model predictions using a modu-
lation filter bank model” Journal of the Acoustical Society of
America, 106(5), p. 2733-2745.

[0070] The exact physiological phenomenaon responsible
for CMR is still being investigated by various researchers.
However, there is some evidence that CMR occurs due to a
combination of multiple factors. It has been hypothesized
that the masking release results from cues available within
a critical band and from cues generated by comparisons
across critical bands.

[0071] In audio codecs this implies that superposition of
masking does not hold in the presence of strong temporal
envelope and masking of wide band signals can be signifi-
cantly lower than the sum of masking due to individual
narrow (sub-critical) band components depending upon the
coherence of their temporal envel opes. It is tempting to think
that CMR can be accounted for through adequate temporal
shaping of the quantization noise (since the masking thresh-
old during the dips in envelope is very likely to be lower),
but experiments indicate that (the lack of) temporal shaping
of maskee does not explain all (or most) of the CMR
phenomenon. In particular masking release of about 4-8 dB
should be accounted for directly in the psychoacoustic
model.

[0072] The present psychoacoustic model works with the
short windows (substandard grouping) produced by block 10
so that some finer time variation is obtained about the
temporal envelope for the frequency components of the
critical bands (one or more isofrequency sequences formed
from the substandard grouping). In this specification, the
long windows are considered part of a standard grouping
and are associated with one or more standard time intervals,
where the isofrequency sequences encompass one or more
standard time intervals.

[0073] A CMR model is incorporated which takes into
account: (i) the effective bandwidth of the it critical band
masker (masking value), EBM defined as

(1

Vil
JEitN

1
EBM; = o Z <$ib;>

JEIN

where ¢, and ¢; are respectively the normalized temporal
envelopes of i* and h critical band maskers (a suitable value
for N is about 5); and, (ii) dip in the temporal envelope of
the masker, P (having an individual value defined for each
critical band as the peak to valley ratio between the minj-
mum and maximum of the temporal envelope of the masker
in a 20-30 msec window). Estimation for the reduced
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masking potential of the narrowband masker. 1, (CMR-
COMP) is then made as below

CMRCOMP,=~10 log, o{pMEBM, ] 12)

where N(a) is a non-linearity and the CMRCOMPI value in
(2) 1s saturated to a minimum of 0 dB (a piecewise linear
function with a linear rise for a below 0.7 and above 0.8 and
rapid rise angle of over 80° for a between 0.7 and 0.8 was
found suitable in our experiments). Therefore, each narrow-
band masker is reduced in accordance with C MRCOMP;.
Partial support for this model is based on data n Verhey et
al., supra, and is supported by listening data based on expert
listeners. The estimated CMR compensation is utilized when
combining the masking effect of multiple bands.

[0074] Basically, the masking characteristic (a predefined
masking function with a predefined domain) ordinarily
assigned to transform coefficients of the standard grouping
are weakened (with a weakener in block 32) based on the
comoadulation value, CMRCOMP,.

Bandwidth Extension

[0875] The transform coefficients from block 10 are to be
segregated into basic transform coefficients in a low-fre-
quency base band and extended transform coeflicients
located above the base band. The basic transform coeffi-
cients will be processed in a main channel as MDCT
coefficients capable of representing a signal with relatively
high fidelity (these are directly coded using either a con-
ventional perceptual coding technique or its extensions
described herein). Other parameters indicating qualities of
the extended transform coeflicients located beyond the base
band.

(0076] Harmonic analysis block 14 (shown in FIG. 3 with
an input coupled to block 10 and outputs coupled to blocks
16, 18 and 20) can detect all significant tonal components
{magnitude above average) in the ODFT representation
produced by block 10. These tonal components are further
analyzed in block 14 to determine if these fit into a harmonic
structure (the possibility of missing harmonics is allowed).
Accordingly, block 14 acts as a correlation device when
finding such harmonic structure. Accurate spectral replace-
ment (ASR) model parameter estimation block 20 and
fractal self-similarity model (FSSM) block 16 each has
inputs coupled to blocks 10, 14 and 18,

[0077] ASR/FSSM Model Configuration block 18 has an
input coupled to block 14. Block 18 can be configured
(either permanently or based on user selected parameters) to
issue control signal for specifying processing issues, such as
processing order (ASR or FSSM first), components to be
handled by ASR and F SSM, allowed number of harmonic
pattems to be coded, bandwidth extension range, etc. See
Table 1, which is discussed further hereinafter. Accordingly,
FSSM block 16 and ASR block 20 will respond to this
control signal and code accordingly the specified frequency
structures (harmonics and tones).

[0078] While the present embodiment employs both an
FSSM block 16 and ASR block 20. other embodiments may
employ only one of them.

[0079] In ASR block 20 the spectrum is segmented into
sinusoids and residual (or noise-like frequency compo-
nents). This residual is created by removing (i.e., by sub-
tracting) sinusoids directly from the complex discrete fre-
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quency representation of the audio signals from block 10.
Coeflicients for the sinusoids are coded with sub-bin accu-
racy and transmitted to the decoder.

[0080] Referring again to accurate harmonic analysis
block 14, this block identifies sinusoidal components from
the input spectrum by identifying peaks in the fine structure
of the spectral-envelope, harmonic structures present, if any,
and strong high frequency (HF) tonals from the input
spectrum produced by block 10. Identifying peaks in the fine
structure of the spectral-envelope and strong HF tonals is a
simple peak picking process. Detecting harmonic structure
is a more complex process involving identification of rel-
evant structures of sinusoids harmonically related in a way
that is tolerant to local harmonic discontinuities,. A condi-
tion for a harmonic structure to be recognized as such is that
it contains at least four sinusoids. Alternatively, strong
sinusoids not harmonically related may alse be coded ndi-
vidually in case their spectral power exceeds a fraction of the
total power of the audio signal. The results of detecting and
separating harmonics and strong tonals is graphically illus-
trated in FIG. 6 Specifically, the algorithm of block 14
identifies the envelope of the spectrum. Spectral peaks and
HF tonals are identified and a rough estimate of pitch is
predicted from the envelope. Based on the rough estimate of
pitch. harmonics with a maximum of 7 missing partials can
be identified. In the process of identifying harmonic struc-
ture, pitch value is constantly updated on a per frame basis
to match the original pitch of the spectrum.

{0081] Harmonic analysis block 14 models the input spec-
trum as a sum of harmonics plus noise-like components. The
analysis involves identifying the harmonics to be removed
from the spectrum. The analysis can be understood by
considering the underlying signal as a spectrally spaced
plurality of time-domain signals x(n) that can be viewed as
sharply distinct harmonics among other components that fit
within a smoother, almost noise-like spectrum, as follows:

xny = Z Z,-i,,l_ksin(nl b+ Z noisy_sinusoids

ny ok

where f, is the fundamental frequency and ¢, is the phase of
the k™ harmonic: and n, are the partial corresponding to a
harmonic sequence (for a non-harmonic tone only one
partial will be present). Harmonic analysis results in iden-
tification of values of A, 4. f;, and ¢,. The spectrum remain-
ing after removing the harmeonics (and in some cases the
tonal peaks) may be relatively flat and can be adequately
represented by a flat (white noise) spectrum represented by
a limited number of noise parameters indicating the enve-
lope of a flattened noise spectrum. In other cases, the
flattened spectrum will be subjected to analysis with the
FSSM model.

[0082] While the harmonic components found among the
coeficients produced by block 10 will normally be most
efficiently handled by the ASR model of block 20, the
ultimate choice of coding the harmonic structures using
either ASR or FSSM is left to the user as a configuration
parameter. If the user configures a flag in block 18 indicating
a predominant FSSM mode, the strongest of existing har-
monics structures is modeled by FSSM in a manner to be
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described presently. In the absence of this flag both harmon-
ics are modeled by the ASR algorithm of block 20.

[0083] Block 18 also assigns harmonics to the ASR block
20 and FSSM block 16 based on maximum allowable
nwnber of hanmonics to be coded through ASR block 20,
which is established either as a hard coded limit or as one
modified by a user-defined parameter. Block 18 also resolves
any overlap of frequencies between the tonals and harmon-
ics for both the channels (Left/Right) and also resolves any

overlap of frequencies between the channels’ HF and har-
monic structures.

ASR Parameter Estimation

[0084] ASR parameter estimation is performed in block
20, which generates parameters indicating the structure for
certain harmonic and tonal values that are assigned to ASR
processing by the model configuration block 18. These
synthetically generated sinusoids are removed (subtracted)
from the input spectrum of from block 19 to give a flattened
spectrum that is graphically illustrated in FIG. 7. The high
frequency tonals are also removed to further flatten the
noise/residual of the input spectrum. Parameters indicating
the foregoing harmonics and tonals (to be eventually used in
reconstructive synthesis) are quantized and coded in blocks
22 and 24.

[0085] The foregoing assumed long windows. For short
windows the tonal removal is done using a different
approach. Until the transition frame, for a short window,
tonals are removed using the parameters computed from the
previous long window frame and after the transition frame,
the tonal parameters from the from the future long window
frame are used for synthesis.

[0086] For the purpose of ASR parameter estimation. the
time-domain representation may be modeled as:

x(m = Z ZA"I asin(ng - fim + ) + Z noisy_sinusoids

nok

where x(n) is the time-domain representation of the original
signal that was analyzed during harmonic analysis; fy is the
one or more fundamental frequencies and ¢, is the phase of
the k™ harmonic; and n, are the partials corresponding, to a
harmonic sequence. Also, continuing with the time-domain
representation yields

xyn)y= ZZA"I—kSim"‘ S+ )

n Kk

where x,(n) is the proposed combination of synthetically
generated harmonics which uses parameters identified by the
harmonic analysis block 14.

[0087] Depending upon the bit rate and configuration of
the codec, the phase parameter ¢, may either not be used or
used only at the “birth” of a harmonic sequence and then
computed for the subsequent frames (e.g. long windows)
using a “harmonic continuation algorithm™. In addition,

in)=x{m)-x,(n)=Enoisy_sin usoids
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where. y(n) is the residual after the ASR parameter estima-
tion block removes harmonics ta yield a noise-like spectrum
(note. for missing partials no removal is necessary and
therefore the indicated subtraction will not actually occur).
Removal of such harmonics or strong tonals is lerein
referred to as elimination of dominant ones of the basic
transform coeflicients in the base band. The coetlicients to be
removed are selected by determining whether their magni-
tude exceeds 1o give an extent the magnitudes in predefined
neighborhoods (e.g., a predetermined number of dB greater
than the average in a predefined guard band. such as +4

kHz).

[0088] Accordingly, the ASR technique results in an
abbreviated list of parameters signitying one or more char-
acteristics of a synthetic harmonic spectrum. In order to
allow later reconstruction, each harmonic structure will be
represented by (a) a fundamental frequency existing in the
base band, the other harmonics being assumed to be integer
multiples of that fundamental frequency, (b) an optional
phase. parameter related to either the fundamental or one of
the harinonics in either the base band or the extended band,
and (c) optional magnitude information. The magnitude
information can be explicitly sent as a shape parameter
indicating the declination of the harmonics from one har-
monic to the next. Such shape is efficiently coded using
signal nommalization using a smooth spectral envelope
model that can be estimated using conventional (Linear
Predictive Coding) LPC-based techniques, cepstrum-based
techniques or other appropriate modeling techniques; and is
described by a compact set of parameters,. In some embodi-
ments no explicit magnitude information will be sent as part
of the ASR process. but some magnitude tailoring will be

accomplished as part of the MBTAC process described
below.

FSSM Parameter Estimation:

[0089] The FSSM algorithm executed in block 16 includes
a correlator categorizer and developer and is used for
extension of bandwidth for higher frequencies based on low
frequency spectrum values using the following program-
matically determined and applied estimates of dilation and
translation parameters. An introduction to the concept of
FSSM s given followed by the functional implementation of
FSSM in a BWE decoder.

[0090] The working of FSSM, described in detail. can be
mathematically represented as a summation of terms with
each having an iterative form, as indicated below:

Hup(f)=. . . EOp( . . . (EO(ECy R . . . }

Where each expansion operator EO, is assumed to have the

form:
EO;RiplN=H A plaf- ~f)

Where, «; is a dilation parameter (o;£1) and fis a frequency
translation parameter (although in some embodiments dila-
tion parameters greater than one may be employed). H; is a
high pass filter with a cut-off frequency

A AN

with fc°=fc. This sequence of nested expansion is graphically
illustrated in FIG. 8 showing how an n® composite band can
be composed by adding beyond the prior ((n-1)"™) compos-
ite band, relocated coeflicients lying in another higher band.
Specifically, these relocated coeflicients were relocated
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using an 0™ frequency scaling parameter n and an ot
frequency transiation parameter fu (i.e.. an n™ adjusted pair).
Note, the first composite band will be placed after frequency
f. and will proceed through M iterations (1e.. M adjusted
pairs and M composite bands).

[0091] Using the correlator in block 16, the values of @,
and £ are chosen to maximize the cross correlation between
FSSM-representative spectrum and the original spectrum.
Mathematically, «; and f; are chosen such that,

A=<V (/)

with these two discrete spectra being correlated through, for
example, a dot product. The correlation is maximized by
programmatically adjusting the dilation and translation
paranieters:

O F=maxeia £). Yo d fiF

Where, A is a set of possible values for dilation parameter q
and F is the set of possible values for the translation
trequency f;. For the model to be meaningtul for bandwidth
extension, the range of A and F should be restricted such that
af+>f4C, Yo, €& £EF for some suitably chosen mini-
mum extension band C.

[0092] The foregoing self similarity model coherence
maximization criterion works well in many cases. However,
in certain instances special considerations need to be taken
into account as listed below:

[0093] 1) In signals coutaining prominent harmonic
structures the maximization criterion is not the best
suited from a perceptual point of view. For such signals
the presence of a harmonic structure as well as the
fundamental frequency of the dominant hammonic can
be accurately estimated. In most cases the translation
parameter 1 best chosen as a value that ensures the
continuity of the harmonic structure and the best value
for the dilation parameter is close to unity.

[0094]  2) Because of the nature of the MDCT filterbank
fluctuation in translation parameter f, from one MDCT
frame to the next can cause aliasing distortion, an
“unsteady™ perception for the high frequency harmon-
ics may result. This is particularly true for signals for
which a strong and steady smoothing or locking mecha-
nism is necessary to avoid this problem.

[0095] After performing FSSM on the spectrum, the cross-
correlation between spectral frequencies of the original
spectrum from block 10 and the FSSM coded spectrum from
block 10 'is expected to be over a pre-defined threshold; if
not, the FSSM parameters/results for the particular frames
are discarded and the decoder generates instead synthetic
noise with its envelopes following the RMS of the coded
values. For a valid structure having valid dilation and
translation parameters, the RMS values of the spectrum may
be quantized'and coded; or the magnitude shaping task may
be left for the MBTAC processor-described below.

[0096] Accordingly, the output of block 16 is a sequence
of ordered, adjusted pairs of frequency scaling parameters @
and frequency translation parameters f; (the members 1, f, of
the first pair being referred to herein as a primary frequency
scaling parameter and a primary frequency translation
parameter). In most cases no magnitude information is
included with this FSSM data because magnitude adjust-
ment can be accomplished through the MBTAC process
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described below. However, in some instances the MBTAC
process is disabled in which case limited magnitude infor-
mation may be sent with the FSSM data. although this
magnitude information may be a coarse grouping of the
relocated upper frequency bands created by the pairs a;.f,.

[0097] These FSSM parameters are processed through
selection block 30 together with the parameters produced by
the ASR block 20 before being forwarded to block 48
(herein referred to as a former 48) where they are formatted
into an appropriate transport protocol. It will be noted that
the selection block 30 transmits the size of the extended
band with two low pass filter block 28, which eliminates any
high frequency components that are to be modeled by FSSM
or ASR.

UFB and MBTA

[0098] To perfonn the task of shaping the temporal enve-
lope of the reconstructed higher frequency components (in
those cases when it is needed) we need to examine time
trajectories of the spectral energy in multiple frequency
bands. Furthermore, these time trajectories need to be exam-
ined at a time resolution that is substantiaily higher than that
afforded by the high frequency resolution MDCT filterbank.
For accurate temporal shaping for voiced speech and
dynamic musical instruments a time resolution of 4-5 msec
(or lower) is desirable. The desired temporal shaping can be
computed by utilizing a separate higher time resolution
“Utility Filter Bank” (UFB). It is desirable for the UFB to be
a complex, over-sampled modulated filterbank because of
several desirable characteristics of such filterbanks such as
very low aliasing distortion. The magnitude of the complex
output of the filterbank provides an estimate of the instan-
taneous spectral magnitude in the corresponding frequency
band. Since UFB is not the primary coding filterbank its
output may be suitably oversampled at the desired time
resolution. Several options exist for the choice of the UFB.
These include:

[0099] (a) Discrete Fourier Transform (DFT) witha higher
time resolution (compared to MDCT): A DFT with 64-256
size power complementary window may be used in a
sequence of ovetlapping blocks (with a 50% overlap
between 2 consecutive windows)

[0100] (b) A complex modulated filterbank with sub-band
filters of the form

2 1
By = ho_ej-ﬁr(l- n

where h,, is a suitably optimized prototype filter. The DFTis
a sub-class of this type of filterbanks. The more general
framework allows for selection of longer windows (com-
pared to the down-sampling factor).

[0101] (c) A complex non-Uniform filterbank; e.g., one
with two or more uniform sections and transition filters to
link the 2 adjacent uniform sections.

[0102] The exact choice of the UFB is application depen-
dent. The complex-modulated filterbanks with a higher
over-sampling ratio offer superior performance when com-
pared to the DFT but at a cost of higher computational
complexity. The non-uniform filterbank with higher fre-
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quency resolution at lower frequencies is useful if envelope
shaping at very low frequencies (1.2 kHz and lower) is
desirable.

MBTAC

[0103] The functional requirement of MBTAC is to extract
and code the temporal envelope (or time-frequency enve-
lope) of the signal. Specifically. the signal envelope is
analyzed in multiple frequency bands using a complex
filterbank called a UFB. In a particular implementation of
UFB shown herein as block 44, the signal is filtered in 128
uniform frequency sub-bands and each sub-band analysis is
down sampled by a factor of 16.

{0104] In block 46 (which contains a categorizer and
developer, as described further hereinafter) the over sampled
signal, corresponding to a frame of input data (1024
samples) is arranged in a 2-D matrix of size 128x64 (128
frequency bands vs. 64 time samples). These 64 times
samples are subintervals of the standard time interval for an
MBCT frame (i.e.. the MDCT timeframe is 64 times
greater). Additional details regarding UFB may be obtained
from the above noted reference, Deepen Sinha, Anibal
Ferreira. and, Deep Sen “A Fractal Self-Similarity Model for
the Spectral Representation of Audio Signals,” 118t Con-
vention of the 4udio Engineering Society. May 2005, Paper
6467. It may also be noticed that due to the complex nature
of the UFB output only the first 64 of the 128 frequency
bands need to be analyzed.

[0105] The detailed time-frequency envelope generated by
this process is grouped using a combination of one or more
of the techniques described below, which constitute the
categorizer of block 46. The bit rate requirement for coding
and transmitting the (grouped) time-frequency envelope is
further reduced using the techniques described immediately
thereafter.

First Level Time-Frequency Envelope Grouping

[0106] The initial, finely partitioned. time-frequency enve-
lope is first grouped by assigning UFB sub-bands to N
critical ordered frequencies so-bands (each critical band may
be a partition using the well-known concept of Bark bands,
each containing one or more of the UFB bands). Further-
more, several adjacent time samples are grouped into a
single time slot. For the purpose of this time grouping, the
system uses either 8 or 16 adjacent UFB time samples.
Therefore, the 64 time samples in a frame get arranged into
M ordered time slots, here either 8 or 4 time slots. As an
illustrative example, assuming there are 17 critical bands
between 0 and Fs/2 (Fs being the sampling frequency) after
this level of frequency/time grouping. the result is a still
relatively fine NxM matrix of 17x8 or 17x4 RMS envelope
values (instead of a 128x64 finely detailed envelope). This
NxM matrix has a corresponding frequency index and
subinterval index and forms an NxM group index. A “base
band” envelope is also computed by averaging across the
critical bands between 1kHz and 3.5kHz. This base band
envelope may be used in a subsequent, optional grouping
technique described below (third level frequency grouping).

[0107] If no higher level of grouping is performed (i.e.
Second Level or Third Level Grouping as described below)
coefficients having the same index (from the NxM group
index) will be merged using the developer of block 46 to
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form indexed proxies signifying, for example, the average
magnitude of members of the group (an effective recoding
with a recoder).

Second Level Time-Frequency Envelope Grouping

[0108] The RMS coded time-frequency envelope after the
first level of grouping may optionally be grouped through a
second level into consolidated collections that combine
adjacent envelopes (adjacent in both time and frequency).

[0109] Time grouping is first done on each of the M time
indices, with successive time slots being grouped if the
difference between maximum-minimum RMS values in
each frequency sub-band are within a predetermined limi-
tation on magnitude variation (although sub-band to sub-
band differences may be rather large). This grouping is
performed over the time slots iteratively until reaching that
index where, the latest RMS values cause the calculated
difference between the maximum and minimum RMS values
in the growing collection of time-grouped values to exceed
a threshold in at least one frequency sub-band, in which case
this latest time slot is not added to the growing collection.
Once closed, all the time-grouped values within this collec-
tion are replaced with a single RMS averaged value, one for
each frequency sub-band.

[0110] As the time grouping above and below transition
bands might differ in the first level of grouping, based on the
preset values, the second level of grouping is done sepa-
rately above and below the transition band.

[0111] The above mentioned time grouping technique is
followed with frequency grouping. In particular all of the
time groups are evaluated to determine if all time groups can
be partitioned with the same frequency breaks to form, two
Or more common frequency groups where in each frequency
group (and in ail time groups) the difference between the
greatest and the smallest RMS value falls within a pre-
specified frequency grouping limit. As before, the averaged
RMS value of frequency groups is calculated to replace the
grouped values, which then become indexed proxies replac-
ing those of the first grouping.

[0112] This grouping is performed so that each of the
consolidated collections do not exclude any one of the
indexed proxies that intervene by aligning on a. common
row or commeon column (of the NxM group index) con-
tained in the collection. For each of the consolidated col-
lections the encoded signal will inciude information based
on the gross characteristics of the consolidated collection.

Third level Frequency Grouping

[0113] Unlike the other two grouping techniques this is
done only on frequency envelope. The technique exploits the
correlation between the frequency grouped values. The
second level of grouping encomipasses only those wave-
forms which are closer in RMS value to their neighbors; this
grouping is done depending on the correlation of grouped
frequency values. In this technique the time envelopes in
each of the higher frequency bands (critical bands or
grouped critical bands constituting higher temporal
sequences) is analyzed for closeness 1o the baseband enve-
lope (a pilot sequence having M temporally sequential
values developed from one or more of the lower ones of the
N ordered frequency sub-bands) computed in the first group-
ing. If the “shape” of the envelope is close to the shape in
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the baseband envelope., only a scaling factor is transmitted
(instead of the detailed envelope shape).

[0114] The following gives an algerithmic description of
this grouping technique and computation of the scaling
factor.

[0115] FIG. 9 illustrates two monochromatic waveforms X
and Y (two vectors, each representing a plurality of time
slots in only one respective frequency sub-band). The cri-
terion of this coding technique is to code X and a correlation
parameter ‘a’ (a scalar) into the bit-stream if and only if the
reconstructed waveform, say Z=aX, at the decoder and Y
are highty correlated else X and Y are coded separately.
Reconstruction of Y, from X and ‘a’ is done at the decoder.
In this process, the criterion of importance is a suitable value
for ‘a’ such that the distance/error in the process of recon-
struction is as small as possible.

[0116] To find a value ‘a’ such that the “distance” between
‘aX’and Y is as small as possible, following procedure is
used. Wi distance as the criterion consider X and Y
monochromatic vectors as shown in FIG. 10, Distance
between Y and ‘aX’ is given by the following separation
function:

D=tyi=ax)+(Yomax)™ . . . +(p —ax, )

To minimize the value of distance (D) with respect to ‘a’,
begin by differentiating D with respect to ‘a’ and equate it to
zero.

dD
— =2y = ax i (=x 1+ vy —anlx
da
(=202)+ o Ny, ~ ax,d = (—x,)
=0

Realigning the above equation,

oVt sowmtidn, -y,
a=

T 5
Y Aai+ o +ad

From the above calculated value of ‘a’ maximum dB dif-
ference between the original (Y) waveform and the recon-
structed waveform (Z=aX, that is, programmatic changing
of scale) is compared with a predetermined threshold and a
decision either to code and transmit as part of encoder
bitstream X and Y individually or to code only X and the
distance parameter ‘a’ is made. Coding of grouped values:

[0117] The above Time-Frequency grouped values are
efficiently coded based on a comparative analysis based on
bit demand. There are four different ways of differential
coding (recoding) the above grouped Time-Frequency enve-
lope, based on the adjacency along the ordered frequency
sub-bands and ordered time slots, defined as follows:

(a) Time-Frequency Differential Coding

[0118] In this method, every element of the two dimen-
sional matrix say, N, 418 time, frequency and time-frequency
differentially coded (i.e)

Ni‘i=Ni\i'(.N'

, ,
gt NN )
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where N;; represents the value in the Time-Frequency
matrix at 1" frequency and i time instant.

(b) Time Differential Coding

[0119] Ian this method, every element of the two dimen-
sional matrix say. N, ; is only time differentially coded (i.e)

Ni=N-N

(c) Frequency Differential Coding

[0120] In this method, every element of the two dimen-
sional matrix say, N; ; is only time differentially coded (i.e)

N=N~Niy;

(d) No Differential Coding

[0121] As the name suggests, no differential coding is
done and the individual values are quantized and Huffman
coded. .

{0122] ' All the above schemes are compared based on their
bit demiand and the one with the least bit demand is chosen
to code the Time-Frequency envelope. This coding produces
at plurality of utility coefficients signifying the magnitude
for a specific time-frequency coordinate.

[0123] The above coding scheme applies equally both for
a stereo and a mono file, the above coding schemes are
applied to individual images on a stereo file. In addition to
the above coding method stereo files are R-L diff coded, to
lower the bit demand. In a stereo file R-L diff coding is
performed first followed by any of the above coding
schemes.

[0124] R-L differential coding exploits the temporal simi-
larity of the left and right image of a stereo waveform. In this
coding technique Left and Right images are differenced and
halved and is stored as the new Left image of the stereo
audio and the Left and Right images (from the original
audio) are averaged and stored onto the Right image. See
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FIG. 10 where. X; and X; are Left and Right images of the
stereo audio. The new values of Left and Right vectors are
given in FIG. 11 where, X; and X are new images of Left
and Right channel after applying R-L differential coding.

[0125] Table 1 shows five default configurations {(modes)
controlling the assignment of tasks between the FSSM and
ASR model as well as a corresponding adjustment in the role
of the MBTAC process. It will be noted that the modes are
listed in descending transmission bit rate (second column).
Also, the top three modes (ST1 through ST3) use a band-
width expansion range that is 50% of the overall bandwidth
(half the sampling frequency f)) produced by the analysis
block 10 (FIG. 1). while the last two modes may operate
with a larger expansion range.

[0126] In mode ST1 the ASR model bandles secondary
harmonics and isolated tones. In mode ST2 the ASR model
handles tonal components. In modes ST3 and ST4, the ASR
model handles isolated tones. In mode M1 there is no ASR
model functioning. In each of these modes, components that
are not handled by the ASR model are handled by the FSSM
model.

[0127] In modes, ST1, ST3, and ST4 full MBTAC com-
pensation is provided down to the indicated frequency and
will handle both the right and left channel (full stereo). In
modes ST3 and ST4 MBTAC compensation will be pro-
vided to even lower frequencies but this compensation will
only correct the ratio (dB difference) between the right and
left channels (or equivalently the sum and difference chan-
nels often used to represent two stereo channels). In mode
ST2 essentially MBTAC compensation is absent and instead
some magnitude information is sent along with the ASR and
FSSM data indicating magnitudes at least for certain fre-
quency bands. Finaily, in monaural mode M1 the MBTAC
operates down to 2 kHz. It will be noted that bit rate options
are provided to blocks 16, 20, 44 and 46 by a user-controiled
options block 50.

TABLE 1

FSSM/ASR/MBTAC DEFAULT CONFIGURATIONS

Intended Bit Bandwidth
Mode Rate Range & Extension FSSM/ASR MBTAC/Parametric
Name Application Type Range Configuration Stereo Configuration
ST1  45-56 kbps (or 50% of FSSM for dominant Full Stereo MBTAC
higher) - bandwidth harmonic and non- from 6 kHz
Broadcast harmonic components
ASR for secondary
harmonic and isolated
tones
ST2  40-72 kbps - 50% of  ASR for all tonal Frequency shape
Low Complexity bandwidth components only
(or less)  FSSM for non-tonal
components
ST3  36-42 kbps 30% of FSSM for harmonic and Full Stereo MBTAC
bandwidth non-hammonic from 8 kHz
components Differential (stereo)
ASR for isolated tones ~ MBTAC from 2 kHz
ST4  24-36 kbps 50-75% of FSSM for harmonic and Full MBTAC starting
bandwidth non-harmonic from 4-8 kHz
components Differential MBTAC
ASR for isolated tones  starting from
250-2000 Hz
M1 12-24 kbps 75% of  FSSM for harmonic and Mono MBTAC from
(Mono) or lower bandwidth non-harmonic 2 kHz

components
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BWE Decoder

[0128] Referring to FIG. 2. this block diagram indicates an
algorithin that may be executed by various types of proces-
sors and computers. The bitstream 52 is subjected to inverse
quantization and entropy decoding in block 54 to recover
MDCT coeflicients 56. These MDCT coeflicients are also
forwarded to blocks 62, 64. and 66 together with recovered
ODFT coefficients. In some embodiments, the low pass
spectrum 56 is analyzed for harmonic structure that ought to
be removed before being passed to the FSSM process
{because a band extension model such as ASR will be
responsible for harmonic replication in the extended band).

[0129] FSSM reconstruction in block 62 is applied on a
spectrum that was flattened at the encoder (FIG. 1) by the
removal of certain harmonic components, as noted above.
On applying dilation and translation parameters wit Spec-
tral norm values. a high frequency flattened spectrum is
approximately reconstructed by the FSSM technique.

[0130] ASR reconstruction at the decoder in block 64
involves synthesizing (with a synthesizer in block 64) the
harmonic structure and high frequency tonals contained in
the encoded information from block 54. The synthesized
sinusoids are processed in block 68 (being converted from
ODFT to MDCT ) and combined in harmonization block 70
with the FSSM full band spectrum from block 62 before
being sent to summation node 58. Also, information from
decoder block 54 indicating the desired shape of a synthetic
noise spectrum is also combined n node 58 with the FSSM
and ASR components from block 70 to reconstruct the
original spectrum. In block 60 the MDCT coefficients are
mverted into a time-domain signal.

[0131] Inaddition, MBTAC parameters passed from block
54 to compensation blocks 72 and 74 (having a inserter and
restorer) ensure that the temporal envelope of the original
signal is maintained after the reconstruction from the band-
width extension technique. Adjustment of this temporal
envelope is performed in blocks 72, 74, and 76.

MDCT to ODFT Transformation

[0132] Returning again to block 54, an MDCT to ODET
transformation proceeds as follows:

[0133] The coefficients of an MDCT filter bank can be
decomposed as complex ODFT filter bank. The ODFT
representation provides magnitude and phase information.
MDCT to ODFT and ODFT 1o MDCT transformation is as
given below:

%) 2n
Xy (K)y= Z /z(nh-(n)cos[—(k +1/2)n+ng )}
n=0 N

where X, (K) is MDCT of the input sequence x(n) and h(n)
the windowing function and Ny=Y%4+N/4.
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[0134] Taking 0 <K <NI2-1 it can be shown that. X,,
(K)=9(X,, (k))eos E(K) +3(XO(K))sin O(K) where. XO(K)is
ODFT of x(n) and

n
NK) = N(K+l/2)(l +N /2

[0135]) ODFT of a sequence x(n) is defined as,

N-1 .
PP S
XolK) = Z hmxyne ™ wK+)m
=0

Similarly, a transformation of the MDCT donain to the
aliased ODFT domain can be obtained by computing:

[0136] XO (k)=2 (X (K) * cos O(K) + Xm (K) sin O(K)]
where j=V-- and

oK)= %(‘K«&-l/’.’)(‘l LN/,

Aliasing iss cancelled in the overlap-add operation fol-
lowing inverse ODFT computation:

N-i
o
xm) = Z XotK e wik¥1im
£=0

with 0<n<N-1 and XO(K)=X*(N-1-K) with O<K<N/2-1.
ASR Aunalysis:

[0137)  The purpose of this ASR analysis at the decoder js
1o create a cleaner baseband from which FSSM synthesis
described below can proceed. This aids in avoiding inter-
ference between FSSM synthesized components and ASR
synthesized components when both the models are in use.
Referring to FIG. 4, the foregoing FSSM and ASR synthesis
(blocks 62 and 64 of FIG. 2) is revised to provide more
accurate reconstruction. (Although components in FIGS. 2
and 4 having the same reference numerals have the same
structure and perform the same functions.) The incoming
MDCT components are converted in block 78 to ODFT
components and applied to the summing input of combining
node 82. Also, the ASR data from the coding block 54 is
analyzed in block 80 to determine a pattern of ODFT
components that are to be ultimately used in the ASR model
of reconstruction. The thus identified ODFT components are
applied to the subtracting input of combining node 82 to
remove from the base band harmonics and tonals that will be
processed by the ASR model. See FIG. 13. In fact this
harmonic structure is removed from the incoming spectrum
to create a flattened spectrum suitable for FSSM reconstruc-
tion. See FIG. 14.
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[0138] The content of the ODFT spectrum lock 78 may be
thought of as a signal. which if converted to the time-
domain. would be represented as follows:

Nigngrrss = Z Z A,,M.sinuu fredr+ Znoisy_sinusoids

ny k=12

where, Xlo.pss is the lowpass, time-domain signal of
interest and nlK,/2<fo Vn.K.. ASR processing in block
80 involves identifying the values of An K,, ni and K,.
Also, ft in the above inequality is the cut-off frequency of
the spectrum. Upon identifying the harmonics, node 82
eliminates the harmonics in order to smooth the spectrum
to one suitable for FSSM processing. In the time-domain,
this smoothing process can be considered

Yimpasst) = Nowpasst?) = Z Z An,.kSin(”l e i)
ny k=12

= Z noisy_sinusoids

After this smoothing process, the ODFT components are
converted back to MDCT components in block 84. FSSM
Reconstruction:

[0139] The flattened low pass spectrum is now extended
using FSSM’s adjusted pairs of dilation and translation
parameters, 1, fi, which were extracted from the bitstream in
decoder block 54 and sent to FSSM synthesizer block 86,
which includes a relocator. The concept of reconstruction of
FSSM from a low band signal is illustrated in FIG. 8.

[0140] Specifically, the spectral components in the MDCT
base band are multiplied by a first dilation (frequency
scaling) parameter 1 and then shifted by a first frequency
translation parameter f,. All relocated components (such
relocated components being referred to as altered coefl-
cients were altered primary coefficients) that fall beyond the
base band are used to create a first FSSM reconstructed
sub-band, which is added to the base band to form a first
composite band. This first composite band is then subjected
to a second dilation parameter 2 before being shifted by a
second frequency translation parameter f,. All components
relocated thereby (by the relocator) that fall beyond the first
composite band are used to create a second FSSM recon-
structed sub-band; which is added to the first composite
band to form a second composite band. This process is
repeated iteratively for all remaining adjusted pairs of dila-
tion parameter and frequency translation parameters to cre-
ate the FSSM extended band through a growing sequence of
composite bands.

[0141] After FSSM reconstruction, high band frequencies
are normalized coded to maintain the temporal envelope of
the original flattened spectrum.

[0142] ASR Synthesis:

[0143] To reconstruct the original spectrum, the flattened
full band signal from block 86 must be supplemented with
harmonics and HF tonals, which were ASR coded at the
encoder. ASR synthesis proceeds by using the information in
the incoming encoded signal that signifies one or more
fundamental frequencies and, where applicable, a phase

OMNTNOFAALIRAT | >

Oct. 11,2007

signal. Specifically, fundamentals are identified by ASR
information that is sent from block 54 to block 88, with the
actual ODFT representation of that fundamental being sent
from block 78 to block 88.

[0144] Each such fundamenta] frequency is multiplied in
frequency by all the integers between a start and a stop
integer to construct harmonics in the extended band (that is,
synthesize harmonically related transform coefficients based
on the harmonic parameters relayed from block 54). Since
ASR works with ODFT components, phasing information is
included to maintain proper phasing from harmonic to
harmonic. In some cases the incoming encoded signal also
includes information about a single tonal (essentially a
single sinusoid without harmonics).

[0145] Insomeembodiments the incoming encoded signal
includes magnitude information that is used to adjust the
magnitude of the synthesized harmonics. In other embodi-
ments, however, no magnitude adjustment is performed
except for such adjustment that may be performed in the
MBTAC process described hereinafter.

[0146] The phase continuity of the tonals/partials is
ensured by maintaining the phase of the tonal in co-ordina-
tion with previous frame’s phase, if any were present, else,
a null value is assigned to that particular phase value of the
tonal. Using a time-domain representation, the signal may be
deemed:

x(n)y = Z Z Anl ksin(ng - firr + "Ppr(vnlkllauls)
ny ok

(in case of non-harmonic tonals only the first partial corre-
sponding to n,=1 will be synthesized where, ¢ e n,xtonats is
expressed as a function of the tonal’s frequency value to take
care of the phase continuity from the previous tonal values.

[0147] All the ODFT components produced by block 88
are converted in that block to MDCT components which are
then combined with the FSSM model components from
block 86 before being forwarded to block 60 where they are
converted from MDCT components to the time domain.

MBTAC Decoder:

[0148] Essentially, the MDCT components from block 88
may be considered to have high frequency resolution but its
frequencies correspond to a relatively long standard time
interval. For the application of MBTAC a higher time
resolution is necessary. Therefore, the time domain signal
from block 60 is processed by the UFB of block 72 into a
number of local coefficients in the time-frequency plane 10
create a time-frequency matrix that is as fine as the matrix
that was created by the encoder UFB analysis.

[0149] Desired RMS values of the time-frequency
grouped UFB output samples are calculated from the log
quantized MBTAC RMS parameters in the incoming
encoded signal. Inverse differential coding based on the
method chosen at the encoder is done. Inverse R-L differ-
ential coding is applied for a stereo signal to recover the R
and L RMS values.

[0150] Inverse correlation coding is then performed at the
decoder to reverse the third level of frequency grouping (in
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case this was done at the encoder). This is performed by first
computing the pilot sequence envelope information trom the
UFB sub-bands which correspond to the baseband and then
determining the corresponding higher frequency envelope
by scaling the pilot sequence envelop with the transmitted
distance parameters as described above (employing the
above noted inserter and restorer). After this is done an
inversion of the second leve] of Time-Frequency grouping,
described above is done to fill all Time-Frequency bands.
The purpose of this inversion is generate a set of NxM target
RMS values for the UFB samples. The partitioning NxM is
identical to the partitioning used by the encoder MBATC
processor after first level of grouping. Since due to the
second-level of grouping only a reduced number of RMS
values were coded and transmitted to the decoder (and made
available to block 74 by block 54), these values are then
mapped to the original NxM grid to determine the desired
RMS value at each of these grid point.

[0151] The ratio of the desired block RMS computed
above and that of the reconstructed spectrum for every
time-frequency block (i.e. each point of the NxM grid) is
then computed in block 74 and used to scale the complex
reconstructed time-frequency UFB samples for that time-
frequency block. This ensures, that the envelope of the
original spectrum is restored (using the above mentioned
restorer) to desired accuracy. The above spectrum is then
UFB synthesized in block 76 to regain the time domain
signals.

[0152] After these components are adjusted by the
MBTAC pracess, the components of the base band and the
extended band are now inverted in block 76 to produce the
final corrected time-domain signal,

[0153) Obviously, many modifications and variations of
the present invention are possible in light of the above
teachings. It is therefore to be understood that within the
scope of the appended claims, the invention may be prac-
ticed otherwise than as specificaily described

1. A method for encoding an audio signal, the method
comprising the steps of:

transforming the audio signal into a discrete plurality of
{a) basic transform coeflicients corresponding to basic
spectral components Iocated in a base band and (b)
extended transform coefficients corresponding to com-
ponents located beyond the base band;

correlating that is (i) based on at least some of the basic
transform coeflicients and at least some of the extended
transform comiponents and (it} performed by program-
matically determining and applying a primary fre-
quency scaling parameter and a primary frequency
translation parameter to form a revised relation
between the basic transform coefficients and extended

transform coefficients that increases their correlation;
and

forming an encoded signal based on the basic transform
coefficients, the primary frequency scaling parameter
and the primary frequency translation parameter.
2. A method according to claim 1 wherein the step of
transforming the audio signal employs MDCT.
3. A method according to claim 1 wherein the step of
transforming the audio signal employs MDCT and DFT.
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4. A method according to claim 4 wherein the step of
correlating is performed by:

composing a 1 composite band by combining the basic
transform  coefficients with relocated coeflicients
formed by mapping with the 1 adjusted pair from the
base band into another band located between the base
band’s upper limit and its image. said image formed
using the primary adjusted pair: and

starting with n=2, iteratively:

(a) sequentially adjusting an n® frequency scaling param-
eter and an p™ frequency translation parameter in a
predetermined manner and selecting an n® adjusted
pair of them that causes the highest correlation, the
(ll}l—l) frequency translation parameter exceeding the
n frequency translation parameter; and

(b) composing an n' composite band by combining the
(n-1)" composite band with relocated coeflicients
fornied by mapping with the nt* adjusted pair from the
(n-1)™ composite band into another band located
between the (n~]1)™ composite band’s upper limit and
its image, formed using the n* adjusted pair.

5. A method according to claim 4 wherein the iterative
steps of adjusting and composing are terminated after con-
posing the M™ composite band, the step of forming an
encoded signal is performed by including the 1% throy oh M
adjusted pairs.

6. A method according to claim | wherein the step of
carrelating is performed after eliminating from the correla-
tion dominant ones of the basic transform coefficients hav-
g a magnitude exceeding to a given extent magnitudes in
neighborhoods that are predefined for each of said dominant
ones.

7. An encoder for encoding an audio signal including a
Processor comprising:

a transform for transforming the audio signal into a
discrete plurality of (a) basic transform coefficients
corresponding to basic spectral components located in
a base band and (b) extended transform coeflicients
corresponding to components located beyond the base
band;

a correlator for providing a correlation that is (i) based on
at least some of the basic transform coefficients and at
least some of the extended transform components and
(ii) performed by programumatically determining and
applying a primary frequency scaling parameter and a
primary frequency translation parameter to form a
revised relation between the basic transform coeffi-
cients and extended transform coefficients that
increases their correlation; and

a former for fonming an encoded signal based on the basic
transform coeflicients, the primary frequency scaling
parameter and the primary frequency translation
parameter.

8. An encoder according to claim 7 wherein the basic
transform coefficients are grouped into a plurality of sub-
bands with members of each sub-band being assigned a
corresponding representative coefficient that is included as a
group substitute in said encoded signal to reduce its coef-
ficient count.

9. An encoder according 10 claim 7 wherein the transform
is operable to transforn the audio signal with MDCT.
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10. An encoder according to claim 7 wherein the trans-
form is operable to transform the audio signal with MDCT
and DFT.

11. An encoder according to claim 7 wherein the correla-
tor is operable to sequentially adjusting the primary fre-
quency scaling parameter and the primary frequency trans-
lation parameter in a predetermined manner and select a 1*
adjusted pair of them that causes the highest correlation.

12. An encoder according to claim 11 wherein the corr-
elator is operable to compose a 1¥' composite band by
combining the basic transform coeflicients with relocated
coefficients formed by mapping with the 1°* adjusted pair
from the base band-into another band located between the
base band’s upper limit and its image, said image formed
using the primary adjusted pair, the correlator being further
operable, starting, with n=2, to iteratively:

(a) sequentially adjust an n™ frequency scaling parameter

and an n* frequency translation parameter in a prede-
termined manner and select an n™ adjusted pair of them
that causes the highest correlation, the -1 fre-
quency translation parameter exceeding the n® fre-
quency translation parameter; and

(b) compose an o™ composite band by combining the

" (n-1) composite band with relocated coefficients
formed by mapping with the n* adjusted pair from the
(n-1)"® composite band into another band located
between the (n-1)* composite band’s upper limit and
its image, formed using the n™ adjusted pair.

13. An encoder according to claim 7 wherein the correla-
tor is operable to correlate after eliminating dominant ones
of the basic transform coefficients having a magnitude
exceeding to a given extent magnitudes in neighborhoods
that are predefined for each of said dominant ones.

14. An encoder according to claim 7 wherein the trans-
form is operable to provide the basic and extended transform
coefficients with some corresponding to one or more stan-
dard time intervals and others individually corresponding to
one of a plurality of subintervals within said one or more
standard time intervals, the encoded signal including a
plurality of utility coefficients associated with the plurality
of subintervals.

15. An encoder according to claim 14 wherein said utility
coefficients are considered a fine matrix whose rows and
columns are finely indexed by a frequency index and a
subinterval index, the encoder comprising:

a categorizer for categorizing each element of said fine
matrix into one of N ordered frequency sub-bands and
one-of M ordered time slots to non-exclusively form an
NxM group index for each element of said fine matrix;
and

a developer for developing a plurality of indexed proxies
by merging those elements of said fine matrix that
match under the NxM group index, said encoded signal
including information based on said indexed plurality
of proxies.

16. A method for decoding a compressed audio signal
signifying (a) basic transform coefficients of basic spectral
components derived from a base band, (b) one or more
frequency scaling parameters, and () one or more frequency
translation parameters, the method comprising the steps of:

applying the one or more frequency scaling parameters
and the one or more frequency translation parameters to
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the basic transform coefficients to provide a plurality of
altered primary coefficients having altered spectral sig-
nificance; and

inverting the basic transform coeflicients and the altered
primary coefficients to form a time-domain signal.
17. A method according to claim 16 wherein the one or
more frequency scaling parameters. and the one or more
frequency translation parameters form M adjusted pairs that
are ordered, the step of applying parameters being per-
formed by:

applying the 15 of the M adjusted pairs to the basic
transform coeflicients to produce the altered primary
coeficients, and combining the basic transform coef-
ficients with the altered primary coefiicients to produce
a 1* composite band: and

starting with n=2, iteratively applying an n™* adjusted pair
to the (n—1)™ composite band and combining the results

lying above the (n~1)™ composite band with the (n-1)*

composite band to form an n™ composite band.

18. A method according to claim 16 wherein the basic
transform coefficents correspond to one or more standard
time intervals, said compressed audio signal comprising a
plurality of utility coefficients individually corresponding to
one of a plurality of subintervals of said ome or more
standard time intervals, the method comprising the steps of:

transforming the time-domain signal into a frequency
domain to obtain a discrete plurality of local coeffi-
cients individually assigned to a plurality of successive
time slots corresponding in duration to the plurality of
subintervals;

resealing the plurality of local coefficients using the utility
coefficients from the compressed audio signal; and

inverting the rescaled, discrete plurality of local coeffi-

cients into a corrected audio signal in the time-domain.

19. A decoder for decoding a compressed audio signal

signifying (a) basic transform coefficients of basic spectral

components derived from a base band, (b) one or more

frequency scaling parameters, and (c) one or more frequency
translation parameters, the decoder comprising:

a relocator for applying the one or more frequency scaling
parameters and the one or more frequency translation
parameters to the basic transform coefficients to pro-
vide a plurality of altered primary coefficients having
altered spectral significance; and

an inverter for inverting the basic transform coefficients
and the altered primary coefficients to form a time-
domain signal.

20. A decoder according to claim 19 wherein the one or
more frequency scaling parameters, and the one or more
frequency translation parameters form M adjusted pairs that
are ordered, the relocator being, operable to applying the 1=
of the M adjusted pairs to the basic transform coeflicients to
produce the altered primary coefficients, and to combine the
basic transform coefficients with the primary altered coef-
ficients to produce a 1% composite band, the relocator being
operable, starting with n=2, to iteratively apply an n™
adjusted pair to the (n-1)™ composite band and combine the
results lying above the (n-1)® composite band with the
(n-1)" composite band to form an n composite band.
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21. A decoder according to claim 19 wherein the basic
transform coefficents correspond to one or more standard
time intervals. said compressed audio signal comprising a
plurality of utility coeflicients individually corresponding to
one of a phirality of subintervals of said one or more
standard time intervals, the decoder comprising:

a transform for transforming the time-domain signal into
a frequency domain to obtain a discrete plurality of
local coefficients individually assigned to a plurality of
successive time slots corresponding in duration to the
plurality of subintervals:

a rescaler for resealing the plurality of local coefficients
using the utility coeflicients from the compressed audio
signal, the inverter being operable to invert the res-
caled. discrete plurality of local coefficients mto a
corrected audio signal in the time-domain.

22. Adecoder according to claim 21 wherein said plurality
of subintervals are indexed under an NxM group index
signifying indexing according to N ordered frequency sub-
bands and M ordered time slots.

23. A method for encoding an audio signal, the method
comprising the steps of:

transforming the audio signal into a discrete plurality of
primary transform coefficients corresponding to spec-
tral components located in a designated band,

correlating based on a correspondence between at least
some of the primary transform coefficients and pro-
grammatically synthesized data corresponding to a
synthetic harmonic or individual sinusoids spectrum
comprising any combination of one or more harmonic
pattermns and one or more individual sinusoids; and

forming an encoded signal based on at least some of the
primary transform coetficients, and one or more har-
monic parameters signifying one or more characteris-
tics of the synthetic harmonic or individual sinusoids
spectrum.

24. Amethod according to claim 23 wherein said encoded
signal does not include those ones of the primary transform
coeflicients that correspond to components of the synthetic
harmonic spectrum.

25. Amethod according to claim 24 wherein said encoded
signal includes one or more noise parameters signifying a
flattened spectrum produced by eliminating from the
encoded signal those ones of the primary transform coeffi-
cients that correspond to components of the synthetic har-
monic spectrum.

26. A method according to claim 23 wherein the step of
transforming is performed by

transforming the audio signal into (a) a discrete plurality
of basic transform coefficients corresponding to basic
spectral components located in a base band, and (b)
extended transform coeflicients located beyond the
base band, the step of correlating primary coefficients
being performed by

correlating the extended transform caeflicients to pro-
grammatically synthesized data corresponding to a
synthetic harmonic spectrum, the encoded signal

including at least some of the basic transform coeffi-
cients.
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27. A method according to claim 26 comprising the step
of:

removing those ones of the extended transform coefli-
cients that correspond to components of a synthetic
harmonic or individual sinusoids spectrum comprising
any combination of one or more harmonic pattems and
one or more individual sinusoids to establish a flattened
spectrum.

28. A method according 1o claim 27 wherein said encoded
signal includes one or more noise parameters signifying the
flattened spectrum.

29. A method according to claim 27 comprising the step
of:

correlating at least some of the basic transform coefli-
cients to at least some of the extended transtorm
coefficients by programmatically determining and
applying a primary frequency scaling parameter and a
primary frequency translation parameter to recast the
relation between basic transform coeflicients and
extended transform coeflicients and increase their cor-
relation, the encoded signal including the primary
frequency scaling parameter and the primary frequency
translation parameter.

30. A method according to claim 29 wherein the step of
correlating basic transform coeflicients is performed after
eliminating dominant ones of the basic transform coeffi-
cients having a magnitude exceeding to a given extent
magnitudes in neighborhoods that are predefined of each of
said dominant ones.

31. A method according to claim 29 wherein the step of
correlating basic components is performed by:

composing a 1*' composite band by combining the basic
transform coeflicients with relocated coefficients
formed by mapping with the 1% adjusted pair from the
base band into another band located between the base
band’s upper limit and its image, said image formed
using the primary adjusted pair; and

starting with n=2, iteratively:

(a) sequentially adjusting an n™ frequency scaling param-
eter and an n™ frequency translation parameter in a
predetermined manner and selecting an n® adjusted
pair of them that causes the highest correlation, the
(n-1)" frequency translation parameter exceeding the
u frequency translation parameter; and

) composing an o™ composite band by combining the
(n~1)" composite band with relocated coefficients
formed by mapping with the n adjusted pair from the
(0~1i)h composite band imto another band located
between the (n-1)" composite band’s upper limit and
its image, formed using the n® adjusted pair.

32. An encoder for encoding an audio signal comprising;:

a transform for transforming the audio signal into a
discrete plurality of primary transform coefficients cor-

responding to spectral components located in a desig-
nated band; :

a correlation device for correlating based on a correspon-
dence between at least some of the primary transform
coeflicients and programmatically synthesized data
corresponding to a synthetic harmonic spectrum; and
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a former for forming an encoded signal based on at least
some of the primary transform coeflicients, and one or
more harmonic parameters signifying one or more
characteristics of the synthetic harmonic spectrum.

33. An encoder according to claim 32 wherein the primary
transform coeflicients are grouped into a plurality of sub-
bands with members of each sub-band being assigned a
corresponding representative coefficient that is included as a
group substitute in said encoded signal to reduce its coef-
ficient count.

34. An encoder according to claim 32 wherein said
synthetic harmonic spectrum comprises at least two distinct
harmonic patterns.

35. An encoder according to claim 32 wherein said
encoded signal does not include those ones of the primary
transform coeflicients that correspond to components of the
synthetic harmonic spectrum.

36. An encoder according to claim 35 wherein said form
is operable to form said encoded signal to include one or
more noise parameters signifying a flattened spectrum pro-
duced by eliminating from the encoded signal those ones of
the primary transform coefficients that correspond to com-
ponents of the synthetic harmonic spectrum.

37. An encoder according to claim 32 wherein the trans-
form is operable to transform the audio signal into (a) a
discrete plurality of basic transform coefficients correspond-
ing to basic spectral components located in a base band, and
(b) extended transform coefficients located beyond the base
band, the correlator being operable to correlate the extended
transform coefficients to programmatically synthesized data
corresponding to a synthetic harmonic spectrum, former
being operable to include in the encoded signal at least some
of the basic transform coeflicients.

38. An encoder according to claim 37 wherein said
synthetic harmonic spectrum comprises at least two distinct
harmonic patterns.

39. An encoder according to claim 37 wherein the former
is operable to remove those ones of the extended transform
coefficients that correspond to components of the synthetic
harmonic spectrum to establish a flattened spectrum.

40. An encoder according to claim 39 wherein said former
is operable to include in the encoded signal one or more
noise parameters signifying the flattened spectrum.

41. An encoder according to claim 39 comprising:

a cormelator for correlating at least some of the basic
transform coefficients to at least some of the extended
transform coefficients by programmatically determin-
ing and applying a primary frequency scaling param-
eter and a primary frequency translation parameter to
recast the relation between basic transform coeflicients
and extended transform coefficients and increase their
correlation, said former being operable to include in the
encoded signal the primary frequency scaling param-
eter and the primary frequency translation parameter.

42. An encoder according to claim 41 wherein the corre-

lation device is operable to correlate after eliminating domi-
nant ones of the basic transform coefficients having a
magnitude exceeding to a given extent magnitudes in neigh-
borhoods that are predefined for each of said dominant ones.
43. An encoder according to claim 41 wherein the corre-
lation device is operable to correlate by sequentially adjust-
ing the primary frequency scaling parameter and the primary
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frequency translation parameter in a predetermined manner
and selecting a 1% adjusted pair of them that causes the
highest correlation.

44. An encoder according to claim 43 wherein the corre-
lation device is operable to compose a | st composite band
by combining the basic transtorm coeflicients with relocated
coefficients formed by mapping with the 1¥ adjusted pair
from the base band into another band located between the
base band’s upper limit and its image, said image formed
using the primary adjusted pair. the correlation device being
operable, starting with n=2. to iteratively:

(a) sequentially adjust an n frequency scaling parameter
and an n™® frequency translation parameter in a prede-
termined manner and select an n™ adjusted pair of them
that causes the highest correlation, the (n-1 ) fre-
quency translation parameter exceeding the n™ fre-
quency trapslation parameter: and

(b) compose an n® composite band by combining the
(n-1) composite band with relocated coefficients
formed by mapping with the n™ adjusted pair from the
(n-1)* composite band into another band located
between the (n-1)® composite band’s upper limit and
its image, formed using the n™ adjusted pair.

45. An encoder according to claim 32 wherein the trans-
form is operable to provide the primary transform coetli-
cients with some corresponding to one or more standard
time intervals and others individually corresponding to one
of a plurality of subintervals within said one or more
standard time intervals, the former being operable to include
in the encoded signal a plurality of utility coefficients
associated with the plurality of subintervals.

46. An encoder according to claim 45 wherein said utility
coefficients are considered a fine matrix whose rows and
columns are finely indexed by a frequency index and a
subinterval index, the encoder comprising:

a categorizer for categorizing each element of said fine
matrix into one of N ordered frequency sub-bands and
one of M ordered time slots to non-exclusively form an
NxM group index for each element of said fine matrix:
and

a developer for developing a plurality of indexed proxies
by merging those elements of said fine matrix that
match under the NxM group index, said encoded signal
including information based on said indexed plurality
of proxies.

47. A method for decoding a compressed audio signal
signifying (a) a plurality of basic transform coefficients
corresponding to basic spectral components located in a base
band, and (b) one or more harmonic parameters signifying
one or more characteristics of a synthetic harmonic or
individual sinusoids spectrum comprising any combination
of one or more harmonic patterns and one or more individual
sinusoids, the method comprising the steps of:

synthesizing one or more harmonically related transform
coeflicients based on the one or more harmonic param-
eters; and

inverting the basic transform coefficients and the one or

more harmonically-related transform coefficients into a
time-domain signal.

48. A method according to claim 47, wherein the com-

pressed audio signal includes one or more frequency scaling
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parameters, and one or more frequency translation param-
eters. the method comprising the step of:

applying the one or more frequency scaling parameters
and the one or more frequency translation parameters to
the basic transform coeflicients to provide a plurality of
altered primary coefficients having altered spectral sig-
nificance, the step of inverting being performed by
mcluding the altered primary coeflicients when form-

ing the time-domain signal.
49. A method according to claim 48 wherein the one or
more frequency scaling parameters, and the one or more
frequency translation parameters form M adjusted pairs that

are ordered, the step of applying parameters being per-
formed by:

applying a 1 adjusted pair to the basic transform coef-
ficients to provide the primary altered coefficients, and
combining the basic transform coeflicients with the
primary altered coeflicients to produce a 1** composite
band; and

starting with n=2, jteratively applying an n* adjusted pair
to the (n~1)™ composite band and combining the results
lying above the (n-1)™ composite band with the (n-i )t
composite band to form an nt composite band.

56. A method according to claim 47 wherein the basic
transform coefficents correspond to one or more standard
time intervals, said compressed signal comprising a plurality
of utility coefficients individually corresponding to one of a
plurality of subintervals of sajd one or more standard time
intervals, the method comprising the steps of:

transforming the time-domain signal into a frequency
domain to obtain a discrete plurality of local coeffi-
cients individually assigned 1o a plurality of successive
time slots corresponding in duration to the plurality of
subintervals:

resealing the plurality of local coefficients using the utility
coeflicients from the compressed andio signal; and

nverting the rescaled, discrete plurality of local coeffi-
cients into a corrected audio signal in the time-domain.
$1.- A decoder for decoding a compressed audio signal
signifying (a) a plurality of basic transform coefficients
corresponding to basic spectral components located in abase
band, and (b) one or more harmonic parameters signifying
one or more characteristics of a synthetic harmonic or
individual sinusoids spectrum comprising any combination
of one or more harmonic patterns and one or more individual
sinusoids, the decoder comprising:

a synthesizer for synthesizing one or more harmonically
related transform coefficients based on the one or more
harmonic parameters; and

an inverter for inverting the basic transform coefficients
and the one or more harmonically related transform
coefficients into a time-domain signal.
52. A method for encoding an audio signal, the method
comprising the steps of:

transforming the audio signal into a discrete plurality of
transform coefficients corresponding to spectral com-
ponents located in a designated band, some of the
transform coeflicients corresponding to one or more
standard time intervals and others individually corre-
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sponding to one of a plurality of subintervals within
said one or more standard time intervals;

forming an encoded signal based on (a) the plurality of
transform coeflicients associated with the one or more
standard time intervals, and (b) magnitude information
based on the plurality of transform coeflicients assaci-
ated with the plurality of subintervals.

53. A methad according to claim 51 wherein said trans-
form coeflicients corresponding to one of a plurality of
subintervals are considered a fine matrix whose rows and
columans are finely indexed by a frequency index and a
subinterval index. the method including the step of:

categorizing each element of said fine matrix into one of
N ordered frequency sub-bands and one of M ordered
time slots to non-exclusively form an NxM group index
for each element of said fine matrix; and

developing a plurality of indexed proxies by merging
those elements of said fine matrix that match under the
NxM group index. said encoded signal including infor-
mation based on said indexed plurality of proxies.
54. A method according to claim 52 comprising the step
of:

recoding one or more selections from said plurality of
indexed proxies by substituting a value corresponding
to a difference between said one or more selections and
one or more corresponding adjacent ones of said
indexed proxies, adjacency occurring when a pair of
indexed proxies separately occupy either (a) an imme-
diately succeeding pair of the N ordered frequency
sub-bands or (b) an immediately succeeding pair of
said M ordered time slots.

55. A method according to claim 52 comprising the step
of:

recoding a selection from said plurality of indexed proxies
by substituting a value corresponding to a difference
between said selection and a corresponding adjacent
pair of said indexed proxies, said adjacent pair sepa-
rately occupying relative to said selection (3) an imme-
diately preceding one of the N ordered frequency
sub-bands, and (b) an immediately preceding one of
said M ordered time slots.

- 56. A method according to claim 52 comprising the step
of:

forming one or more consolidated collections from said
plurality of indexed proxies, each of the consolidated
collections being populated with selected ones of the
indexed proxies that together satisfy a predetermined
limitation on magnitude variation, each consolidated
collection that includes a distinct pair of the dexed
proxies will not exclude any intervening one of the
indexed proxies that intervene by aligning between the
distinct pair by lying on either a common row or
common column of the NxM group index, said
encoded signal including information based on gross
characteristics of the one or more consolidated collec-
tions.

$7. A method according to claim 52 comprising the step
of:

developing from a predetermined number of the lowest
ones of the N ordered frequency sub-bands a pilot
sequence having M temporally sequential values rep-
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resentative of the M ordered time slots among the
predetermined number: and

correlating the pilot sequence with higher temporal
sequences presented by the M ordered time slots for
each of the N ordered frequency sub-bands that are
beyond the predetermined number, said encoded signal
including information based on results of the step of
correlating the pilot sequence.

58. A method according to claim 56 wherein the step of

correlating the pilot sequence is performed by

pairing the pilot sequence and each of the higher temporal
sequences and for each pair: (a) progranumatically
changing scaling between them, and (b) evaluating
them with a separation function to determine whether
pair correlation reaches a predetermined threshold
before including information on the pair correlation in
the encoded signal.

59. An encoder for encoding an audio signal, comprising:

a transform for transforming the audio signal into a
discrete plurality of transform coeflicients correspond-
ing to spectral components located in a designated
band. some of the transform coefficients corresponding
to one or more standard time intervals and others
individually corresponding to one of a plurality of
subintervals within said one or more standard time
intervals: '

a former for forming an encoded signal based on (a) the
plurality of transform coefficients associated with the
one or more standard time intervals, and (b) magnitude
information based on the plurality of transform coef-
ficients associated with the plurality of subintervals.

60. An encoder according to claim 58 wherein said

transform coeflicients corresponding to one of a plurality of
subintervals are considered a fine matrix whose rows and
columns are finely indexed by a frequency index and a
subinterval index, the encoder comprising:

a categorizer for categorizing each element of said fine
matrix into one of N ordered frequency sub-bands and
one of M ordered time slots to non-exclusively form an
NxM group index for each element of said fine matrix;
and

a developer for developing a plurality of indexed proxies
by merging those elements of said fine matrix that
match under the NxM group index, said encoded signal
including information based on said indexed plurality
of proxies.

61. An encoder according to claim 59 comprising:

a recoder for recoding one or more selections from said
plurality of indexed proxies by substituting a value
corresponding to a difference between said one or more
selections and one or more corresponding adjacent ones
of said indexed proxies, adjacency occurring when a
pair of indexed proxies separately occupy either (a) an
immediately succeeding pair of the N ordered fre-
quency sub-bands or (b) an immediately succeeding
pair of said M ordered time slots.

62. An encoder according to claim 59 comprising:

a recoder for recoding a selection from said plurality of
indexed proxies by substituting a value corresponding
1o a difference between said selection and a correspond-
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ing adjacent pair of said indexed proxies, said adjacent
pair separately occupying relative to said selection (a)
an immediately preceding one of the N ordered fre-
quency sub-bands. and (b) an immediately preceding
one of said M ordered time slots.

63. An encoder according to claim 59 comprising:

a former for fonning one or more consolidated collections
from said plurality of indexed proxies. each of the
consolidated collections being populated with selected
ones of the indexed proxies that together satisfy a
predetermined limitation on magnitude variation, each
consolidated collection that includes a distinct pair of
the indexed proxies will not exclude any interveming
one of the indexed proxies that intervene by aligning
between the distinct pair by lying on either a common
row or common column of the N x M group index, said
encoded signal including information based on gross
characteristics of the one or more consolidated collec-
tions.

64. An encoder according to claim 59 comprising:

a developer for developing from a predetermined number
of the lowest ones of the N ordered frequency sub-
bands a pilot sequence having M temporally sequential
values representative of the M ordered time slots
among the predetermined number: and

a correlator for correlating the pilot sequence with higher
temporal sequences presented by the M ordered time
slots for each of the N ordered frequency sub-bands
that are beyond the predetermined number, said
encoded signal including information based on results
of the step of correlating the pilot sequence.

65. An encoder according to claim 63 wherein the corr-
elator is operable to pair the pilot sequence and each of the
higher temporal sequences and for each pair: (a) program-
matically change scaling between them, and (b) evaluate
them with a separation function to determine whether pair
correlation reaches a predetermined threshold before includ-
ing information on the pair correlation in the encoded signal.

66. A method for processing a decompressed audio signal
obtained from a discrete plurality of transform coefficients
corresponding to one or more standard time intervals, using
magnitude information based on a plurality of transform
coefficients corresponding to one of a plurality of subinter-
vals of said one or more standard time intervals, the method
comprising the steps of:

inverting the discrete plurality of transform coeflicients
associated with the one or more standard time intervals
into a first time-domain signal;

successively transforming the first time-domain signal
into a frequency domain to obtain a discrete plurality of
Jocal coefficients individually assigned to a plurality of
successive time slots corresponding in duration to the
plurality of subintervals;

resealing the plurality of local coefficients using from the
compressed audio signal the transform coefficients
associated with the plurality of subintervals; and

inverting the discrete plurality of local coefficients into a
corrected time-domain signal.

67. A method according to claim 65 wherein said plurality

of subintervals are indexed under an NxM group index
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signifying indexing according to N ordered frequency sub-
bands and M ordered time slots.

68. A method according to claim 65 wherejn the encoded
signal incjudes a pilot sequence having M temporal sequen-
tial values that are representative of M ordered time slots,
the method comprising the step of:

populating positions of said NxM group index by insert-
ing in each of a plurality of its N ordered frequency
sub-bands a corresponding  replica of said pilot
sequence.
69. A method according to claim 66 wherein one or more
of said plurality of subintervals are designated as recoded,
the method comprising the step of:

. restoring recoded ones of said subintervals by substituting
a value corresponding to a summation between each of
the recoded ones and one or more adjacent ones of
subintervals, adjacency occwrring when a pair of sub-
intervals separately occupy either (a) an immediately
succeeding pair of the N ordered frequency sub-bands
or (b) an immediately succeeding pair of said M
ordered time slots.

70. A method according to claim 65 wherein one or more
of said plurality of subintervals are designated as recoded.,
the method comprising the step of:

restoring recoded ones of said subintervals by substituting
a value corresponding to a summation between each of
the recoded ones and a corresponding adjacent pair of
subintervals, said adjacent pair separately occupying
relative to each recoded one (a) an immediately pre-
ceding one of the N ordered frequency sub-bands, and
(b) an immediately preceding one of said M ordered
time slots.

71. A decoding accessory for processing a decompressed
audio signal obtained from a discrete plurality of transform
coefficients corresponding to one or more standard time

’ intervals, using magnitude information based on a plurality
of transform coeflicients corresponding to one of a plurality
of subintervals of said one or more standard time intervals,
the accessory comprising:

a first inverter for inverting the discrete plurality of
transform coeflicients associated with the one or more
standard time intervals into a first time-domain signal;

a transform for successively transforming the first time-
domain signal into a frequency domain to obtain a
discrete plurality of local coefficients individually
assigned to a plurality of successive time slots corre-
sponding in duration to the plurality of subintervals;

a rescaler for resealing the plurality of local coefficients
using from the compressed audio signal the transform
coeflicients associated with the plurality of subinter-
vals; and

a second inverter for inverting the discrete plurality of

local coefficients into a corrected time-domain signal.

72. A decoding accessory according to claim 70 wherein
said plurality of subintervals are indexed under an NxM
group index signifying indexing according to N ordered
frequency sub-bands and M ordered time slots.

73. A decoding accessory according to claim 70 wherein
the encoded signal includes a pilot sequence having M
temporal sequential values that are representative of M
ordered time siots, the accessory comprising:
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an inserter for populating positions of said NxM group
index by inserting in each of a plurality of its N ordered
frequency sub-bands a corresponding replica of said
pilot sequence.
74. A decoding accessory according to claim 7] wherein
one or more of said plurality of subintervals are designated
as recoded, the accessory comprising;

a restarer for restoring recoded ones of said subintervals
by substitating a value corresponding to a summation
between each of the recoded ones and one or more
adjacent ones of subintervals. adjacency occurring
when a pair of subintervals separately occupy either (a)
an immediately succeeding pair of the N ordered fre.
quency sub-bands or (b) an immediately succeeding
pair of said M ordered time slots.

75. A decoding accessory according to claim 70 wherein

One or more of said plurality of subintervals are designated
as recoded, the accessory comprising:

a restorer for restoring recoded ones of said subintervals
by substituting a value corresponding to a summation
between each of the recoded ones and a corresponding
adjacent pair of subintervals, said adjacent pair sepa-
rately occupying relative to each recoded one (a) an
immediately preceding one of the N ordered frequency
sub-bands, and (b) an immediately preceding one of
said M ordered time slots.

76. A method for encoding an audio signal, the method
comprising the steps of:

transforming the audio signal into at least a discrete
plurality of transform coeflicients corresponding to
spectral components located in a designated band, said
transform coefficients including a standard grouping
and a substandard grouping, the standard grouping
being associated with one or nore standard time inter-
vals, the substandard grouping being dividable into a
plurality of isofrequency sequences, each of the plu-
rality of 1sofrequency sequences encompassing said
One or more standard time intervals and being associ-
ated with a corresponding one of the transform coef-
ficients in the standard grouping, said transform coef-
ficients of said standard grouping each being assigned
a masking characteristic for perceptually attenuating
spectrally nearby ones of said standard grouping
according to a predefined masking function having a
predefined domain, and weakening the masking char-
acteristic of each of the transform coefficients in the
standard grouping based on the extent its corresponding
one of the isofrequency sequences varies and correlates
with spectrally nearby ones of the isofrequency
sequences.

77. A method according to claim 75 wherein the step of
weakening based on Sequence variation is performed by
evaluating a peak to val ley ratio in the corresponding one of
the isofrequency sequences.

78. A method according to claim 76 wherein the step of
weakening includes the steps of:

calculating a correlation value; and
multiplicatively combining the peak to valley ratio and

the correlation value to form a comodulation masking
release value, ‘
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79. An encoder for encoding an audio signal comprising:

a transform for transforming the audio signal into at least

a discrete plurality of transform coefficients corre-
sponding to spectral components Jocated in a desig-
nated band. said transform coefficients including a
standard grouping and a substandard grouping, the
standard grouping being associated with one or more
standard time intervals, the substandard grouping being
dividable into a plurality of isofrequency sequences,
each of the plurality of isofrequency sequences encom-
passing said one or more standard time intervals and
being associated with a corresponding one of the trans-
form coefficients in the standard grouping, said trans-
form coeflicients of said standard grouping each being
assigned a masking characteristic for perceptually
attenuating spectrally nearby ones of said standard
grouping according to a predefined masking function
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having a predefined domain, and a weakener for weak-
ening the masking characteristic of each of the trans-
form coeflicients in the standard grouping based on the
extent its corresponding one of the isofrequency
sequences varies and correlates with spectrally nearby
ones of the isofrequency sequences.

80. A encoder according to claim 78 wherein the weak-
ener is operable to evaluate a peak to valley ratio in the
corresponding one of the isofrequency sequences.

-81. A encoder according to claim 79 wherein the weak-
ener is operable to calculating a correlation value: and
multiplicatively combining the peak to valley ratio and the
correlation value to form a comodulation masking release
value.




INSDOCID: <XP.

XP009020921

2002 May 10-13

Audio Engineering Society

‘% - Convention Paper 5553
€3 Presented at the11ﬂ2’$2iggnéz?gc;r:] . N

This canvention paper has been reproduced from the author's advance manuscript, without editing, corrections, or consideration
by the Review Board, The AES takes no responsibility for the contents. Additional papers may be obtained by sending request
and remittance to Audio Engineering Society, 60 East 42°? Stree1, New York, New York 10165-2520, USA; also see www.aes.org,
All rights reserved. Reproduction of this paper, or any portion thereof, is not permitied without direct permission from the

Journat of the Audio Engineering Society.

Spectral Band Replication, a novel approach

In audio coding

Martin Dietz', Lars Liljeryd®, Kristofer Kjorling® and Oliver Kunz |

1
Coding Technologies, Nuremberg,Germany

Coding Technologies, Stockholm, Sweden

Correspundence should be addressed to Martin Dietz { diz@codingtechnologies.com)

ABSTRACT

Spectral Band Replication (SBR) is a novel technology which significantly improves the compression efficiency
of perceptual audio codecs. SBR reconstructs the high frequency components of an audio signal on the
receiver side. Thus, it takes the burden of encoding and transmitting high frequency components off the
encoder, allowing for a much higher audio quality at low datarates. In December 2001, SBR has been chosen as
Reference Model for the MPEG standardization process for bandwidth extension.

- The paper will highlight the underlying technical ideas and the achievable efficiency improvements. A second
focus will be a description of current and future applications of SBR.

INTRODUCTION

Back in 1997, Coding Technologies started research on a novel
approach to improve the efficiency of digital audio coding
algorithms. A team of Swedish researchers led by Lars Liljeryd had
the idea to recreate (replicate) the high-frequencies of a decoded
audio signal in an accurate way, mainly by the re-use of signal
information obtained from the decoded base-band signal. Thus a new
concept of redundancy coding in the frequency domain was
developed. This concept led to what is today known as Spectral Band
Replication technology (SBR). SBR is able to significantly improve
the compression efficiency of audio codecs over a wide range of
bitrates,

As SBR is an enhancement technology, it always needs an audio
codec to hook upon. Two obvious candidates were identified: mp3
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{1.2,6], as the worlds most popular coding format, and MPEG AAC
[3,7}, so far the most powerful waveform audio coding algorithm.
After 4 year of successful cooperation with the Fraunhofer Institute
for Integrated Circuits (FRG-IIS), several mp3 and AAC experts
from FhG joined Coding Technologies in sutumn 2000 to work on
the SBR enhanced audic coding systems. Simce then, several
applications have adopted SBR. mp3PRO is the result of combining
mp3 with SBR in a back- and forwards compatible way. mp3PRO is
available since June 2001 and has in the meantime gained significant
market acceptance. In January 200§, AAC+SBR has been adopted as
audio codec for the Digital Radio Mondiale System. In December
2001, SBR has been successfully submitted to MPEG and became
reference mode! of the MPEG-4 version 3 audio standardization
process. The following chapters will describe in more detail the
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background of SBR, the technology behind SBR and applications for
this novel technology.

BACKGROUND OF THE SBR DEVELOPMENT

The use of means to recreate missing or reduced high-frequencies in
audio is nothing new, and has been used more or less frequent over
the years in the recording industry. One of the most famous products
was the “Aphex Aural Exciter” invented by Kurt Knoppel in the
early 70's. Although Knoppel was not the first (or Iast) in this field,
similar technologies can be found in some audio editing software
tools today as well as in some audio processing hardware units. The
main aim with such technologies is to add some “sparkie”, “warmth”
or high-cnd “enrichment” of the recorded vocals, speech,
insruments, CD-master or broadcast feed, using typically non-
linearities or “controlled” forms of high-frequency distortion.
However, such technologies are performance limited by the way the
high-frequencies are recreated. This limits their scope of use to just
“touching-up” existing programme material, and making them unable

to replicate major frequency ranges of a high quality programme
material.

A related technology, “Harmonizing”, was first successfully
pioncered by the Eventide Clockworks *“Hanmonizer” in the early
70’s, where programme material can be transposed in a “rmusically
correct” manner. This is quite opposite to the “Bode Frequency
Shifter" developed for electronic music applications by Harald Bode
where harmonic relations are “non-musicelly” shifted (scrambled).
Finally, the Ring-Modulator, one of the oldest “weird” sound effects
units, is sometimes used in electronic music. Spin-off's from
Harmonizer-ike algorithms are the popular pitch-shift and time-
siretch algorithms used in many audio workstation sound-editing
software tools today.

The above-mentioned technologies or methods are sufficient for their
intended use, but unsuitable for high quality SBR-like High-
Freguency-Reconstruction (HFR) methods as introduced by Coding
Technologies for audio coding. Therefore the development of new
(patented) and more suitable algorithms was a prerequisite for the
successful deployment of SBR. Strict demand was set on basic
algorithm performance due to the unusual need to transpose signal
components from the available (coded) baseband, by at least a factor
three, without creating annoying artefacts.

Particular emphasis was put on recreating psychoacoustically
accurate representations of the original high-band signal components
without violating the well-known consonance-dissonance criteria.
However compared to the original signal, the recreated high-band is
not necessarily signal-coherent in a technical sense, but coherent in a
mere psychoacoustic sense, 8 most important characteristic.

WHY SBR IMPROVES AUDIO CODING

Research on perceptual audio coders started about 20 years ago.
Research on the human auditory system revealed that hearing is
mainly based on a short-term spectral analysis of the audio signal.
The so-called masking effect was observed: the human auditory
system is not able to perceive distortions that are masked by a
stronger signal in the spectral neighborhood. Thus, when looking at
the short-term spectrum, the so-called masking threshold can be
calculated. Distortions below this threshold are ~ in the ideal case -
inaudible. Figure 1 illustrates in a very simplified way how the
masking threshold can look like. Figure 1 also reveals that the
distortion generated by the PCM format used on CD’s is for all
frequencies way below this threshold. However, since the PCM
signal, representing the time domain, does not allow frequency
dependent shaping of the quantization noise, a high SNR needs to be
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applied in order to achieve high quality sound across a large dynamic
range. This also reveals the basic idea of perceptual audio coding: if
it would be possible to shape the quantization noisc in the frequency
domain, compression of audio signals beyond the CD format must be
achievable.

_Masking Threshoid

16 bit PCM

Frequency
Figure 1: Spectrum and Masking Threshold

Research started on how to calculate the masking threshold
(“psychoacoustic model”) and how to process the audio signal in a
way that only audible information resides in the signal. The ideal
audio codec introduces quantization distortions that are exactly
below the masking threshold (figure 2),

Parceptual Coder

Masking Threshold

Frequency

Figure 2: Ideal Perceptual Coding

This research led to todays waveform based perceptual audio codecs,
such as MPEG Layer 2, AC-3, mp3, Atrac, PAC and MPEG AAC.
All these codecs are based on the same, well-known principle, as
shown in figure 3. The audio signal is transformed into the frequency
domain by means of a filterbank or transform on a block-by-block
basis. The resulting short-time spectrum is quantized in a way that
the masking threshold calculated by the psychoacoustic modet is not
violated. The quantized spectrum gets coded and packed into a
bitstream. The decoder performs the reverse steps.

PCM audio e/ quantizng bitsiream
data o & - o lrame
Y and packing [
mepping coding
PRI D
: ;
o) PEh0- } O H
model

Figure 3: Pesceptual waveform encoder

Although all the codecs mentioned follow the same principle, they
still differ significantly in compression efficiency. The performance
of such codecs depends mainly on two aspects: how precisely the
masking threshold can be approached and how efficiently the
quantized spectrum can be coded. AAC, for example, is, according to
several tests, twice as efficient as Layer 2.

Nevertheless, traditional waveform coding has its limits. Having
reached a performance like AAC it gets very hard to further increase
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compression. Figure 4 illustrates what happens if the bitrate is
lowered significandy from the codecs recasonable operating point.
The quantization noise significantly exceeds the masking threshold,
thus generating audible artefacts.

Ener
ay Severe Violation of
Masking Thrashold |

Fraquency
Figure 4: Waveform coding beyond its limits

Two main methods have been used so far to overcome this problem
in perceptual waveform codecs. The most important one is to limit
the audio bandwidth of the signal in or prior to the coding process.
As there is no high frequency energy to be coded, more information
is available for the remainder of the spectrum, resulting in a clean,
but hollow sounding signal (figure 5). The other method, called
intensity stereo, can only be used for stereo signals. In intensity
stereo, only oné channel and a panning information is transmitted
instead of a left and a right channel, However, this is only of rather
limited use for increasing compression efficiency, as in many cases
the stereo image of the audio signal gets destroyed. A third method
used is insertion of antificial noise. This method, however, works
only with a rather limited class of audio signals.

>

Frequency

Figure 5: Limiting the audio bandwidth

At this point, the SBR technology comes on the scene. SBR deviates
from the waveform coding principle towards a hybrid
waveform/parametric method. It is based on the fact that in most
cases there are large dependencies between the lower and higher
frequency parts of an audio signal. Therefore, the high frequency part
- of an audio signal can be efficiently reconstructed from the low
frequency part. Transmission of the high frequency part is therefore
not necessary - only a small amount of SBR control data needs to be
carried in the bitstream to guarantee an optimal reconstruction of the
high frequencies. Figure 6 illustrates the first step in performing the
SBR cnhancement. The low [requency part is still coded by an
ordinary waveform codec such as mp3 or AAC. The high frequency

part, however, is generated by a high quality transposition algorithm.

As can be seen in figure 6, the mere generation of high frequency
content is not at all sufficient for accurate high frequency
reconstruction, since the reconstructed part does not reflect the
spectral envelope of the original. Therefore careful adjustment of the
spectrum is essentinl for the performance of the system. The
adjustment is controlied by the SBR information carried in the
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bitsream and results in a correctly shaped high frequency part

(figure 7).
/\ Transposition

Energy

Freguency
Figure 6: High frequency generation based on the
wavelorm coded low frequency part

Energy

Reconstruction
through SBR

Frequency
Figure 7: Spectrum after high frequency adjustment

To summarize, SBR enhanced codecs perform significantly better
mainly because

a) SBR allows the recreation of the high frequencies using only a
very small amount of transmitied side information. The high
frequencies, which normally consume a significant amount of bits, do
not need to be waveform coded anymore, resulting in a significant
coding gain

b) the underlying waveform coder can run with a comparatively high
SNR, as it is only responsible for the lower frequencices. It can even
operate at the optimum sampling rate, which is usually different from
the desired output sampling rate. SBR converts the waveform codec
sampling rate into the desired output sampling rate.

Obviously there ace signals where the reconstruction method does not
deliver the desired results, e.g. when there is little relationship
between the low and high frequency part. Care has been taken to
equip SBR with additional tools so that such situations can be
handled very well without losing compression efficiency.

HOW SBR WORKS

The SBR system is preferably used as a dual-rate system, with the
underlying codec operating at half the original sampling-rate, while
SBR operates at the original sampling rate. The following description
will briefly explain the different parts in the encoder and decoder of
the SBR system.

The SBR encoder works in parallel with the underlying core codec,
albeil at a higher sampling-rate. Although SBR is mainly a post
process in the decoder, important paramelers are extracted in the
encoder in order (o ensure the most accurate high frequency
reconstruction in the decoder. The encoder process is depicted in
figure 8. The encoder cstimates the spectral envelope of the SBR
range for a time and frequency range/resolution suitable for the
current input signal scgments characteristics. The spectral envelope
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is estimated by a complex QMF analysis and subsequent energy
calculation. The time and frequency resolutions of the spectral
envelopes can be chosen with a high level of freedom, in order to
ensure the best suited time frequency resolution for the given input
segment. The envelope estimation needs to consider that a transient
in the original, mainly sitvated in the high frequency region (for
instance & high-hat), will be present to a minor extent in the SBR
generated highband prior to envelope adjustment, since the highband
in the decoder is based on the low band where the transient is much
less pronounced compared to the highband. This aspect imposes
different requirements for the time frequency resolution of the
spectral envelope data, compared to ordinary spectral envelope
estimation as used in other audio coding algorithms.

» Control parameter Envelope o
extraction extraction Ko
Bitstream
v b :
nput g -
> Core Codec > §

Figure 8: Basic block-diagram of the SBR encoder.

Apart from the spectral envelope, several additional parameters are
extracted representing spectral characteristics of the input signal for
different time and frequency regions, Since the encoder naturally has
access 1o the original signal as well as information on how the SBR-
unit in the decoder will create the high-band, given the specific set of
control parameters, it is possible for the system to handle siwations
where the lowband constitutes a strong harmonic series and the high
band, to be recreated, mainly constitutes random signal components,
as well as situations where strong tonal components are present in the
original highband without counterparts in the lowband, upon which
the highband region is based. Furthermore, the SBR encoder works
in close relation to the underlylng core codec to assess which
frequency range should be covered by SBR at a given time. The SBR
data is efficiently coded prior to transmission by exploiting entropy
cading as well as channel dependencies of the control data, in the
case of stereo signals,

The control parameter extraction algorithms need to be carefully
tuned to the underlying codec at a given bitrate and a given sampling
rate. This is due to the fact that a lower bitrate, usually implics a
larger SBR range compared to a high bitrate, and different sampling
rates correspond to different time resolutions of the SBR frames.
Different core codecs may also display different characteristics
during bit constraints, i.e. more or less severe spectral band shut-
downs elc.

The decoder is constituted of several different parts, as outlined in
figure 9. It comprises a bitstream decoding module, a high frequency
reconstruction (HFR) module, an additional high frequency
components module, and an envelope adjuster module. The system is
based around a complex valued QMF filterbank [4].

In the bitstream extraction module the control data is read from the
bitstream and decoded. The time frequency grid is obtained for the
current frame, prior to reading the envelope data from the bitstream,
and decoding of the same. If a stereo signal is processed, suitable
stereo decoding is performed according to the control data.
Appropriate CRC-checks and emror resilience algorithms are also
included.
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Figure 9: Basic block-diagram of the SBR decoder.

Core Codec

The underlying core decoder decodes the sudio signal of the current
frame (albeit at the lower sampling rate). The resulting frame of
audio data is used for high frequency reconstruction by the HFR
module. A possible output from the core decoder is displayed in
figure 10, Here it is evident that the output is of low-pass character
with a bandwidth of approx. 6kHz.

I AHJ,UJ%L J”LILIQLLQ

.Frequency [kHz}
Figure 10: Spectrum of the output signal from the core decoder, for
an input signal coded with AAC+SBR at 24kbps.

The decoded low-band signal is anslyzed using a QMF filterbank.
The high frequency reconstruction and envelope adjustment is
subsequently performed on the subband samples of the QMF
filterbank. The high frequencies are seconstructed from the low-band
in a flexible way, based on the given control parameters.
Furthermore, the reconstructed highband is adaptively filtered on a
subband channel basis according to the contro! data to ensure the
appropriate spectral characteristics of the given time/frequency
region.

The HFR can be done in several ways dependent on the
characteristics of the signal being processed. The output from such a
trangposition based high frequency reconstruction is depicted in
figure 11. Here it is evident that the frequency range of the signal bas
been extended to approx. 15kHz. There are no algorithmic
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constraints preventing the HFR module to extend the frequency range
even higher. However, for this example 15kHz was deemed
sufficlent.

SOV SO

. - LL..“I[“““LLL
8 10 15 20
Frequency [kHz)
Figure 11: Spectrum of the output signal from a transposition based
SBR module, given the input signal displayed in figure 11

The reconstructed highband is subsequently envelope adjusted
according to the time/frequency resolution obtained from the encoder.
The outpul signal is enhanced with additional signal components in
order to ensure the correct spectral characteristics of the final ocutput.

The low band decoded by the underlying decoder is added to the
recenstructed and cnvelope adjusted highband, giving the outpul
signal. Since the lowband has a sampling rate of half of the highband
it is up-sampled during the course of the SBR process. The final
output, after envelope adjustment, is depicted in figure 2. It is
evident that the SBR module successfully has recreated a high band
very similar to that of the original, fig 13.

et e L i e e g £ e e 1y e e ¢ st

40

10 5 L mmllz‘.(\)l _n__l[
Fraquency [kHz]

Figure 12: Specuﬁm of the output signal after envelope adjustment,
coded with AAC+SBR at 24kbps.
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Figure 13: Spectrum of the original signal.
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SBR APPLICATIONS
SBR enhanced audio codecs arc already in use in several
applications, some of which are listed hereafter.

mp3PRO

In January 2001, Coding Technologies and its licensing partner
Thomson Multimedia presented mp3PRO, the combination of mp3
and SBR, for the first time. In June 2001, a free demo software has
been made available. Since then several software applications
integrating mp3PRO have been released (e.g. from Ahead, Steinberg,
Magix, ....). First hardware products are expected in Q2/2002.
mp3PRO offers significantly improved performance compared to
mp3 and outperforms competitive codecs according to independent
tests.

mp3PRO is back- and forward compatible with mp3. Not only will
any mp3PRO decoder decode mp3 content, all mp3 players will be
able to decode mp3PRO bitstreams, although without the quality
improvement achieved through SBR.

Figure 14 shows the integration of mp3 and SBR . Basically, SBR
can be seen as pre/postprocessing around the cxisting mp3 modules.
Even the bitstream format remains unchanged, as the SBR data can
be carried in the ancillary data field.

More detailed information about mp3PRO can be found in [4]).

Digital Radio Mondiale (DRM)
The DRM consortium has been founded in 1998 with the goal 10 -
standardize a new digital system for medium, long- and shortwave
transmissions. The system should deliver significantly better audio
and reception guality than ordinary analog AM. At the same time the
existing AM channel spacing should be used. In addition, reuse of
existing transmitter equipment should be possible to guarantec a cost
efficient introduction of the new system.

—_anclilarydata__ ancllarydata
’[_“‘ filter c:y 4 3 r j
audio au dleo g;: o bit audio audio
®— 8BR o mp3 bit » de mp3 - SBR
input encoder data encoder | mux bitstream | mux decoder data decoder output

Figure 14: mp3PRO block diagram
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Depending on the wavelength and the region, the channel spacing in
the AM bands is either 9 kHz or 10 kHz. The propagation conditions,
which depend very much on the wavelength, determine the spectral
efficiency achievable. Extensive tests have resuited in an efficiency
in the range of 1.5 to 3 bit/Hz. As a result, the bitrate available in
one transmission channel is in the range of 13...30 kbit/sec. Normal
aoperstion will use bitrates between 20 and 25 kbit/sec.

Delivering high quality audio at such a low bitrate asks for the most
powerful source coding scheme available. Consequentty, AAC+SBR,
the combination of MPEG-AAC and SBR has been chosen as audio
coding method. Tests done within the DRM consortium clearly show
the superiority of this coding system compared to previous state of
the art. More deteils about DRM and the listening test can be found
in [5,8,9] and at the DRM web site www.drm.org.

DRM finalised the specification of the system in January 2001. It is
recommended by the ITU [11] and standardised by ETSI [10}. First
regular transmissions and receiver products are expected in 2003,

MPEG

Because of its ontstanding compression performance, the
combination of AAC and SBR is of high interest not only for
broadcasting, but also for audio and audio/video applications like
streaming over the internet, streaming and delivery over mobile
networks and storage in portable devices. For a lot of these
applications, open standards like MPEG play an important role. They
usually provide state-of-the-art algorithms and guarantee
interoperability and accessibility of the technology.

As a consequence, MPEG issued a call for proposals in January
2001, asking for technologies that could further enhance the
compression efficiency of the MPEG-4 audio coding algorithms (in
particular AAC). SBR was submitted as a proposal; a competitive
test was performed by MPEG. AAC+SBR did not only show an
excellent performance, but already met the acceptance criteria set up
for final acceptance of the technology in the standard. As a result,
SBR became Reference Model O for version 3 of the MPEG-4
standard.

Figure 15 shows the result of the test at 24 kbps mono at the T-Nova
test site. The test was done with experienced listeners and the well
proven MUSHRA tcst method. As test items, the “usual® MPEG test
items were used (e.g. harpsichord, glockenspiel, pitchpipe, male
german speech, castagnettes, a.5.0). Till today those items are known
‘10 be very critical for audio coding. AAC+SBR shows a vast
improvement compared to AAC, even when compared to the higher
bitrate AAC (30 kbps). Moreover AAC+SBR shows a very good
absolute performance at this very low bitrate,

AAC 30

Figure 15: MPEG test result at 24 kbps mono (test site; T-Nova)

More detailed results are given in figure 17. Table 1 explains the
acronyms for the excerpts.

EsO1 Suzanne Vega

es02 Male German Speech

es03 Female English Specch

3c01 Haydn Trumpet Concert
_9020921A__! >
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Sc02 Meistersinger
Sc03 Spot

Si0l Harpsichord
Si02 Castagnettes
Si03 Pitchpipe

Smot Bagpipe

SmQ2 Glockenspiel
Sm03 Plucked Strings

Table 1: The MPEG excerpts

The stereo test resulis are shown in figure 16 and Figure 18. Again,
AAC+SBR shows a significant gain over AAC and a very good
absolute grading of more than 85 at a bitrate of 48 kbit/sec. For both
tests it should be noted that the comparison was done against MPEG-
4 AAC. A comparison to the yet much more. popular MPEG-2 AAC,
which is the AAC version available on the market today, would show
an even higher improvement through SBR (which operates based on
MPEG-2 AAC). Since AAC was so far deemed to be state-of-the-art
audio compression, it can be concluded from the this test that
AAC+SBR is the new performance leader in audio coding.

AAC 60 AAC+SBR 48

Figure 16: MPEG test result at 48 kbps stereo (test site: T-Nova)

The MPEG-4 version 3 standard will reach Committee Draft (CD)
status in May 2002 and the Final Draft International Standard
(FDIS) status in March 2003. The improved audio coding standard is
expected to be adopted for several of the above mentioned
applications.

CONCLUSIONS

Spectral Band Replication is a novel technology that combines
traditional audio coding with the capabilities of high quality high
frequency reconstruction methods. Through the use of SBR in
mp3PRO, the compression efficicncy of mp3 could be significantly
improved while remaining compatible with the widespread mp3
format. mp3PRO will succeed mp3 in all application areas.

The combination of AAC and SBR offers the most powerful audio
compression available today. As such it is most suited for digital
broadcasting and strearning/delivery over networks with limited
resources. AAC+SBR is already vsed in the market place and is the
Reference Model in the MPEG-4 standardization.

Both mp3PRO and AAC+SBR are available today in soft- and
hardware, several applications have already been launched. It is
expected that the number of applications using SBR will increase
significantly in the near future.
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Figure 17: MPEG test results per item, 24 kbps mono (test site: T-Nova)
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Figure 18: MPEG test results per item, 48 kbps (test site; T-Nova)
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US Patent ﬁ(pplication Serial No: 61/166,125 Attorney Docket No: SCHO546PR

ASSIGNMENT

WHEREAS, 1/We, Frederik NAGEL, Max NEUENDORF, Nikolaus RETTELBACH, Jeremie LECOMTE,
Markus MULTRUS, and Bernhard GRILL, hereinafter referred to as "ASSIGNOR(S)", have invented

certain new and useful improvements, as described and set forth in the below-identified application for
United States Letters Patent entitled:

Novel Patching Methods Inside Spectral Band Replication

Filing Date: April 2, 2009 __Serial No. 61/166,125

HEREAS, Fraunhofer-Gesellschaft zur Foerderung der angewandten Forschung e.V.. a corporation

y organized under and pursuant to the laws of the country of Germany, having its principal place of
business at Hansastrasse 27c, 80686 Munich, Germany, hereinafter referred to as "ASSIGNEE", is
desirous of acquiring the entire right, title, and interest in the said invention and application and in any
Letters Patent which may be granted with regard to the same;

( ‘N, THEREFORE, TO ALL WHOM IT MAY CONCERN: Be it known that, for One Dollar ($1.00) and
otner good and valuable consideration, ASSIGNOR(S) have sold, assigned, and transferred, and by
these presents does sell, assign, and transfer unto the said ASSIGNEE, and ASSIGNEE'S successors
and assigns, all right, title, and interest in and to said invention, said application for United States Letters
Patent and any Letters Patent which may be hereafter granted on the same in the United States and al
countries throughout the world, including any divisions, renewals, continuations in whole or part,
substitutions, conversions, reissues, revivals, prolongation, or extensions thereof, said interest to be held
and enjoyed by said ASSIGNEE as fully and exclusively as it would have been held and enjoyed by said
ASSIGNOR(S) had this assignment and transfer not been made, for all time.

ASSIGNOR(S) further agrees that they will, without charge to said ASSIGNEE, but at ASSIGNEE'S
expense, cooperate with ASSIGNEE in the prosecution of said application and/or applications, execute,

- verify, acknowledge, and deliver all such further papers, including applications for Letters Patent and for

the reissue thereof, and instruments of assignment and transfer thereof, and will perform such other acts
as ASSIGNEE may lawfully request, to obtain or maintain Letters Patent for said invention and

rovement in any and all countries, and to vest title thereto in said ASSIGNEE, or ASSIGNEE'S
uccessors and assigns.

ASSIGNOR(S) grants the attorney of record the power to insert on this Assignment any further
identification that may be necessary or desirable in order to comply with the rules of the United States
l’ *2nt and Trademark Office for recordation of this document.

This Assignment may be executed in one or more counterparts, each of which shall be deemed an
original and all of which may be taken together as one and the same Assignment.

IN TESTIMONY WHEREOF, ASSIGNOR(S) has hereunto signed his name to the assignment on the date
indicated below.
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(57) Abstract

The present invention proposes a new method and apparatus for the enhancement of source coding systems. The invention employs
bandwidth reduction (101) prior to or in the encoder (103), followed by spectral-band replication (105) at the decoder (107). This is
accomplished by the use of new transposition methods, in combination with spectral envelope adjustments. Reduced bitrate at a given
perceptual quality or an improved perceptual quality at a given bitrate is offered. The invention is preferably integrated in a hardware
or software codec, but can also be implemented as a separate processor in combination with a codec. The invention offers substantial
improvements practically independent of codec type and technological progress. )

BNSDOCID: <WQ 9857436A2_| > ' 4



FOR THE PURPOSES OF INFORMATION ONLY

Codes used to identify States party to the PCT on the front pages of pamphlets publishing international applications under the PCT.

Albania
Armenia
Austria
Australia
Azerbaijan
Bosnia and Herzegovina
Barbados
Belgium
Burkina Faso
Bulgaria

Benin

Brazil

Belarus

Canada

Central African Republic
Congo
Switzerland
Céte d'Ivoire
Cameroon
China

Cuba

Czech Republic
Germany
Denmark
Estonia

KR

LI
LK
LR

Spain

Finland

France

Gabon

United Kingdom
Georgia

Ghana

Guinea

Greece

Hungary

Ireland

Israel

Iceland

Italy

Japan

Kenya
Kyrgyzstan
Democratic People’s
Republic of Korea
Republic of Korea
Kazakstan

Saint Lucia
Liechtenstein

Sri Lanka

Liberia

LS

Lesotho

Lithuania
Luxembourg

Latvia

Monaco

Republic of Moldova
Madagascar

The former Yugoslav
Republic of Macedonia
Mali

Mongolia

Mauritania

Malawi

Mexico

Niger

Netherlands

Norway

New Zealand

Poland

Portugal

Romania

Russian Federation
Sudan

Sweden

Singapore

SI

SK
SN
Sz
™
TG
T

Slovenia

Slovakia

Sencgal

Swaziland

Chad

Togo

Tajikistan
Turkmenistan
Turkey

Trinidad and Tobago
Ukraine

Uganda

United States of America
Uzbekistan

Viet Nam
Yugoslavia
Zimbabwe

BNSDOCID; <WO___ 9R57436A2_1_>




10

15

20

30

35

40

WO 98/57436 PCT/IB98/00893

SOURCE CODING ENHANCEMENT USING SPECTRAL-BAND REPLICATION

TECHNICAL FIELD

In source coding systems, digital data is compressed before transmission or storage to reduce the required bitrate or
storing capacity. The present invention relates to a new method and apparatus for the improvement of source coding
systems by means of Spectral Band Replication (SBR). Substantial bitrate reduction is achieved while maintaining
the same perceptual quality or conversely, an improvement in perceptual quality is achieved at a given bitrate. This
is accomplished by means of spectral bandwidth reduction at the encoder side and subsequent spectral band

replication at the decoder, whereby the invention exploits new concepts of signal redundancy in the spectral domain,

BACKGROUND OF THE INVENTION

Audio source coding techniques can be divided into two classes: natural audio coding and speech coding. Natural
audio coding is commonly used for music or arbitrary signals at medium bitrates, and generally offers wide audio
bandwidth. Speech coders are basically limited to speech reproduction but can on the other hand be used at very low
bitrates, albeit with low audio bandwidth. Wideband speech offers a major subjective quality improvement over
narrow band speech. Increasing the bandwidth not only improves intelligibility and naturalness of speech, but also
facilitates speaker recognition. Wideband speech coding is thus an important issue in next generation telephone
systems. Further, due to the tremendous growth of the multimedia field, transmission of music and other non-speech
signals at high quality over telephone systems is a desirable feature,

A high-fidelity linear PCM signal is very inefficient in terms of bitrate versus the perceptual entropy. The CD

standard dictates 44.1 kHz sampling frequency, 16 bits per sample resolution and stereo. This equals a bitrate of

1411 kbit/s. To drastically reduce the bitrate, source coding can be performed using split-band perceptual audio
codecs. These natural audio codecs exploit perceptual irrelevancy and statistical redundancy in the signal. Using the
best codec technology, approximately 90% data reduction can be achieved for a standard CD-format signal with
practically no perceptible degradation. Very high sound quality in stereo is thus possible at around 96 kbit/s_ i.e. a
compression factor of approximately. 15:1. Some perceptual codecs offer even higher compression ratios. To
achieve this, it is common to reduce the sample-rate and thus the audio bandwidth. It is also common to decrease the
number of quantization levels, allowing occasionally audible quantization distortion, and to employ degradation of
the stereo field, through intensity coding, Excessive use of such methods results in annoying perceptual degradation.
Current codec technology is near saturation and further progress in codin

g gain is not expected. In order to improve
the coding performance further, a new approach is necessary.

The human voice and most musical instruments generate quasistationary signals that eme

rge from oscillating
systems. According to Fourier theory,

any periodic signal may be expressed as a sum of sinusoids with the
frequencies f; 2/, 3f;, 4f; 5fetc. where fis the fundamental frequency. The frequencies form a harmonic series. A
bandwidth limitation of such a signal is equivalent to a truncation of the harmonic series. Such a truncation alters the
perceived timbre, tone colout, of a musical instrument or voice, and
or “dull”, and intelligibility may be reduced. The high frequencies
of sound quality.

yields an audio signal that will sound “muffled”
are thus important for the subjective impression
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Prior art methods are mainly intended for improvement of speech codec performance and in particular intended for
High Frequency Regeneration (HFR), an issue in speech coding. Such methods employ broadband linear frequency
shifts, non-linearities or aliasing [U.S. Pat. 5,127,054] generating intermodulation products or other non-harmonic
frequency components which cause severe dissonance when applied to music signals. Such dissonance is referred to
in the speech coding literature as “harsh” and “rough” sounding. Other synthetic speech HFR methods generate
sinusoidal harmonics that are based on fundamental pitch estimation and are thus limited to tonal stationary sounds
[U.S. Pat. 4,771,465]. Such prior art methods, although useful for low-quality speech applications, do not work for
high quality speech or music signals. A few methods attempt to improve the performance of high quality audio
source codecs. One uses synthetic noise signals generated at the decoder to substitute noise-like signals in speech or
music previously discarded by the encoder [“Improving Audio Codecs by Noise Substitution” D. Schultz, JAES,
Vol. 44, No. 7/8, 1996). This is performed within an otherwise normally transmitted highband at an intermittent
basis when noise signals are present. Another method recreates some missing highband harmonics that were lost in
the coding process [“Audio Spectral Coder” A.J.S. Ferreira, AES Preprint 4201, 100" Convention, May 11-14
1996, Copenhagen] and is again dependent on tonal sigrlals and pitch detection. Both methods operate at a low duty-
cycle basis offering comparatively limited coding or performance gain.

SUMMARY OF THE INVENTION

The present invention provides a new method and an apparatus for substantial improvements of digital source
coding systems and more specifically for the improvements of audio codecs. The objective includes bitrate
reduction or improved perceptual quality or a combination thereof. The invention is based on new methods
exploiting harmonic redundancy, offering the possibility to discard passbands of a signal prior to transmission or
storage. No perceptual degradation is perceived if the decoder péxforms high quality spectral replication according
to the invention. The discarded bits represent the coding gain at a fixed perceptual quality. Altematively, more bits
can be allocated for encoding of the. lowband information at a fixed bitrate, thereby achieving a higher perceptual
quality.

The present invention postulates that a truncated harmonic series can be extended based on the direct relation
between lowband and highband spectral components. This extended series resembles the original in a perceptual
sense if certain rules are followed: First, the extrapolated spectral components must be harmonically related to the
truncated harmonic series, in order to avoid dissonance-related artifacts. The present invention uses transposition as
a means for the spectral replication process, which ensures that this criterion is met. It is however not necessary that
the lowband spectral components form a harmonic series for successful operation, since new replicated components,
harmonically related to those of the lowband, will not alter the noise-like or transient nature of the signal. A
transposition is defined as a transfer of partials from one position to another on the musical scale while maintaining
the frequency ratios of the partials. Second, the spectral envelope, i.e. the coarse spectral distribution, of the
replicated highband, must reasonably well resemble that of the original signal. The present invention offers two
modes of operation, SBR-1 and SBR-2, that differ in the way the spectral envelope is adjusted.

SBR-1, intended for the improvement of intermediate quality codec applications, is a single-ended process which

relies exclusively on the information contained in a received lowband or lowpass signal at the decoder. The spectral
envelope of this signal is determined and extrapolated, for instance using polynomials together with a set of rules or

9857436A2 1 _>
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a codebook. This information is used to continuously adjust and cqualise the replicated highband. The present SBR-
1 method offers the advantage of post-processing, i.e. no modifications are needed at the encoder side. A
broadcaster will gain in channel utilisation or will be able o offer improved perceptual quality or a combination of
both. Existing bitstream syntax and standards can be used without modification.

SBR-2, intended for the improvement of high quality codec applications, is a double-ended process where, in
addition to the transmitted lowband signal according to SBR-1, the spectral envelope of the highband is encoded and
transmitted. Since the variations of the spectral envelope has a much lower rate than the highband signal
components, only a limited amount of information needs to be transmitted in order to successfully represent the
spectral envelope. SBR-2 can be used to improve the performance of current codec technologies with no or minor

modifications of existing syntax or protocols, and as a valuable tool for future codec development.

Both SBR-! and SBR-2 can be used to replicate smaller passbands of the lowband when such bands are shut down

by the encoder as stipulated by the psychoacoustic model under bit-starved conditions. This results in improvement

of the perceptual quality by spectral replication within the lowband in addition to spectral replication outside the
lowband. Further, SBR-1 and SBR-2 can also be used in codecs employing bitrate scalability, where the perceptual
quality of the signal at the receiver varies depending on transmission channel conditions. This usually implies
annoying variations of the audio bandwidth at the receiver. Under such conditions, the SBR methods can be used

successfully in order to maintain a constantly high bandwidth, again improving the perceptual quality.

The present invention operates on a continuous basis, replicating any type of signal contents, i.e. tonal or non
(noise-like and transient signals). In addition, the present spectral replication method creates a perceptually accurate
replica of the discarded bands from available frequency bands at the decoder. Hence, the SBR method offers a
substantially higher level of coding gain or perceptual quality improvement compared to prior art methods. The

invention can be combined with such prior art codec improvement methods; however, no performance gain is
expected due to such combinations.

-tonal

The SBR-method comprises the following steps:

encoding of a signal derived from an original signal, where frequency bands of the signal are discarded and

30 the discarding is performed prior to or during encoding, forming a first signal,
~  during or after decoding of the first signal, transposing frequency bands of the first signal, forming a second
signal,
= performing spectral envelope adjustment, and
—  combining the decoded signal and the second signal, forming an output signal.
35 .
The passbands of the second signal may be set not to overlap or partly overlap the passbands of the first signal, and
may be set in dependence of the temporal characteristics of the original signal and/or the first signal, or transmission
channel conditions. The spectral envelope adjustment is performed based on estimation of the original spectral
envelope from said first signal or on transmitted envelope information of the original signal.
40
BNSDOCID: <WO*_9857436A2_I_>
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The present invention includes to basic types of transposers: multiband transposers and time-variant pattern search
prediction transposers, having different properties. A basic multiband transposition may be performed according to
the present invention by the following:
- filtering the signal to be transposed through a set of N > 2 bandpass filters with passbands comprising the
S frequencies [f},...,/v} respectively, forming N bandpass signals,
—  shifting the bandpass signals in frequency to regions comprising the frequencies M [f;...., fy] where M # 1 is
the transposition factor, and
- combining the shifted bandpass signals, forming the transposed signal.
Alternatively, this basic multiband transposition may be performed according to the invention by the following:
10 ~  bandpass filtering the signal to be transposed signal using an analysis filterbank or transform of such a nature
that real- or complex-valued subband signals of lowpass type are generated,

—  anarbitrary number of channels k of said analysis filterbank or transform are connected to channels Mk, M =
1, in a synthesis filterbank or transform, and

—  the transposed signal is formed using the synthesis filterbank or transform.

15 Animproved multiband transposition according to the invention incorporates phase adjustments, enhancing the
performance of the basic multiband transposition.

The time-variant pattern search prediction transposition according to the present invention may be performed by the
following:

20 —  performing transient detection on the first signal,
- determining which segment of the first signal to be used when duplicating/discarding parts of the first signal
depending on the outcome of the transient detection,

—  adjusting statevector and codebook properties depending on the outcome of the transient detection, and
—  searching for synchronisation points in chosen segment of the first signal, based on the synchronisation point
25 found in the previous synchronisation point search.

The SBR methods and apparatuses according to the present invention offer the following features:
1. The methods and apparatuses exploit new concepts of signal redundancy in the spectral domain.
2. The methods and apparatuses are applicable on arbitrary signals.
30 3. Each harmonic set is individually created and controlled.
4

Al replicated harmonics are generated in such a manner as to form a continuation of the existing harmonic
series.

R

The spectral replication process is based on transposition and creates no or imperceptible artifacts.
The spectral replication can cover multiple smaller bands and/or a wide frequency range.

35 7. Inthe SBR-1 method, the processing is performed at the decoder side only, i.e. all standards and protocols
can be used without modification.

8. The SBR-2 method can be implemented in accordance with most standards and protocols with no or minor
modifications.

9. The SBR-2 method offers the codec designer a new powerful compression tool.
40 10. The coding gain is significant.

BNSDOCID: <WO 9857436A2 1 >
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The most attractive application relates to the improvement of various types of low bitrate codecs, such as MPEG 1/2
Layer I/IV/HI [U.S. Pat. 5,040,217}, MPEG 2/4 AAC, Dolby AC-2/3, NTT TwinVQ [U.S. Pat. 5,684,920],
AT&T/Lucent PAC etc. The invention is also useful in high-quality speech code¢s such as wide-band CELP and
SB-ADPCM G.722 etc. to improve perceived quality. The above codecs are widel y used in multimedia, in the
telephone industry, on the Internet as well as in professional applications. T-DAB (Terrestrial Digital Audio
Broadcasting) systems use low bitrate protocols that will gain in channel utilisation by using the present method, or
improve quality in FM and AM DAB. Satellite S-DAB will gain considerably, due to the excessive system costs
involved, by using the present method to increase the number of programme channels in the DAB multiplex.

Furthermore, for the first time, full bandwidth audio real-time streaming over the Internet is achievable using low
bitrate telephone modems.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described by way of illustrative examples, not limiting the scope or spirit of the
invention, with reference to the accompanying drawings, in which:
Fig. 1 illustrates SBR incorporated in a coding system according to the present invention;
Fig. 2 illustrates spectral replication of upper harmonics according to the present mvention;
Fig. 3 illustrates spectral replication of inband harmonics according to the present invention;
Fig. 4 is a block diagram for a time-domain implementation of a transposer according to the present invention;
Fig. 5 is a flow-chart representing a cycle of operation for the pattern-search prediction transposer according to the
present invention;
Fig. 6 is a flow-chart representing the search for synchronisation point according to the present invention;
Fig. 7a — 7b illustrates the codebook positioning during transients according to the present invention;
Fig. 8 is a block diagram for an implementation of several time-domain transposers in connection with a suitable

filterbank, for SBR operation according to the present invention;

Fig. 9a - 9c are block diagrams representing a device for STFT analysis and synthesis configured for generation
of 2™ order harmonics according to the present invention;

Fig. 10a - 10b are block diagrams of one sub-band with a linear frequency shift in the STFT device according to
the present invention;

Fig. 11 shows one sub-band using a phase-multiplier according to the present invention;

Fig. 12 illustrates how 3" order harmonics are generated according to the present invention;

Fig. 13 illustrates how 2° and 3 order harmonics are generated simultaneously according to the present
invention; '

Fig. 14 illustrates generation of a non-overlapping combination of several harmonic orders according to the
present invention;

Fig. 15 illustrates generation of an interleaved combination of several harmonic orders according to the present
invention;

Fig. 16 illustrates generation of broadband linear frequency shifts;

Fig. 17 illustrates how sub-harmonics are generated according to the present invention;

Fig. 18a - 18b are block diagrams of a perceptual codec;

Fig. 19 shows a basic structure of a maximally decimated filterbank;
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Fig. 20 illustrates generation of 2™ order harmonics in a maximally decimated filterbank according to the present
invention;

Fig. 21 is a block diagram for the improved multiband transposition in a maximally decimated filterbank
operating on subband signals according to the present invention;

Fig. 22 is a flow-chart representing the improved multiband transposition in a maximally decimated filterbank
operating on subband signals according to the present invention;

Fig. 23 illustrates subband samples and scalefactors of a typical codec;

Fig. 24 illustrates subband samples and envelope information for SBR-2 according to the present invention;

Fig. 25 illustrates hidden transmission of envelope information in SBR-2 according to the present invention;
Fig. 26 illustrates redundancy coding in SBR-2 according to the present invention;

Fig. 27 illustrates an implementation of a codec using the SBR-1 method according to the present invention; and
Fig. 28 illustrates an implementation of a coded using the SBR-2 method according to the present invention,

Fig. 29 is a block diagram of a "pseudo-stereo" generator according to the present invention,

DESCRIPTION OF PREFERRED EMBODIMENTS

Throughout the explanation of the embodiments herein, emphasis is given to natural audio source coding

applications. However, it should be understood that the present invention is applicable on a range of source coding
applications other than that of encoding and decoding audio signals.

Transposition basics

Transposition as defined according to the present invention, is the ideal method for spectral replication, and has
several major advantages over prior art, such as: no pitch detection is required, equally high performance for single-
pitched and polyphonic programme material is obtained, and the transposition works equally well for tonal and non-
tonal signals. Contrary to other methods, the transposition according to the invention can be used in arbitrary audio
source coding systems for arbitrary signal types.

An exact transposition a factor M of a discrete time signal x(n) in the form of a sum of cosines with time varying
amplitudes, is defined by the relation

N-1
Xn) =Y e,(n) cos2afinl f, +a;) > )
i=0
N-1
, Y=Y e, (n)cos@aMfin/ [, +B;) @

i=0

where N is the number of sinusoids, hereafter referred to as partials, f;, e,(n), @; are the individual input frequencies,

time envelopes and phase constants respectively, £; are the arbitrary output phase constants and £, is the sampling
frequency, and 0 < Mf; < f/2.

In Fig. 2, the generation of M® order harmonics, where M is an integer > 2, is shown. The term M order harmonics
is used for simplicity, albeit the process generates M™ order harmonics to all signals in a certain frequency region,
which in most cases are themselves harmonics of unknown order. The input signal with the frequency domain

BNSDOCID: <WO. 9857436A2_1_>
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representation X( /) is bandlimited to the range 0 to Jmax, 201. The signal contents in the TaNgE fone M 10 Of e IM,
where Q is the desired bandwidth expansion factor 1 < Q < M, is extracted by means of a bandpass filter, forming a
bandpass signal with spectrum Xpg( /') 203. The bandpass signal is transposed a factor A, forming a second
bandpass signal with spectrum X7( /) covering the range f,.., 10 Qfar, 205. The spectral envelope of this signal is
5 adjusted by means of a programune-controlled equaliser, forming a signal with spectrum Xe(f) 207. This signal is
then combined with a delayed version of the input signal in order to compensate for the delay imposed by the
bandpass filter and transposer, whereby an output signal with spectrum Y( /) covering the range 0 to Qf,,... is formed
209. Alternatively, bandpass filtering may be performed after the transposition M, using cut-off frequencics /. and
Ofmax. By using multiple transposers, simultaneous generation of different harmonic orders is of course possible.
10 The above scheme may also be used to “fill in” stopbands within the input signal, as shown in Fig. 3, where the
‘ input signal has a stopband extending from Joto Of,301. A passband [f; IM,QOfy /M] is then extracted 303, transposed

a factor M to [/ ,Qf5] 305, envelope adjusted 307 and combined with the delayed input signal forming the output
signal with spectrum Y( 1) 309.

15 Anapproximation of an exact transposition may be used. According to the present invention, the quality of such

approximations is determined using dissonance theory. A criterion for dissonance is presented by Plomp [“Tonal
Consonance and Critical Bandwidth” R, Plomp, W. J. M. Levelt JASA , Vol 38, 1965}, and states that two partials
are considered dissonant if the frequency difference is within approximately 5 to 50% of the bandwidth of the

critical band in which the partials are situated. For reference, the critical bandwidth for a given frequency can be
20 approximated by -

f 2,069
b(f)=25+75(1+1.4(—— 3
cb(f) ( (I 0 00) ) 3)
with fand ¢b in Hz. Further, Plomp states that the human auditory system can not discriminate two partials if they
differ in frequency by approximately less than five percent of the critical bandwidth in which they are situated. The
. exact transposition in Eq. 2 is approximated by

N-1

Yapprox(n) = 3 &,(n) cosQm(Mf; £ Af)n/ f,+ B,) (4)

=0

25

where Af; is the deviation from the exact transposition. If the input partials form a harmonic series, a hypothesis of
the invention states that the deviations from the harmonic series of the transposed partials must not exceed five

percent of the critical bandwidth in which they are situated. This would explain why prior art methods give

unsatisfactory “harsh” and “rough” results, since broad band linear frequency shifts yields a much larger deviation

than acceptable. When prior art methods produce more than one partial for only one input partial, the partials must
nevertheless be within the above stated deviation limit, as to be perceived as one partial. This again explains the
poor results obtained with prior art methods using nonlinearities etc,
within the limit of deviation.

30

since they produce intermodulation partials not

35  When using the above transposition based method of spectral replication accordin

g to the present invention, the
following important properties are achieved: .

—  Normally, no frequency domain overlap occur between replicated harmonics and existing partials.

ﬂ"
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—  The replicated partials are harmonically related to the partials of the input signal and will not give rise to any
annoying dissonance or artifacts.

- The spectral envelope of the replicated harmonics forms a smooth continuation of the input signal spectral
envelope, perceptually matching the original envelope.

Transposition based on time-variant pattern search prediction

Various ways to design the required transposers exist. Typical time-domain implementations expand the signal in
time by duplicating signal segments based on the pitch-period. This signal is subsequently read out at a different
rate. Unfortunately such methods are strictly dependent on pitch-detection for accurate time splicing of the signal
segments. Furthermore, the constraint to work on pitch-period based signal segments makes them sensitive to
transients. Since the detected pitch-period can be much longer than the actual transient, the risk of duplicating the
entire transient rather than just expanding it in time is obvious. Another type of time domain algorithms obtains time
expansion/compression of speech signals by utilising pattern search prediction of the output signal [“Pattern Search
Prediction of Speech” R. Bogner, T. Li, Proc. ICASSP °89, Vol. 1, May 1989, "Time-Scale Modification of Speech
based on a nonlinear Oscillator Model" G. Kubin, W. B. Kleijn, IEEE, 1994]. This is a form of granular synthesis,
where the input signal is divided into small parts, granules, used to synthesise the output signal. This synthesis is
usually done by performing correlation of signal segments in order to determine the best splicing points. 'I‘his.means
that the segments used to form the output signal are not dependent on the pitch period, and thus the non-trivial task
of pitch detection is not required. Nevertheless, problems with rapidly changing signal amplitudes remain in these
methods, and high quality transposition tends to raise high computational demands. However, an improved time-
domain pitch shifter/transposer is now presented, where the use of transient detection and dynamic system

parameters produces a more accurate transposition for high transposition factors during both stationary (tonal or
non-tonal) and transient sounds, at a low computational cost.

Referring to the drawings wherein like numerals indicate like elements, there is shown in Fig. 4 nine separate
modules: a transient-detector 401, a window position adjuster 403, a codebook generator 405, a synchronisation
signal selector 407, a synchronisation position memory 409, a minimum difference estimator 411, an output
segment memory 413, a mix unit 415, and a down sampler 417. The input signal is fed to both the codebook
generator 405 and the transient-detector 401. If a transient is detected, its position is sent to the window position
module 403. This module stipulates the size and position of the window that is multiplied with the input signal when
creating the codebook. The codebook generator 405 receives a synchronisation position from the sync select moduie
407, provided it has been connected to another transposer. If this synchronisation position is within the codebook, it
is used and an output segment is produced. Otherwise the codebook is sent to the minimum difference estimator 411
which returns a new synchronisation position. The new output segment is windowed together with the previous
output segment in the mix module 415 and subsequently down sampled in module 417.

In order to clarify the explanation, a state space representation is introduced. Here, the state vectors, or granules,
represent the input and output signals. The input signal is represented by a statevector x(n):

x(n) = [x(n), x(n - D), x(n - 2D),...,x(n - (N -1 D)) ©)
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which is obtained from N delayed samples of the input signal, where N is the dimension of the state vector and D is
the delay between the input samples used to build the vector. The granular mapping yields the sample x(n) following
each statevector x(n-1). This gives Eq. 6, where a(.) is the mapping:

x(n) = a(x(n-1)) . ©)

5 Inthe present method the granular mapping is used to determine the next output based on the former output, using a
state transition codebook. The codebook of length L is continuously rebuilt containing the statevectors and the next
sample following each statevector. Each statevector is separated from its neighbour by K samples; this enables the
system to adjust the time resolution depending on the characteristics of the currently processed signal, where K
equal to one represents the finest resolution. The input signal segment used o build the codebook is chosen based on

10 the position of a possible transient and the synchronisation position in the previous codebook.

This means that the mapping a(.), theoretically, is evaluated for all transitions included in the codebook:

x(n—-L) x(n—-L+1)
:x(n—L+K) _ :x(n—L+K+l) ' 7
X(n-1) x(r1)

With this transition codebook, the new output y(n) is calculated by searching for the statevector in the codebook

15 most similar to the current statevector y(n-1). This nearest-neighbour search is done by calculating the minimum

difference and gives the new output sample:
¥m)=a(y(n-1)). ®

However, the system is not limited to work on a sample by sample basis, but is preferably operated on a segment by
segment basis. The new output segment is windowed and added, mixed, with the previous output segment, and

subsequently down sampled. The pitch transposition factor is determined by the ratio of the input segment length
‘ represented by the codebook and the output segment length read out of the codebook.

Returning to the drawings, in Fig. 5 and Fig. 6 flowcharts are presented, displaying the cycle of operation of the
transposer. In 501 the input data is represented, a transient detection 503 is performed on a segment of the input
signal; the search for transients is performed on a segment length equal to the output segment length. If a transient is

found 505, the position of the transient is stored 507 and the parameters L (representing the codebook length), X
(representing the distance in samples between each statevector),

25

and D (representing the delay between samples in
each statevector) are adjusted 509. The position of the transient is compared to the position of the previous output

segment 511, in order to determine whether the transient has been processed. If so 513, the position of the codebook
(window L), and the parameters K, L, and D are adjusted 515. After the necessary parameter adjustments, based on
the outcome of the transient detection, the search for a new synchronisation, or splicing point takes place 517. This

procedure is displayed in Fig. 6. First a new synchronisation point is calculated based on the previous 601,
according to:

30

Sync_pos = Sync_pos old + SM -8, ©

35  where Sync_pos and Sync_pos_old are the new and old synchronisation positions respectively,

S is the length of the
input segment being processed, and M is the transposition factor. This synchronisation point is

used to compare the

1835
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accuracy of the new splicing point with the accuracy of the old splicing point 603. If the match is as good as or
better than the previous 605, this new synchronisation point is returned 607 provided it is within the codebook. If
not, a new synchronisation point is searched for in the loop 609. This is performed with a similarity measure, in this
case a minimum difference function 611, however, it is also possible to use correlation in the time- or frequency-
domain. If the position yields a better match than that of the previous position found 613 the synchronisation
position is stored 615. When all positions are tried 617 the system returns 619 to the flowchart in Fig. 5. The new
synchronisation point obtained is stored 519 and a new segment is read out from the codebook 521 starting at the

given synchronisation point. This segment is windowed and added to the previous 523, down sampled by the
transposition factor 525, and stored in the output buffer 527.

InFig. 7 the behaviour of the system under transient conditions regarding the position of the codebook is illustrated.
Prior to the transient, the codebook 1 representing the input segment 1 is positioned “to the left” of segment 1.
Correlation segment 1 represents a part of the previous output and is used to find synchronisation point 1 in
codebook 1. When the transient is detected, and the point of the transient is processed, the codebook is moved
according to Fig. 7a and is stationary until the input segment currently being processed is once again “to the right”

of the codebook. This makes it impossible to duplicate the transient since the system is not allowed to search for
synchronisation points prior to the transient,

Most pitch transposers; or time expanders, based on pattern search prediction give satisfactory results for speech and
single-pitched material, However,' their performance deteriorates rapidly for high complexity signals, like music, in
particular at large transposition factors. The present invention offers several solutions for improved performance,
therefore producing excellent results for any type of signal. Contrary to other designs, the system is time-variant and
the system parameters are based on the properties of the input signal, and the parameters used during the previous
operation cycle. The use of a transient detector controlling not only the codebook size and position, but also the
properties of the statevectors included, is a very robust and computationally efficient method to avoid audible
degradation during rapidly changing signal segments. Furthermore, alteration of the length of the signal segment
being processed, which would raise higher computational demands, is not required. Also, the present invention
utilises a refined codebook search based on the results from the preceding search. This means that contrary to an
ordinary correlation of two signal segments, as is usually done in time-domain systems based on pattern search
prediction, the most likely synchronisation positions are tried first instead of trying all positions consecutively. This
new method for reducing the codebook search drastically reduces the computational complexity of the system.
Further, when using several transposers, synchronisation position information can be shared among the transposers
for further reduction of the computational complexity, as shown in the following implementation.

The time-domain transposers as explained above are used to implement the SBR-1 and SBR-2 systems according to
the following, illustrative but not limiting, example. In Fig. 8 three time expansion modules are used in order to
generate second, third and fourth order harmonics. Since, in this example, each time domain expansion /Aransposer
works on a wideband signal, it is beneficial to adjust the spectral envelope of the source frequency range prior to
transposition, considering that there will be no means to do so after the transpositions, without adding a separate
equaliser system. The spectral envelope adjusters, 801, 803 and 805, each work on several filterbank channels. The
gain of each channel in the envelope adjusters must be set so that the sum, 813, 815, 817, at the output, after
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transposition, yields the desired spectral envelope. The transposers 807, 809 and 811 are interconnected in order to
share synchronisation position information. This is based on the fact that under certain conditions, a high correlation
will occur between the synchronisation positions found in the codebook during correlation in the separate
transposing units. Assume, as an example and again not limiting the scope of the invention, the fourth order
harmonic transposer works on a time frame basis half of that of the second order harmonic transposer but at twice
the duty cycle. Assume further, that the codebooks used for the two expanders are the same and that the

synchronisation positions of the two time-domain expanders are labelled sync_posd and sync_pos2, respectively.
This yields the following relation:

sync _ posl=sync_ posd—n-4-S—sync _offset  forn=1234.. . (10)
where

sync _offset =sync _ pos4 ~ sync _ pos2 , for n=0, (1

and S is the length of the input segment represented by the codebook. This is valid as long as neither of the
synchronisation position pointers reaches the end of the codebook. During normal operation » is increased by one
for each time-frame processed by the second order harmonic transposer, and when the codebook end inevitably is
reached, by either of the pointers, the counter 7 is set to n=0, and sync_pos2 and svnc_pos4 are computed

individually. Similar results are obtained for the third order harmonic transposer when connected to the fourth order
harmonic transposer.

The above-presented use of several interconnected time-domain transposers, for the creation of higher order
harmonics, introduces substantial computational reduction. Furthermore, the proposed use of time-domain
transposers in connection with a suitable filterbank, presents the opportunity to adjust the envelope of the created
spectrum while maintaining the simplicity and low computational cost of a time domain transposer, since these,

more or less, may be implemented using fixed point arithmetic and solely additive/subtractive-operations,

25 Other, illustrative but not limiting, examples of the present invention are:
—  the use of a time domain transposer within each subband in a subband filter bank, thus reducing the signal
complexity for each transposer.
—  the use of a time domain transposer in combination with a frequency domain transposer, thus enabling the
system to use different methods for transposition depending on the characteristics of the input signal being
30 processed.
—  the use of a time domain transposer in a wideband speech codec, operating on for instance the residual signal
obtained after linear prediction.
It should be recognised that the method outlined above may be advantageously used for timescale modification only,
by simply omitting the sample rate conversion. Further it is understood, that although the outlined method focuses
35 on pitch transposing to a higher pitch, i.e. time expansion, the same principles apply when transposing to a lower
pitch, i.e. time compression, as is obvious to those skilled in the art,
BNSDOCID: <WO, 9857436A2 | >
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Filter bank based transposition

Various new and innovative filter bank based transposition techniques will now be described. The signal to be
transposed is divided into a series of BP- or subband signals. The subband signals are then transposed. exact or
approximately, which is advantageously accomplished by a reconnection of analysis- and synthesis subbands,

hereinafter referred to as a “patch”. The method is first demonstrated using a Short Time Fourier Transform, STFT.
The N-point STFT of a discrete-time signal x(n) is defined by

Xem =Y x(p) h(n-p)eiar, (12)

p=—w

where k=0,1,... N-1and o, = 2ﬂk_/N and h(n) is a window. If the window satisfies the following conditions

h(0)=1
h(n)=0 for n==*N,+2N,+3N,.. 13

an inverse transform exists and is given by

i N-1 )
==X, (m) "
x(n) N L k(7 e (14)

The direct transform may be interpreted as an analyser, see Fig. 9a, consisting of a bank of N BP-filters with impulse
responses s(n)exp(jax.n) 901 followed by a bank of N multipliers with carriers exp(-faxn) 903 which shift the BP-
signals down to regions around 0 Hz, forming the N analysis signals X;(n). The window acts as a prototype LP-filter.
Xi(n) have small bandwidths and are normally downsampled 905. Eq. 12 need thus only be evaluated at #n = rR,
where R is the decimation factor and r is the new time variable. X;(n) can be recovered from X,(R) by upsampling,
see Fig 9b, i.e. insertion of zeros 907 followed by LP-filtering 909. The inverse transform may be interpreted as a
synthesiser consisting of a bank of N multipliers with carriers (1/N)exp(jax n) 911 that shift the signals X(n) up to
their original frequencies, followed by stages 913, Fig. 9c, that add the contributions y,(#) from all channels. The
STFT and ISTFT may be rearranged in order to use the DFT and IDFT, which makes the use of FFT algorithms

possible [“Implementation of the Phase Vocoder using the Fast Fourier Transform” M. R. Portnoff, IEEE ASSP,
Vol. 24, No. 3, 1976].

Fig. 9c shows a patch 915 for generation of second harmonics, A = 2, with N = 32. For the sake of simplicity, only
channels 0 through 16 are shown. The centre frequency of BP 16 equals the Nyqvist frequency, channels 17 through
31 correspond to negative frequencies. The blocks denoted P 917 and the gain blocks 919 will be described later and
should presently be considered shorted out. The input signal is in this example bandlimited so that only channels 0
through 7 contain signals. Analyser channels 8 through 16 are thus empty and need not be mapped o the
synthesiser. Analyser channels 0 through 7 are connected to synthesiser channels 0 through 7, corresponding to an
input signal delay path. Analysis channels k¥ where 4 < k < 7 are also connected to synthesis channels Mk, M =2,
which shift the signals to frequency regions at two times the centre-frequencies of BP filters k. Hence, the signals
are upshifted to their original ranges as well as transposed one octave up. To explore the harmonic generation in
terms of real-valued filter responses and modulators the negative frequencies must also be considered, see the lower
branch of Fig. 10a. Hence, the combined output of the remapping k —> Mk 1001 and N-k —> N-Mk 1003 where 4< k
<7 must be evaluated.

BNSDOCID: <WO___ 9857436A2_1_>
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This yields

yin) = %[x(n) * h(n)cos(a)kn)]cos((M —-Dw,n)) +

(15)
- —]'\27 [x(n) * h(n) sin(wkn)]sin((M - Dy n)

where M/ = 2. Eq. 15 may be interpreted as a BP-filtering of the input signal, followed by a linear frequency shift or
Upper Side Band (USB) modulation, i.e. single side band modulation using the upper side band, see Fig. 10b, where

5 1005 and 10607 form a Hilbert transformer, 1009 and 1011 are multipliers with cosine and sine carriers and 1013 is a
difference stage which selects the upper sideband. Clearly, such a multiband BP and SSB method may be
implemented explicitly, i.e. without filterbank patching, in the time or frequency domain, allowing arbitrary
selection of individual passbands and oscillator frequencies.

10 According to Eq. 15, a sinusoid with the frequency @; within the passband of analysis channel & yields a harmonic at
the frequency Max+(a - @). Hence the method, referred to as basic multiband transposition, only generates exact
harmonics for input signals with frequencies @, = ax, where 4 < k < 7. However, if the number of filters is
sufficiently large, the deviation from an exact transposition is negligible, see Eq. 4. Further, the transposition is
made exact for quasi-stationary tonal signals of arbitrary frequencies by inserting the blocks denoted P 917 (Fig. 9¢),
provided every analysis channel contains maximum one partial. In this case X«(rR) are complex exponentials with
frequencies equal to the differences between the partial frequencies @,

15

and the centre frequencies o of the analysis
filters. To obtain the exact transposition M, these frequencies must be increased by a factor M, modifying the above
frequency relationship to @ — MaxtM(ay - @) = Ma;. The frequencies of X,(rR) are equal to the time derivatives
of their respective unwrapped phase angles and may be estimated using first order differences of successive phase
20 angles. The frequency estimates are multiplied by M and synthesis phase angles are calculated using those new
frequencies. However, the same result, aside from a phase constant, is obtained in an simplified way by multiplying
. the analysis arguments by M directly, climinating the need for frequency estimation. This is described in Fig. 11,
representing the blocks 917. Thus Xi(R), where 4 < k <7 in this example, are converted from rectangular to polar
coordinates, illustrated by the blocks R -» P, 1101. The arguments are multiplied by A = 2 1103 and the magnitudes
25 are unaltered. The signals are then converted back to rectangular coordinates (P — R) 1105 forming the signals
Yin(rR) and fed to synthesiser channels according to Fig. 9c. This improved multiband transposition method thus
has two stages: The patch provides a coarse transposition, as in the basic method, and the phase-multipliers provide
fine frequency corrections. The above multiband transposition methods differ from traditional pitch shifting
techniques using the STFT, where lookup-table oscillators are used for the synthesis or, when the ISTFT is used for
30  the synthesis the signal is time-stretched and decimated, i.e. no patch is used.

The harmonic patch of Fig. 9¢ is easily modified for other transposition factors than two. Fig. 12 shows a patch 1203

for generation of 3 order harmonics, where 1201 are the analysis channels and 1205 are the synthesis channels.

Different harmonic orders may be created simultaneously as shown in Fig. 13, where 2™ and 3" order harmonics are

order harmonics. The lowest possible
harmonic number is used as high in frequency as possible. Above the upper limit of the destination range of

harmonic M, harmonic M+1 is used. Fig. 15 demonstrates a method of mapping all synthesiser channels V=64,

35  used. Fig. 14 illustrates a non-overlapping combination of 2™, 3™ and 4%

Channels 0 - 32 shown). All highband channels with non prime-number indices are mapped according to the

BNSDOCID: <WO, 9857436A2_|_> . 4 6 ‘?
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foliowing relation between source and destination channel number: &z, = Mk .. Where M is the smallest integer >2
that satisfies the condition that K. lies in the lowband and k., in the highband. Hence, no synthesiser channel
receives signal from more than one analysis channel. Prime-number highband channels may be mapped to &

source = 1

or lowband channels k... > 1 that yield good approximations of the above relation (Only non-prime number
connections with M/ = 2, 3, 4, 5 are shown in Fig. 15).

It is also possible to combine amplitude and phase information from different anatyser channels. The amplitude
signals |X(rR)| may be connected according to Fig. 16, whereas the phase signals arg{X,(rR)} are connected
according to the principle of Fig. 16. In this way the lowband frequencies will still be transposed, whereby a
periodic repetition of the source region envelope is generated instead of the stretched envelope that results from a
transposition according to Eq. 2. Gating or other means may be incorporated in order to avoid amplification of
“empty” source channels. Fig. 17 illustrates another application, the generation of sub-harmonics to a highpass
filtered or bass limited signal by using connections from higher to lower subbands. When using the above

transpositions it may be beneficial to employ adaptive switching of patch based on the characteristics of the signal.

In the above description it was assumed that the highésl frequency contained in the input signal was significantly
lower than the Nyqvist frequency. Thus, it was possible to perform a bandwidth expansion without an increase in
sample rate. This is however not always the case, why a preceding upsampling may be necessary. When using filter
bank methods for transposition, it is possible to integrate upsampling in the process.

Most perceptual codecs employ maximally decimated filter banks in the time to frequency mapping [“Introduction
to Perceptual Coding” K. Brandenburg, AES, Collected Papers on Digital Audio Bitrate Reduction, 1996). Fig. 182
shows the basic structure of a perceptual encoder system. The analysis filter bank 1801 splits the input signal into
several subband signals. The subband sampies are individually quantised 1803, using a reduced number of bits,
where the number of quantization levels are determined from a perceptual model 1807 which estimates the
minimum masking threshold. The subband samples are normalised, coded with optional redundancy coding methods
and combined with side information consisting of the normalisation factors, bit-allocation information and other
codec specific data 1805, to form the serial bit stream. The bit stream is then stored or transmitted. In the decoder,
Fig. 18b, the coded bitstream is demultiplexed 1809, decoded and the subband samples are re-quantised to the equal
number of bits 1811, A synthesis filter bank combines the subband samples in order to recreate the original signal
1813. Implementations using maximally decimated filter banks will drastically reduce computational costs. In the
following descriptions, there is a focus on cosine modulated filter banks. It should be appreciated however, that the
invention can be implemented using other types of filter banks or transforms, including filter bank interpretations of

the wavelet transform, other non-equal bandwidth filter banks or transforms and multi-dimensional filter banks or
transforms.

In the illustrative, but not limiting, descriptions below it is assumed that an Z-channel cosine modulated filter bank
splits the input signal x(;7) into L subband signals. The generic structure of a maximally decimated filter bank is
shown in Fig. 19. The analysis filters are denoted Hi(z) 1901, where k=0, 1,..., L-1. The subband signals vy(n) are
maximally decimated 1903, each of sampling frequency fi/L, where f; is the sampling frequency of x(n). The
synthesis section reassembles the subband signals after interpolation 1905 and filtering 1907 to produce x(n7) . The

BNSDOCID: <WO 9857436A2 | >
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synthesis filters are denoted Fi(z). In addition, the present invention performs a spectral replication on X(n), giving
an enhanced signal y(#).

Synthesising the subband signals with a QOL-channel filter bank, where only the L lowband channels are used and the
5 bandwidth expansion factor Q is chosen so that QL is an integer value, will result in an output bit stream with
sampling frequency Qf;. Hence, the extended filter bank will act as if it 1s an L-channel filter bank followed by an
upsampler. Since, in this case, the L(Q-1) highband filters are unused (fed with zeros), the audio bandwidth will not
change — the filter bank will merely reconstruct an upsampled version of X(n). If, however, the L subband signals
are patched to the highband filters, the bandwidth of *(n) will be increased by a factor O, producing y(n). This is the
10 maximally decimated filter bank version of the basic multiband transposer, according to the invention. Using this
scheme, the upsampling process is integrated in the synthesis filtering as explained earlier. It should be noted that
. any size of the synthesis filter bank may be used, resulting in different sample-rates of the output signal, and hence
different bandwidth expansion factors. Performing spectral replication on x(n) according to the present invention of

the basic multiband transposition method with an integer transposition factor M. is accomplished by patching the
15 subband signals as

Vag (1) = epg (M) (DM D0y (1 (16)

where k e [0,L-1] and chosen so that Mk e IL,OL-1], exn(n) is the envelope correction and -1k s a correction
factor for spectral inverted subbands. Spectral inversion results from decimation of subband signals, and the inverted
signals may be reinverted by changing sign on every second sampie in those channels. Referring to Fig. 20, consider

20 an 16-channel synthesis filter bank, patched 2009 for a transposition factor A/ = 2, with © =2. The blocks 2001 and

2003 denote the analysis filters Hy(z) and the decimators of Fig. 19 respectively. Similarly, 2005 and 2007 are the
interpolators and synthesis filters Fz). Eq. 16 then simplifies to patching of the four upper frequency subband
signals of the received data into every second of the eight uppermost channels in the synthesis filter bank. Due to
spectral inversion, every second patched subband signal must be frequency inverted before the synthesis.

9,

Additionally, the magnitudes of the patched signals must be adjusted 2011 according to the principles of SBR-
SBR-2.

lor

Using the basic multiband transposition method according to the present invention, the generated harmonics are in

general not exact multiples of the fundamentals, All frequencies but the lowest in every subband differs in some
30 extent from an exact transposition. Further, the replicated Spectrum contains zeros since the target interval covers a
wider frequency range than the source interval. Moreover, the alias cancellation properties of the cosine modulated
filter bank vanishes, since the subband signals are separated in frequency in the target interval. That is, neighbouring
subband signais do not overlap in the high-band area. However, aliasing reduction methods, known by those skilled

in the art, may be used to reduce this type of artifacts. Advantages of this transposition method are ease of
35  implementation, and the very low computational cost.

To achieve perfect transposition of sinusoids, an effective maximally decimated filter bank solution of the improved
multiband transposition method is now presented. The system uses an addi
the synthesis filter bank is cosine modulated as described by Vaidya

40 P.P. Vaidyanathan, Prentice Hall, Englewood Cliffs, New Jersey,

tional modified analysis filter bank, while
nathan [“Multirate Systems and Filter Banks”
1993, ISBN 0-13-605718-7). The steps for
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operation, using the improved multiband transposition method according to the present invention, based on

maximally decimated filter banks, are shown schematically in Fig. 21 and in the flow-chart of Fig. 22 and are as
follows:

1. The L received subband signals are synthesised with a QL-channel filter bank 2101, 2201, 2203, where the
L(Q-1) upper channels are fed with zeros, to form signal x;(n), which is thus oversampled by the bandwidth
expansion factor Q.

2. xi(n) is downsampled by a factor O, to form signal x,(') 2103, 2205, i. e. Xo(n') = x1(On").

3. Aninteger-value K is chosen as the size of a synthesis filter bank, constrained so that 7= KMIQ is an integer,
where T is the size of the modified analysis filter bank and M is the transposition factor 2207, 2209, 2211. X
should preferably be chosen large for stationary (tonal) signals, and smaller for dynamic (transient) signals.

4. xy(n') is filtered through a 7-channel modified analysis filter bank 2107, 2213, where the T analysis filters are
exponentially modulated, producing a set of complex-valued subband signals. The subband signals are
downsampled by a factor 7/, giving subband signals vk(M’(n"). k=0,1,..., T-1. Hence, the filter bank will
be oversampled by a factor M.

5. The samples vi**(n'") are converted to a polar representation (magnitude and phase-angie). The phase-angles
are multiplied by the factor M, and the samples are converted back to a rectangular representation according
to the scheme of Fig. 11. The real parts of the complex-valued samples are taken, giving the signals s*(n"")
2109, 2215. After this operation, the signals 5,*("") are critically sampled.

6. The gains of the signals 5,*(n"") are adjusted according to the principles of SBR-1 or SBR-2 2111, 2217.

7. The subband signals s;*’(n""), where k € [7T/M, min(X, 7)-1], are synthesised with an ordinary cosine
modulated K-channel filter bank, where the channels 0 through T/M-1 are fed with zeros 2105, 2221. This
produces the signal x;%2(r7).

8. x3%(n) is finally added to x,(n) to give y(n) 2223, which is the desired spectral replicated signal.

Steps 3 to 6 may be repeated for different values of the transposition factor A, thus adding multiple harmonics to
x1(n). This mode of operation is illustrated by the dotted figures of Fig. 21, and in Fig. 22, by iterating the loop over
boxes 2211 - 2219. In this case, K is chosen as to make T integer-valued for all choices of M — for integer valued
M:s; preferably select K as to make K/Q a positive integer. All subband signals s,(,M 0 (n"y, wherei=1,2,...,m,and
m is the number of transposition factors, are added according to

s =Y sM ") an

i=l

for every applicable k. In the first iteration of the loop of Fig. 22, the signals s(#'') may be considered to be subband
samples of zeros only, where k=0, 1,...,K-1. In every loop, the new samples are added 2219 to si(n"") as

5 (n") =5, (") +sM "), (18)

where k = K/Q, K/Q+1,..., min(K,T;)-1. The subband signals sy(n") are synthesised once with a K-channel filter
bank according to step 7.

BNSDOCID: <WO________9857436A2 1 >
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The modificd analysis filter bank of step 4, is derived through the theory of cosine modulated filter banks, where the
modulated lapped transform (MLT) ["Lapped Transforms for Efficient Transforin/Subband Coding" H. S. Malvar,

IEEE Trans ASSP, vol. 38, no. 6, 1990} is a special case. The impulse responses hi(n) of the filters in a 7-channel
cosine modulated filter bank may be written

N-1
2

5 h, (n)=Cp0(n)cos[£—, Qk+1)(n - )+¢)k], (19)

where k=0, 1,..., T-1, N is the length of the lowpass prototype filter po(17). C is a constant and @, is a phase-angle
that ensures alias cancellation between adjacent channels. The constraints on Dy is

D, =1

NN

, D, =i% and @, = O, +% (20a-c)
. which may be simplified to the closed form expression
10 D, = (-1 %’-. Q1

With this choice of @, , perfect reconstruction systems or approximate reconstruction systems (pseudo QMF

systems) may be obtained using synthesis filter banks with impulse responses as

N

-1
Je(n)=C p, (n)COS[-ZZ%Ok +h)(n- 5 )~ <Dk] . (22)

Consider the filters

15 - i (n)=C p, (n)sinl:{?ak +)(n- N 2*1) +®, ] , (23)

where 4'(n) are sine-modulated versions of the prototype filter po(n). The filters H"(z) and H(z) have identical
passband supports, but the phase responses differ. The passbands of the filters arc actually Hilbert transforms of

. each other (this is not valid for frequencies close to = 0 and o= m). Combining Eq. 19 and Eq. 23 according to
a iy 1 ./ 4 N-1 .
hi () =hy, (n)+ jh, (n)=C Po(m)exp E Ck+DH(n- T) +jd, 24)

20 yields filters that have the same shape of the magnitude responses as Hy(z) for positive frequencies but are zero for
negative frequencies. Using a filter bank with impulse responses as in Eq. 24 gives a set of subband signals that may
be interpreted as the analytic (complex) signals corresponding to the subband signals obtained from a filter bank
with impulse responses as in Eq. 19. Analytic signals are suitable for manipulation, since the complex-valued
samples may be written in a polar form, that is z(n) = r(n)+ i(n) = fz(n)lexp{/ arg(z(n))}. However, when using the

complex filter bank for transposition, the constraint on @ has to be generalised to retain the alias cancellation
property. The new constraint on &,

impulse responses as in Eq. 22 is

25
to ensure alias cancellation in combination with a synthesis filter bank with
O, = +(-1 k _ﬂ_
¥ =3(-1) v, (25)

‘which simplifies to Eq. 21 when M = 1. With this choice, transposed partials will have the same relative phases as
30 they would have when M/ = 1 (no transposition).
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Combining Eq. 24 and Eq. 25 results in

apn N Qk+D), N-1 (=D
hk_(n)—Cpo(n)exp{jzt[ 57 (n 5 )+ Y, }} (26)

which are the filters used in the modified filter bank of step 4, according to the present invention.

5 Some clarifications concerning step 5: downsampling the complex-valued subband signals by a factor T/A/ makes
them oversampled by M, which is an essential criterion when the phase-angles subsequénﬂy are mulitiplied by the
transposition factor M. The oversampling forces the number of subband samples per bandwidth, after transposition
to the target range. to equal that of the source range. The individual bandwidths of the transposed subband signals
are M times greater than those in the source range, due to the phase-mulitiplier. This makes the subband signals

10 critically sampled after step 5, and additionally, there will be no zeros in the spectrum when transposing tonal
signals.

In order to avoid trigonometric calculations, that is, having to compute the new subband signals as

imag{v (n")}
SI(CM) (n") =real VIEM) (n")lexpq jM arctal —];7——— =
real{v,(c' ) ")}
. M), »
imag{v n")}
15 = lv,(cM ) (n")| cos{ M arcta —-g—(’;’u——m , @7
realiv ) (")}
where v, *)(2")| is the absolute value of v,*(n"), the following trigonometric relationship is used:
cos(Ma) =cos™ (@) - B ysin? (@)cosM 2 (@) + A ysin (@) cosM 4@y -....  (8)
Letting
. (M), .n
a =arcta ﬂa@g{%-(—'—’l} , (29)
reakvi™ (n")}
20  and noting that
. M) 1y (e :
cos(@) = cos(arcta 1mag{v(,;4 ) (n” )3 )= rea {(\;‘) =) , (30)
realiy(0 (1"} | (")
and
: M), n : M) »
sin(a) = sin(arctan| ok ), oty (D)) a1
realtv® (")} |v,§M)(n")

the computations of step 5 may be accomplished without trigonometric calculations, reducing computational
25  complexity.
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When using transpositions where M is even, obstacles with the phase-multiplier may arise, depending on the
characteristics of the lowpass prototype filter Po(#). All applicable prototype filters have zeros on the unit circle in
the z-plane. A zero on the unit circle imposes a 180° shift in the phase response of the filter. For M even, the phase-
multiplier translates these shifts to 360° shifis; i.e. the phase-shifts vanish. The partials so located in frequency that
5 such phase-shifts vanish will give rise to aliasing in the synthesised signal. The worst case scenario is when a partial
is located at a point in frequency corresponding to the top of the first side iobe of an analysis filter. Depending on
the rejection of this lobe in the magnitude response, the aliasing will be more or less audible. As an example, the
first side lobe of the prototype filter used in the ISO/MPEG layer 1 and 2 standard is rejected 96 dB, while the
rejection is only 23 dB for the first side lobe of the sine-window used in the MDCT scheme of the ISO/MPEG layer
10 3 standard. It is clear, that this type of aliasing, using the sine-window, will be audible. A solution to this problem
‘ will be presented, and is referred to as relative phase locking,

The filters 4°(#n) all have linear phase responses. The phase-angles @, introduce relative phase differences between
adjacent channels, and the zeros on the unit circle introduce 180° phase-shifts at locations in frequency that may

15 differ between channels. By monitoring the phase-difference between neighbouring subband signals, before the
phase-multiplier is activated, it is easy to detect the channels that contain phase-inverted information. Considering
tonal signals, the phase-difference is approximately 7724, according to Eq. 25, for non-inverted signals, and
consequently approximately (1-1/2M) for signals, where either of the signals is inverted. The detection of inverted
signals may be accomplished simply by computing the dot product of samples in adjacent subbands as

20 v (n"y o v (n"y = realfv™ (n")}realfv ™) (n")) +imag{v™ (n") YimagtvM (. 32)

If the product in Eq. 32 is negative, the phase-difference is greater than 90°, and a phase-inversion condition is
present. The phase-angles of the complex-valued subband signals are multiplied by M, according to the scheme of
step 5, and finally, the inversion-tagged signals are negated. The relative phase locking method thus forces the 180°

shifted subband signals to retain this shift after the phase-multiplication, and hence maintain the aliasing
QS cancellation properties.

Spectral envelope adjustment

Most sounds, like speech and music, are characterised as products of slowly varying envelopes and rapidly varying
carriers with constant amplitude, as described by Stockham [“The Application of Generalized Linearity to

30 Automatic Gain Control” T.G. Stockham, Jr, IEEE Trans. on Audio and Electroacoustics, Vol. AU- 16, No. 2, June
1968] and Eq. 1.

In split-band perceptual audio coders, the audio signal is segmented into frames and s

plit into multiple frequency
bands using subband filters or a time

-to-frequency domain transform. In most codec types, the signal is

35  subsequently separated into two major signal components for transmission or storage, the spectral envelope
representation and the normalised subband samples or coefficients. Throughout the following description, the term
“subband samples” or “coefficients” refers to sample values obtained from subband filters as well as coefficients
obtained from a time-to-frequency transform. The term “spectral envelope” or “scale factors” represent values of the
subbands on a time-frame basis, such as the average or maximum magnitude in each subband, used for

40

normalisation of the subband samples. However, the spectral envelope may also be obtained using linear prediction
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LPC, [U.S. Pat. 5,684,920]. In a typical codec, the normalised subband samples require coding at a high bitrate
(using approximately 90% of the available bitrate), compared to the slowly varying temporal envelopes, and thus the

spectral envelopes, that may be coded at a much-reduced rate (using approximately 10% of the available bitrate).

Accurate spectral envelope of the replicated bandwidth is important if the timbral qualities of the original signal are
to be preserved. The perceived timbre of a musical instrument, or voice, is mainly determined by the spectral
distribution below a frequency fiim, located in the highest octaves of hearing. The spectral details above f;;, are thus
of less importance, and consequently the highband fine structures obtained by the above transposition methods
require no adjustment, while the coarse structures generally do. In order to enable such adjustment, it is useful to

filter the spectral representation of the signal to separate the envelope coarse structure from the fine structure.

In the SBR-1 implementation according to the present invention, the highband coarse spectral envelope is estimated
from the lowband information available at the decoder. This estimation is performed by continuously monitoring the
envelope of the lowband and adjusting the highband spectral envelope according to specific rules. A novel method
to accomplish the envelope estimation uses asymptotes in a logarithmic frequency-magnitude space, which is
equivalent to curve fitting with polynomials of varying order in the linear space. The level and slope of an upper
portion of the lowband spectrum are estimated, and the estimates are used to define the level and slope of one or
several segments representing the new highband envelope. The asymptote intersections are fixed in frequency and
act as pivot points. However not always necessary, it is beneficial to stipulate constraints to keep the highband
envelope excursions within realistic boundaries. An alternative approach to estimation of the spectral envelope is to
use vector quantization, VQ, of a large number of representative spectral envelopes, and store these in a lookup-
table or codebook. Vector quantization is performed by training the desired number of vectors on a vast amount of
training data, in this case audio spectral envelopes. The training is usually done with the Generalised Lloyd
Algorithm [“Vector Quantization and Signal Compression” A. Gersho, R. M. Gray, Kluwer Academic Publishers,
USA 1992, ISBN 0-7923-9181-0}, and yields vectors that optimally cover the contents of the training data.
Considering a VQ codebook consisting of A spectral envelopes trained by B envelopes (B >> A), then the A
envelopes represent the A most likely transitions from the lowband envelope to the highband envelope, based on B
observations of a wide variety of sounds. This is, theoretically, the A optimum rules for predicting the envelope
based on the B observations. When estimating a new highband spectral envelope, the original lowband envelope is

used to search the codebook and the highband part of the best matching codebook entry is applied to create the new
highband spectrum.

InFig. 23, the normalised subband samples are represented by 2301 and the spectral envelopes are represented by
the scalefactors 2305. For illustrative purposes the transmission to decoder 2303 is shown in parallel form. In the
SBR-2 method Fig. 24, the spectral envelope information is generated and transmitted according to Fig. 23, whereby
only the lowband subband samples are transmitted. Transmitted scalefactors thus span the full frequency range
while the subband samples only span a restricted frequency range, excluding the highband. At the decoder the
lowband subband samples 2401 are transposed 2403 and combined with the received highband spectral envelope
information 2405. In this way the synthetic highband spectral envelope is identical to that of the original, while
maintaining a significant bit rate reduction.
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In some codecs, it is possible to transmit the scalefactors for the entire spectral envelope while omitting the
highband subband samples, as shown in Fig. 24. Other codec standards stipulate that scalefactors and subband
samples must cover the same frequency range, i.e. scale-factors cannot be transmitted if the subband samples are
omitted. In such cases, there are several solutions; the highband spectral envelope information can be transmitied in
5 separate frames, where the frames have their own headers and optional error protection, followed by the data.
Regular decoders, not taking advantage of the present invention, will not recognise the headers and therefore discard
the extra frames. In a second solution, the highband spectral envelope information is transmitted as auxiliary data
within the encoded bitstream. However, the available auxiliary data field must be large enough to hold the envelope
information. In cases where none of the first two solutions are adaptable, a third solution, where the highband
10 spectral envelope information is hidden as subband samples, may be applied. Subband scalefactors cover alarge
dynamic range, typically exceeding 100 dB. It is thus possible to set an arbitrary number of subband scalefactors,
. 2505 in Fig. 25, to very low values, and to transmit the highband scalefactors “camouflaged” as subband samples,
2501. This way of transmitting the highband scale factors to the decoder 2503 ensures compatibility with the
bitstream syntax. Hence, arbitrary data may be transmitted in this fashion. A related method exists where
15 mformation is coded into the subband sample stream [U. S. Pat. 5,687, 191}. A fourth solution, F ig. 26, can be
applied when a coding system uses Huffman- or other redundancy coding 2603. The subband samples for the
highband is then set to zero 2601 or a constant value as to achieve a high redundancy.

Transient response improvements

20 Transient related artifacts are common problems in audio codecs, and similar artifacts occur in the present invention.
In general, patching generates spectral “zeros” or notches, -corresponding to time domain pre- and post-echoes, i.e.

spurious transients before and after “true” transients. Albeit the P-blocks “fill in the zeros” for slowly varying tonal

signals, the pre- and post-echoes remain. The improved multiband method is intended to work on discrete sinusoids,
where the number of sinusoids is restricted to one per subband. Transients or noise in a subband can be viewed as a
‘5 large number of discrete sinusoids within that subband. This generates intermodulation distortion, These artifacts are

considered as additional quantization-noise sources connected to the replicated highband channels during transient

intervals. Traditional methods to avoid pre- and post-echo artifacts in perceptual audio coders, for example adaptive

window switching, may hence be used to enhance the subjective quality of the improved multiband method. By

using the transient detection provided by the codec or a separate detector and reducing the number of channels under

30 transient conditions the “quantization noise” is forced not to exceed the time-dependent masking threshold. A

smaller number of channels is used during transient passages whereas a larger is used during tonal passages. Such
adaptive window switching is commonly used in codecs in order to trade frequency resolution for time resolution:
Different methods may be used in applications where the filterbank size is fixed. One

approach is to shape the
“quantization nois

e” in time via linear prediction in the spectral domain. The transposition is then performed on the
35 residual signal, which is the output of the linear prediction filter. Subsequently,

to the original- and spectral replicated channels simultaneously. Another appro
dynamic amplitude compression of the transient signal prior to transposition o
expansion after transposition. It is also possible to switch between transpositi

an inverse prediction filter is applied
ach employs a compander system i.e.
r coding, and a complementary

on methods in a signal dependent
manner, for example, a high resolution filterbank transposition method is used for stationary signals, and a time-

40  variant pattern search prediction method is employed for transient signals.
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Practical implementations

Using a standard signal-processor or a powerful PC, real-time operation of 2 SBR-enhanced codec is possible. The
SBR enhanced codec may also be hard-coded on a custom chip. It may also be implemented in various kinds of
systems for storage or transmission of signals, analogue or digital, using arbitrary codecs, Fig. 27 and Fig. 28. The
SBR-1 method may be integrated in a decoder or supplied as an add-on hardware or software post-processing
module. The SBR-2 method needs additional modification of the encoder. In Fig. 27 the analogue input signal is fed
to the A/D-converter 2701, forming a digital signal which is fed to the an arbitrary encoder 2703, where source
coding is performed. The signal fed into the system may be of such a low-pass type that spectral bands within the
auditory range already have been discarded, or spectral bands are discarded in the arbitrary encoder. The resulting
lowband signals are fed to the multiplexer 2705, forming a serial bitstream which is transmitted or stored 2707. The
de-multiplexer 2709 restores the signals and feeds them to an arbitrary decoder 2711. The spectral envelope
information 2715 is estimated at the decoder 2713 and fed to the SBR-1 unit 2713 which transposes the lowband

signal to a highband signal and creates an envelope adjusted wideband signal. Finally, the digital wideband signal is
converted 2717 to an analogue output signal.

The SBR-2 method needs additional modification of the encoder. In Fig. 28 the analogue input signal is fed to the
A/D-converter 2801, forming a digital signal which is fed to the an arbitrary encoder 2803, where source coding is
performed. The spectral envelope information is extracted 2805. The resulting signals, lowband subband samples or
coefficients and wideband envelope information, are fed to the multiplexer 2807, forming a serial bitstream which is
transmitted or stored 2809. The dé—multiplexer 2811 restores the signals, lowband subband samples or coefficients
and wideband envelope information, and feeds them to an arbitrary decoder 2815. The spectral envelope
information 2813 is fed from the de-multiplexer 2811 to the SBR-2 unit 2817 which transposes the lowband signal

to a highband signal and creates an envelope adjusted wideband signal. Finally, the digital wideband signal is
converted 2819 to an analogue output signal.

When only very low bitrates are available, (Internet and slow telephone modems, AM-broadcasting etc.) mono
coding of the audio program material is unavoidable. In order to improve the perceived quality and make the
programme more pleasant sounding, a simple "pseudo-stereo” generator, Fig. 29, is obtained by the introduction of a
tapped delayline 2901. This may feed 10ms and 15ms delayed signals at approximately -6dB 2903 to each output

channel in addition to the original mono signal 2905. The pseudo-stereo generator offers a valuable perceptuat
improvement at a low computational cost.

The above-described embodiments are merely illustrative for the principles of the present invention for andio source
coding improvement. It is understood that modifications and variations of the arrangements and the details described
herein will be apparent to others skilled in the art. It is the intent, therefore, to be limited only by the scope of the

impending patent claims and not by the specific details presented by way of description and explanation of the
embodiments herein.
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CLAIMS

1. A method for enhancement of a source coding system where said source coding system comprises an encoder
representing all operations performed prior to storage or transmission, and a decoder representing all operations
5 performed after storage or transmission, characterised by:

at said encoder, discarding frequency band(s) of an original signal, forming a first signal;

at said decoder, by means of transposition performed on said first signal, replicating frequency band(s) of
said original signal, forming a second signal; and

combining said first and said second signal, forming an output signal; whereby reduced bitrate at a given

10 perceptual quality or improved perceptual quality at a given bitrate is obtained.

2. A method according to claim 1, characterised in that passband(s) of said second signal are set not to overlap or
only partly overlap passband(s) of said first signal.

15 3. A method according to claims 1 - 2, characterised in that spectral envelope adjustment is performed based on

estimation of the spectral envelope of said discarded frequency band(s) of said original signal using said first signal.

4. A method according to claims 1 - 2, characterised in that spectral envelope adjustment is performed based on
transmitted envelope information of said discarded frequency band(s) of said original signal.

20
S. A method according to claim 4, characterised in that said spectral envelope information is transmitted as
subband samples in an arbitrary number of subband channels where the gains of said subband channels are set to a
low level; whereby compatibility with standardised decoders is ensured,

.5 6. A method according to claim 4, characterised in that said envelope information is transmitted as scale factors
without transmission of the corresponding subband samples.

7. A method according to claim 4, characterised in that said envelope information is transmitted as scale factors

and the corresponding subband samples are set to zero or a constant value; whereby the entropy of the subband
30 samples is reduced.

8. A method according to claims 1 - 7, characterised in that said output signal, when monophonic audio, is split

into two signals each comprised of said output signal and delayed versions of the same to obtain a pseudo-
signal.

stereo

35

9. A method according to claims 1 - 7, where said transposition is characterised by:

filtering a signal through a set of N > 2 bandpass filters with passbands comprising the frequencies e fi]
respectively, forming N bandpass signals:

shifting said bandpass signals in frequency to regions comprising the frequencies M [fises

Jvjwhere M # 1is
40  the transposition factor; and

forming a transposed signal by combining said shifted bandpass signals.

¢,
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10. A method according to claim 9, characterised in that said frequency shifiing is obtained through upper side
band (USB) modulau'on.

11. A method for transposition by a factor M, characterised by:

bandpass filtering a signal using an analysis filter bank or transform of such a nature that real- or complex-
valued subband signals of lowpass type are generated;

patching an arbitrary number of channels & of said analysis filter bank or transform to channels Afk, A/ # 1, in
a synthesis filter bank or transform; and

forming a transposed signal using said synthesis filter bank or transform.

12. A method according to claim 11, characterised in that said filter bank is maximally decimated and said
patching is performed according to the relation

)M~

v (7)) = (- vi(n),

where (-1)(M'1 YN i a correction factor, vi(n) the subband signal of channel %, and vu(n1) the subband signal of

channel Mk; whereby compensation of spectral inverted subband signals is obtained.

13. A method according to claims 11 - 12, characterised by:

patching the phases of the subband signals from channels & of said analysis filter bank or transform as the
phases of the subband signals associated with synthesis channels Mk, Af # 1; and
patching the magnitudes of the subband signals from consecutive channels / of said analysis filter bank or

transform as the magnitudes of the subband signals associated with consecutive synthesis channels /+S, where S is
an integer # 1.

14. A method according to claims 11 - 13, characterised in that the phases of said subband signals of said channels
k are multiplied by said factor M before using said synthesis filter bank or transform.,

15. A method according to claims 11 - 14, characterised in that M/ = K*' | where X is an integer > 1.

16. A method according to claims 11 - 15, characterised in that said patching employs multiple values of said
transposition factor M.

9857436A2_1_>




WO 98/57436 PCT/1B98/00893
25

17. A method for transposition by a factor A7, characterised by:

filtering a signal through a parallel bank of L filters with impulse responses as

_ E k- NTh ek
hk(n)—KpO(n)exp[j 2L(2/x+1)(n 5 )+ (=) 4A/[]’

where k=0, 1,..., L-1, X is a constant, and Po(n) is a lowpass prototype filter of length N, producing a set of L
5 complex-valued signals; -
downsampling said L signals with a factor LM, producing a set of L complex-valued subband signals;
multiplying the phase-angles of said complex-valued subband signats by M, giving a new set of subband
signals;
selecting the real part of said new set of subband signals, resulting in a set of  real-valued subband signals;
.0 upsampling a subset of said real-valued subband signals with a factor ', producing a set of real-vaiued
signals;
filtering said real-valued signals through a parallel bank of L filters with impulse responses as

N"l__kﬁ
2 )= (-1) 4],

Je(m =K' py(n) cos[ziy(zk +D(n -

where k=0, 1,..., L’-1, X" is a constant and p'o(n) is a lowpass prototype filter of length A", forming a set of 1’
15 filtered signals; and

adding said L' filtered signals to produce a transposed signal.

18. A method according to claim 17, characterised in that said multiplication of said phase-angles and said
selecting of the real part, is computed by:
20 writing said complex-valued subband signals as

Zym =R (m)+j1,(n),

. where Ri(n) and Ii(n) are the real and imaginary parts of Zi(n) respectively;
calculating said real-valued subband signals W(n) as

Wi (n)=|Z, (m) cos{M arclm{%%}} ,

25 where |Zyn)| = sqrt{Rk(n)2+1k(n)2} and M is a positive integer transposition factor, using the trigonometric identity

cos(Ma) = cos™ (a@)- (Q’I )sin? (a)cos™ 2 (a)+ (ﬁ‘ )sin4 (@) cosM—* @a)-...,

where = arctan{/i(n)/Ry(n)}, and the relations

_ R,m) . _ dym)
cos(a) = IZI: (”)| and sin(a) = ———~|Zk (n)[ ;

whereby reducing computational complexity by elimination of all trigonometric calculations.
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19. A method according to claim 17, characterised by:
on a block basis, extracting information conveyed by the phase-difference of an adjacent pair of said
complex-valued subband signals;
performing said multiplication of said phase-angles by M/, forming a pair of said new subband signals; and
negating one of said new subband signals, on a condition provided by said information; whereby 180° phase-

shifts of the subband signals are retained when employing an even integer-valued transposition factor M.

20. A method according to claim 19, characterised in that said information is given by the dot-product of said
complex-valued subband signals Zi(n) and Z.,(n) according to

Zy(MoZ (M=R (MR, (M+I (M, (n),

where R(n) and /,(n) are the real and imaginary parts of Z;(i7) respectively, i = k, k+1, and one of said new subband
signals is negated provided said dot-product is negative.

21. A method for transposition, by expanding or compressing a first signal in time and duplicating or discarding
arbitrary long segments of said first signal, subsequently down- or up-sample said first signal, characterised by:

performing transient detection on said first signal;

determining which segment of said first signal to be used when duplicating or discarding parts of said first
signal depending on the outcome of the transient detection;

adjusting the length L of said signal segment depending on the outcome of the transient detection;

adjusting the number of samples N used for each statevector depending on the outcome of the transient
detection;

adjusting the delay D between samples in said statevector depending on the outcome of the transient
detection,;

adjusting the number of samples K between each statevector depending on the outcome of the transient

detection; and

searching for synchronisation points in chosen segment of said first signal, based on the synchronisation
point found in the previous synchronisation point search.

22. A method according to claim 21, characterised in that several transposers are interconnected in order to share
synchronisation point information; whereby reduced computational complexity is achieved.

23. A method according to claims 21 - 22, characterised in that said transposers are connected to a suitable filter
bank, and the signals fed into each of said transposers are filtered as to obtain an arbitrary spectral envelope of the
new signal being the sum of said signals being processed by said transposers.
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24. A system for enhanced decoding of a source coded signal derived from an original signal, characterised by:
transposition means for transposing frequency band(s) of said source coded signal, forming a first signal;
estimation means operating on said source coded signal, for estimation of the spectral envelope of said

original signal; '
adjusting means for adjusting the spectral envelope of said first signal, based on said estimation;
combining means for combining said source coded signal and said adjusted first signal: whereby reduced

bitrate at a given perceptual quality or improved perceptual quality at a given bitrate is achieved.

25. An apparatus according to claim 24, operating when said output signal is monophonic audio characterised by:

delaying means for delaying and attenuating means for attenuating said output signal forming a first delayed
signal,

delaying means for delaying and attenuating means for attenuating said output signal, using different
parameters, forming a second delayed signal,

means for adding said output and said first delayed signal, forming a lefi-channel output signal; and

means for adding said output and said second delayed signal, forming a right-channel output signal; whereby
obtaining a pseudo stereophonic signal.

26. A system for enhanced source coding where said system comprises an encoder representing all units preceding a
storage media or transmission channel, and a decoder representing all units following said storage media or
transmission channel, characterised by:

discarding means at said encoder for discarding frequency band(s) of an original signal, forming a first
signal,

extracting means at said encoder for extracting spectral envelope information of said ori

ginal signal, forming
a second signal;

means at said encoder for coding of said first and second signals;

transposition means at said decoder for transposing frequency band(s) of said first signal, forming a third
signal, .

adjusting means at said decoder for spectral envelope adjustment of said third signal, based on said second
signal; and

combining means at said decoder for combining said first and said adjusted third signal; whereby reduced
bitrate at a given perceptual quality or improved perceptual quality at a given bitrate is achieved.

27. An apparatus according to claim 26, operating when said output signal is monophonic audio characterised by:
delaying means for delaying and attenuating means for attenuating said output signal forming a first delayed
signal;
delaying means for delaying and attenuating means for attenuating said output signal, using different
parameters, forming a second delayed signal;

means for adding said output and said first delayed signal, forming a left-channel output signal; and
means for adding said output and said second delayed signal, fo

rming a right-channel output signal; whereby
obtaining a pseudo stereophonic signal.
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28. An apparatus for transposition a factor M, characterised by:

filtering a signal by means of an analysis filter bank or transform of such a nature that real- or complex-
valued subband signals of lowpass type are generated,

means for patching an arbitrary number of channels % of said analysis filter bank or transform to channels
Mk, M+ 1, in a synthesis filter bank or transformn; and

forming a transposed signal by means of said synthesis filter bank or transform.

29. An apparatus according to claim 28, characterised in that when A = K*! | where K is an integer > 1, the phases

of the subband signals of said channels k are multiplied by M before using said synthesis filter bank or transform.

30. An apparatus for transposition by a factor M, characterised by:
filtering means for filtering a signal through a parallel bank of L filters with impulse responses as
N

MMFKMWW%%QMMM-;Hﬂkﬁﬁﬂ,
where k=0, 1,..., L-1, K is a constant, po(n) is a lowpass prototype filter of length N, and M is the transposition
factor, producing a set of L complex-vaiued signals;

means for downsampling said L signals with a factor L/M, producing a set of L complex-valued subband
signals;

means for multiplying the phase-angles of said complex-valued subband signals by M, giving a new set of
subband signals;

means for selecting the real part of said new set of subband signals, resulting in a set of L real-valued
subband signals;

means for upsampling a subset of said real-valued subband signals with a factor L, producing a set of real-
valued signals;

filtering means for filtering said real-valued signals through a parallel bank of L' filters with impulse
responses as

—K' pt z it NP 3.1
fu(m=K po(n>cos[2L,(2k+1xn > =D 4],

where k=0, 1,..., L'-1, K" is a constant and p's(n) is a lowpass prototype filter of length A", forming a set of L'
filtered signals; and

means for adding said L' filtered signals to produce the transposed signal.

BNSDOCID: <WO 9857436A2_]_>




10

15

20

‘5

WO 98/57436 . PCT/IB98/00893
29

31. An apparatus for transposition, by expanding or compressing a first signal in time by duplicating or discarding
arbitrary long segments of said first signal, and subsequently down- or up-sample said first signal, characterised
by:

detection means for performing transient detection on said first signal,

means for using the position of a possible transient when determining which segment of said first signal to be
used when duplicating or discarding parts of said first signal, in order to obtain said transposition;

adjusting means for adjusting the length (L) of said signal segment depending on the output from the

transient detector;

adjusting means for adjusting the nunber of samples (V) used for each statevector depending on the output
from the transient detector;

adjusting means for adjusting the delay (D) between samples in said statevector depending on the output
from the transient detector;

adjusting means for adjusting the number of samples (K) between each statevector depending on the output
from the transient detector; and '

searching means for searching for synchronisation points in chosen scgment of said first signal, based on the
synchronisation point found in the previous synchronisation point search.

32. An apparatus according to claim 31, operating on subband signals characterised by:
means for sharing synchronisation information between multiple instances of said transposer;
means for forming subsets of said subband signals;,
means for amplitude adjustment of every channel within each of said subsets;
synthesis filter bank means for forming,

transposers;

from each of said subsets, an input signal to each instance of said

processing said input signals by said transposers; and

summation means for acquiring a new signal by summation of said processed si

gnals; whereby an arbitrary
spectral envelope can be obtained.

BNSDOCID: <WO, 9857436A2_| >
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Bogota D.C.,
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Doctor(a)

CARDENAS NAVAS DARIO
Apoderado(a) y/o Representante de
FRAUNHOFER GESELLSCHAFT ZUR FORDERUNG DER ANGEWANDTEN FORSCHUNG EV

REFERENCIA Radicacion No. 10 131388
Solicitud internacional PCT/EP2010/054422
Fecha inicio fase nacional 02/11/2012

Tramite 1
Evento 378
Actuacién 430

Oficio No. B‘J 57 7 éﬂ

Como resultado del examen de forma, realizado con fundamento en e} articulo 38 de la Decision 486 de la
Comisién de la Comunidad Andina, articulo 27 del Tratado de Cooperacién en Materia de Patentes (PCT), regla
51 bis det Reglamento y Circular Unica de la Superintendencia de Industria y Comercio, se le comunica que:

1. La solicitud no contiene et poder debidamente otorgado, con el lleno de los requisitos exigidos por ios articulos
63 y subsiguientes del Cédigo de Procedimiento Civil. Adicionalmente, deberad presentar el documento que
acredita la existencia y representacion legal de la sociedad solicitante, cuando ésta fuere persona juridica.

2. La solicitud no contiene la copia del documento en que consta la cesion del derecho a la patente del inventor al
solicitante 0 a su causante, conforme a lo establecido por el articulo 26 literal k) de la Decision 486 de la
Comisién de la Comunidad Andina. Cuando se trate de documentos otorgados en el extranjero, estos deberan
legalizarse de conformidad con lo dispuesto por los articulos 259 y 260 del Codigo de Procedimiento Civil.
Cuando se trate de las declaraciones a que hace referencia la Regla 4.17 ii) del Tratado de Cooperacién en
Materia de Patentes PCT., el alcance de las tales declaraciones se determinara segun indiquen claramente una
cesion de derechos del inventor al solicitante 0 su causante, de conformidad con lo dispuesto en el numeral
5.2.15 del Capitulo Quinto, Titulo X de la Circular Unica de Superintendencia de Industria y Comercio.

En cumplimiento de lo dispuesto por el articulo 39 de la Decisién 486, se le requiere para que dentro del término
de dos meses siguientes a la fecha de notificacién del presente oficio, complete los requisitos anteriormente
enunciados. En caso de no dar cumplimiento al presente requerimiento, la solicitud se considerara abandonada y
perdera su prelacion.
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Web: www.sic.gov.co e-mail: info@sic.gov.co
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Notifiquese el presente oficio conforme a lo dispuesto en el numeral 5.2, literal e), del capitulo quinto del titulo
primero de la Circular Unica

ALIX CARMENZA/CESPEDES DE VERGEL
Directora de Nueyas Creaciones (c)

; 03 DIt 2010
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