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RESUMEN

Este trabajo ha sido desarrollado con la finalidad de dar a conocer la mejor
forma de realizar una cancelacion de diafonia cuando se halla en un escenario
de VDSL2, basandose en dos métodos, uno ideal y el otro una aproximacion al
método ideal, denominado método ciego, mientras revisamos las caracteristicas
en las que se desarrolla esta tecnologia lo que veremos es su desarrollo
matematico para poder ser realizado. Es muy util saber de dénde se obtienen
aquellas variables que estan siendo calculadas dentro de una ecuacién que
define la cancelacion de diafonia y ademas obtener nuevos conocimientos que
nos muestren que no solo hay interferencias externas en los medios de
comunicacion sino que ademas hay internamente problemas en el canal de

comunicacion.

Hoy por hoy estamos en la evolucién de la tecnologia VDSL, esperemos que los
inconvenientes de aplicacion sean minimizados con el algoritmo de cancelaciéon
ciega ya que es muy eficiente en reducir sus interferencias, teniendo presente
que el mejor algoritmo de cancelacion es el ideal, pero que lamentablemente no
estamos dispuestos a implementar debido a una de sus variables fisicas. Pero
aqui podremos obtener mas que una idea de este algoritmo y aprender su punto
de aplicacién, cual es su desempefio y en donde esta la dificultad de ser
aplicado, teniendo presente que hay otros métodos de cancelacién de diafonia,
entenderemos porque el algoritmo de cancelacién ciego es el mas accesible, y

nuestros compaferos podran tener presente si esta tecnologia les es
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conveniente en su debido momento que se necesite realizar estudios de

aplicacién de VDSL2.

Como estudiantes de Electrénica y Telecomunicaciones estamos capacitados
para realizar un analisis a esta tecnologia, haciendo uso de conceptos basicos y
de la experiencia obtenida a lo largo de la carrera, pudiendo evaluar
caracteristicas y datos que en un momento estudiantes nos cuestionamos de su
importancia, por eso, mediante el presente trabajo, se podra ver una total
aplicacion de aquellos conceptos de sefiales y sistemas, el valor que se juega la
estadistica y sobre todo la probabilidad, inmersas en ecuaciones que se apegan
potencialmente a espacios reales. Con esto les hacemos un llamado a todos los
compafieros de la carrera, para que no lleguen a pensar que el material que se
revisa no es necesario, sino mas bien es tan util como importante para

involucrarse en las nuevas tecnologias que estan inundando el medio actual.

Queremos dar paso a mas investigaciones sobre cancelacion de diafonia, a
pesar de existir métodos actuales, en la practica las variables costos siempre
pone un alto en toda aplicacién, por esto queremos ser parte de la iniciativa
hacia la investigacion en VDSL2, ya que hay ademas mucho de donde
investigar, por ejemplo el retardo entre simbolos, la aproximacion en el exceso

de banda y mas temas que hemos presentado en nuestro trabajo..
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INTRODUCCION

En la actualidad disponemos de una tecnologia que permite compartir
conocimientos de manera ilimitada del mundo como es el internet, casi
todas las personas que poseen un computador estan conectados a
internet, pero conseguir este servicio tiene sus costos y siempre
buscamos economizar al momento de adquirirlo, una de las maneras de
economizar el costo del servicio por parte de los proveedores es
haciendo uso de redes que ya estan en todas partes y no exista la
necesidad de crear una nueva red, hablamos de las redes publicas
conmutadas de telefonia analoga para voz, la cual esta ya presente y
que nos ayuda a reducir costos de implementacion de redes de datos.
Mantener esta red en buenas condiciones solo nos presenta pequefios
costos operativos que a lo largo de los afos se debe realizar para
mantener calidad de servicio. Esta tecnologia que mencionamos se la
llama DSL, Linea Digital de Abonado (Digital Subscriber Line), y esta en
constante desarrollo debido a las limitantes de conexién y velocidad
para la transmision de datos, sin mencionar la topologia de la red, esta
tecnologia puede llegar a una velocidad de transmisiéon de 100

Megabits por segundo tanto en descarga como en subida (VDSL2).
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El sentido de hacer uso de esta tecnologia es dar al usuario varios
servicios bajo una topologia de red, servicio conocido como "triple play",
que incluye voz, video, datos, televisiéon de alta definicion y juegos
interactivos, pero la falta de base tecnolégica ha postergado esa
posibilidad de crecimiento, a pesar de la gran demanda por parte de los
usuarios de una tecnologia que optimice su tiempo brindando mayor
velocidad de respuesta y la obtencion de gran cantidad de informacién
como es el caso de VDSL2, la que aprovecha mas apropiadamente el
espectro de frecuencia del cobre, utilizando cuatro canales para la
comunicacion, dos para la subida (del cliente hacia el proveedor) y dos

para la bajada.

El problema de las tecnologias en vias de desarrollo es que necesitan
una regulaciéon y en la practica necesitan cumplir factores que no la
expongan a efectos no deseados como interferencia, atenuacion de la
senal por distancia del cliente, retardos en la comunicacion, entre otros
factores, es asi, que la evolucién de estas tecnologias trae consigo el
desarrollo de equipos que corrijan errores en la transmision; estan los
repetidores de sefal, aislantes de ruido externo, pero aun asi estos
factores externos no son lo suficiente para mantener una senal limpia

que transporte los datos claramente, pues, existen también factores
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internos que se producen en el canal de comunicacién, como el eco, la
diafonia, desvanecimiento, etc., pero gran parte de ellos son corregibles
mediante equipos o software inteligente. Nuestro mayor problema esta
en la diafonia, causada por acoplamientos magnéticos entre los pares
de cables o como consecuencia de desequilibrios de admitancia entre
los mismos hilos que forman el circuito de comunicacion, dificiles de
corregir ya que no existe un comun denominador entre los fabricantes
de cables, revestimiento de estos y demas caracteristicas que hacen al
cable realizar un enlace. Los problemas que nos trae la diafonia son
bien serios en la comunicaciéon ya que hace que se vea limitado el
rendimiento del sistema VDSL2, afectando parametros como la
capacidad del canal y tasa de error, ademas de crear la interferencia
entre un cable y otro, teniendo en cuenta que existen cables con mas
de un par trenzado en su interior nos limita a aumentar el niumero de
abonados por un mismo cable y ademas no podemos ponerlos bien
cercanos entre si, porque se crea una distorsion de informacién que no
podra ser procesada luego por nuestro modem de comunicacién,

guedando esta tecnologia descartada para su uso.

El despliegue de esta tecnologia hace que el siguiente trabajo tenga
una relevante importancia en su desarrollo ya que vamos a realizar una

eliminacién o cancelacion de diafonia, tratar de limpiar este problema
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que se presenta entre los cables de varios pares trenzados en su
interior y asi traer la tecnologia a nuestro pais. Somos conscientes de
que todos los usuarios de internet necesitan de una conexion lo mas
econdmica posible y con una fuerte eficiencia en la comunicacion de
sus datos, es por eso que creemos muy importante el desarrollo de este
tema y esperamos que sea tomado presente para nuevas tecnologias

como son del grupo xDSL.
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CAPITULO I.

1 CONTENIDO

1.1 Técnicas de cancelacion

Existen varios criterios para poder realizar una cancelacion de diafonia
en un canal VDSL2, los cuales se pueden emplear del lado del

transmisor o del lado del receptor.

Del lado del transmisor hay varias técnicas como:

El uso de cddigos de bloqueo: Si los bloques de cdodigo son
mayores que la longitud minima, el NEXT puede eliminarse por

completo;

Modificando la configuracion de los espectros de transmision:
disefiado para rechazar la NEXT de una manera que maximiza la
tasa general de los datos, ademas mantiene la compatibilidad

espectral con otros servicios;
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Modificando el algoritmo de carga de bit. cambia el orden de poder

colocar los bits en la trama.

Pero estas técnicas mencionadas estan solo enfocadas a evitar la
diafonia, mas no realizan la cancelacion total de esta, por otro lado, su
implementacion practicamente tiene una excesiva dificultad, ya que
requieren de que se realicen cambios en los estandares existentes para
la comunicaciéon VDSL2. De esta manera no es la mejor opcioén para

nosotros tomar una de estas técnicas de cancelacion.

Las técnicas que disponemos por el lado del receptor son:

La ecualizaciéon por retroalimentacion: la diafonia asume tiene el
mismo indice de muestreo como fuente, utiles para cancelar su

propio NEXT y su propio FEXT;

La deteccion de multiusuario y sus variaciones ciegas posiblemente
sean las mejores técnicas para hacer la cancelacion de diafonia, sin
embargo, al ser tan generales hacen que su desarrollo

computacional sea tan costoso de implementar.



17

La mayoria de técnicas para cancelar o atenuar la diafonia requieren el
conocimiento explicito de la funcion de acoplamiento que se presenta
entre los pares trenzados, la cual no es posible obtener debido a que no
hay una caracteristica exacta de estos entre la misma cantidad de

cables de una central de transmision y el cliente final.

Asi como hemos visto las técnicas anteriores se presentan
inconvenientes a momento de su aplicacion, pues atenuar o cancelar la
diafonia requiere de una inversibn muy costosa, por otro lado los
resultados que se obtienen al utilizar estas técnicas no son del todo
eficientes, nos vemos obligado a enfocar nuestro trabajo en una técnica
que ademas de ser mas factible su implementacién en la practica, no
presenta ningun problema a nivel de costos, y ademas, lo mas
relevante de todo, es que los resultados que se obtienen de llevarla a
cabo muestran un desempefio significante en la reduccién de la
diafonia, superando notablemente a las técnicas que se utilizan tanto en
el lado del transmisor y en el lado del receptor, se trata de la técnica de

cancelacioén ciega.

Cabe mencionar, que la técnica de cancelacion ciega de la diafonia, la
cual va a ser nuestro principal tema de estudio en este trabajo, se

origina a partir del analisis de la cancelacion ideal, técnica en la cual se
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requieren efectuar asunciones que luego se puede demostrar, pero la
principal y mas importante asuncion que se hace se trata de tener el
conocimiento explicito de la funcidén de acoplamiento que se presenta
entre todos los pares trenzados que se encuentran dentro del hilo de
comunicacion, funcion que en la practica es compleja de obtener, es por
esto, que en la cancelacion ciega se realiza la estimacion de la sefial de
diafonia en base a sus propiedades estadisticas, mas que tener un
conocimiento exacto de la funcion de acoplamiento, siendo esta
aproximacion por medio de propiedades estadisticas, muy util, y muy
cercana a la cancelacion ideal, ya que si se conociera con exactitud los
parametros que se van a estimar, los resultados que se logran serian
exactamente los mismos que en la técnica de la cancelacién ideal de la

diafonia.

Cancelacion.

A continuacion se analizara de manera detallada como se lleva a cabo
la cancelacién de la diafonia empezando primero por el estudio de la
cancelacién ideal, para luego finalizar con la técnica de cancelacion

ciega, la cual es el enfoque principal de nuestro trabajo.
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Para esto, empezaremos definiendo el sistema en el que se va trabajar,
el cual se trata del sistema de Linea Digital de Abonado, (DSL), en el
cual vamos a explicar el diagrama de bloques con que trabaja y
explicando ademas cada variable involucrada en el sistema para de

esta manera tener una comprension global de todo el analisis a

realizarse.
11
o |TFT | | TeFiter| | Channel Rovr Filter
o [ 776w bt by ()
uT
P
b
/| TaFiter| | xTAIR FFT - O
14T ge(t) he(t)

Figura 1.1 Modelo de un sistema de transmisién DMT con diafonia

El sistema descrito anteriormente, tiene como salida a la sefal recibida
en el dominio del tiempo identificada como y(t), la cual se describe a

continuacion.

v(9) = ) ap(t—iT) + ) byc(t—KT,+ 1)+ ()
le
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Donde cada de una de las variables representadas en la expresion para

y(t) se describen a continuacion:

a, los simbolos de la sefial DSL o también denotada como sefial
primaria.

b, los simbolos de la sefal de diafonia.

fi(t) es el ruido gaussiano, blanco, aditivo del canal.

P(t) es la respuesta del filtro en el transmisor

C(t) es la respuesta del crosstalk

Ty T.son los tiempos de muestreo el sistema DSL y de la diafonia
respectivamente.

T es el retardo entre una trama DMT y un simbolo de diafonia

transmitido, donde (0 < T < Tc)

Cabe mencionar que la respuesta P(t] esta en funcion de la respuesta
del filtro transmisor del sistema primario, g(t), de la respuesta del canal
del sistema primario, h(t), y de la respuesta del filtro pasa bajos del
receptor, hi(t), asi también C(t) esta en funcién de la respuesta del filtro
transmisor del sistema interferente, gq(t), de la respuesta del canal del
sistema de diafonia, hq(t), y de la respuesta del filtro pasa bajos del

receptor, hi(t).
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p(t) =g(tl = h(t) = hy, (1)

C’(tj = gc(-j = jc(tj ® hlp U]

Cabe recalcar que tanto la respuesta del sistema DSL o también
denotado como primario, p(t), y la respuesta del sistema interferente o
de diafonia, c(t), poseen respuestas de impulso finitas. Después de
realizar el muestreo de la senal recibida, y(t), se obtiene la expresion

detallada como sigue.

¥en — Z a;pl(m—1T) —Z bpe(mT— KT, + 1)+ i,
i I

Como la informacién en los sistemas DMT es procesada en bloques de
tamano N, entonces N muestras de la expresidon mencionada arriba

pueden ser denotadas matricialmente como sigue:

Y=Fa+Cb+d
La informacioén de entrada va a ser tratada en el dominio del tiempo, por
lo que haciendo uso de la transformada inversa de Fourier, IFFT, la

convertimos del dominio de la frecuencia al dominio del tiempo

a= Qo
Donde Q es la matriz FFT, descrita matricialmente de la siguiente

forma:
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L &TL . =T -
—i3p M- (M-1) e_JT‘\ -1 1
el 4 . 2 -
q= e ]
VM| TTiM-1) =)
713 ) T g
1 1 1

El receptor usa ecualizacion para asegurarse de que la longitud del
canal sea mas corta que el prefijo ciclico, al ocurrir esto la matriz P se
convierte en una matriz circulante y puede ser descompuesta como se

detalla:

P=QAQ
Donde /A es una matriz diagonal, en la cual los elementos de la diagonal

corresponden a la respuesta de frecuencia del canal.

diag(A) = Q.[0..p, . pgl’
Siendo P como se describe a continuacion, donde v + 1 es la longitud

del prefijo ciclico

Pg Py—1 P. 0 0
0 pg Pv-1 P 0
P=|0 0 pg 0 P,y 0
P, O 0 pg Py-1

L P P o - 0 pg-

La matriz de respuesta de la diafonia, C, es una matriz de dimensiones

N x (L+u), donde N es como ya hemos mencionado anteriormente el
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tamano de las tramas DMT que se transmiten, L el numero de simbolos
de diafonia en una trama DMT, y + 1 es el numero de saltos cuando la
sefial de diafonia c(t) es muestreada, siendo el elemento (i) de la
matriz de diafonia el siguiente:

c, = clt+(N—1)T —(L - j:IT'.:.:I

Para que se tenga una mejor comprension de como esta conformada la
matriz de diafonia, se va a establecer que la sefial primaria, denotada
como a, va a tener M tonos, descritos como sigue a=[am-1, am-2, ..... ,
ao]T , asi también los simbolos de diafonia se definen como sigue
b=[brL.1, ... , bo, ... , by]T, donde y es el numero de saltos de la
respuesta del sistema de diafonia, y L es el numero de simbolos de

diafonia emitidos durante una trama DMT, parametros que ya fueron

definidos anteriormente.

Como se definié en la ecuacidon inmediata arriba mostrada, las filas de
la matriz de diafonia van a estar gobernadas por el término que
acompana al tiempo de muestreo del sistema primario, T, es decir, en la
primera fila ira el término (M — 1)T, en la segunda fila ira el término (M —
2)T, asi hasta llegar a la ultima fila en la cual no habra término, ya que
el ultimo simbolo de la sefial primaria esta denotado como ag, cabe

mencionar que se usan los tonos de la sefial primaria ya que se esta
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multiplicando por el tiempo T, el cual es el tiempo de muestreo del

sistema primario.

Asi mismo, se va a proceder con la conformacién de las columnas, las
cuales van a estar regidas por el término que acompana al tiempo de
muestreo del sistema de diafonia o interferente, T¢, por lo que cabe
recalcar que se va a trabajar con los simbolos de la diafonia, es decir,
en la primera columna ira el término (L — 1) T, en la segunda columna
ira el término (L — 2) T¢ , asi hasta llegar al término donde se utiliza el
simbolo by, por lo que no habria término que acompafe a T¢ , vy
tampoco habria el tiempo de muestreo Tc en esta columna, y asi hasta
llegar al ultimo término el cual estaria definido por el ultimo simbolo de
la sefial de diafonia, el cual seria b-y, por lo que uT. seria el término de

la ultima columna.

Habiendo finalizado la explicacion de la constitucién de la matriz de
diafonia, C, la cual como se puede observar es de tamafio N x (L + p),

se la puede detallar como sigue.

clr-L-UT,+M-DT) ez + M=1T) o c @l +7+M - 1)TH

clr-L-UT,+ M -2IT) ez + M —2)T) -~ cuT, +x+ M - 21T}

C= : : : : :
elr—L—1I+1) - elx+1) - clul 4T+ 1)

el —(L-1T.7 - el c(pT, + 1) ]
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Habiendo descrito los principales elementos de nuestro sistema del lado
del transmisor, ahora nos queda definir la sefal recibida del lado del
receptor, sefial con la cual posteriormente vamos a trabajar para lograr
el objetivo principal de nuestro trabajo, el cual es la eliminacion de la

diafonia.

De la misma manera que en el lado del transmisor, cuando se hizo la
conversion de la sefial DMT del dominio de la frecuencia al dominio del
tiempo, el mismo trabajo se realiza en el lado del receptor, pero de
manera inversa, esto con el fin de obtener la sefial demodulada en el
dominio de la frecuencia, esto lo obtenemos facilmente multiplicando la

senal recibida por la matriz de transformada de Fourier, FFT.

z =Qy

Usando los parametros redefinidos que obtuvimos anteriormente para la
matriz de respuesta del canal, podemos reemplazarlos en los valores
establecidos inicialmente, ademas cabe mencionar que el ruido
gaussiano blanco n = () =i, tiene la misma varianza de A, por lo que la

expresion de la sefal demodulada quedaria definida como sigue.

z = A+ QCbh + Qi

Ver demostracion 1.
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Con la finalidad de obtener una mejor comprension al final de esta
seccion en la que trataremos sobre el procedimiento paso a paso para
llevar a cabo la cancelaciéon de la diafonia, partiremos de la descripcion
de una cancelaciéon de modo general, para luego seguir con el estudio
de la cancelacion ideal, para finalmente llegar a describir la técnica de
la cancelacién ciega, la cual es el enfoque principal de nuestro trabajo.
Para esto comenzaremos redefiniendo la expresion de la sedal
demodulada, en el término correspondiente a la sefal de diafonia,
hacemos esto solo con el fin de conseguir describir una técnica de

cancelaciéon de forma general.

z=Aa+QCh +n

Hx = QCh

z=Aa+Hx+n

Partiendo de la expresion recientemente obtenida para la sehal
demodulada, subdividimos a dicha sefial en dos grupos, que por
motivos de facilidad de manejo matematico seran denotados

vectorialmente.
i e Rl i R

Esta subdivision de la sefial demodulada en grupos se la realiza con el

proposito de separar los elementos del exceso de banda del interferente
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de los elementos de la banda principal del interferente, por lo que el
vector denotado como z4 corresponde a los elementos pertenecientes al
exceso de banda, y el vector denotado como z, corresponde a los

elementos pertenecientes a la banda principal.

Siguiendo con el desarrollo de la técnica de cancelacion, mencionamos
que el vector correspondiente a los elementos del exceso de banda del
interferente es donde se va a estimar la sefal de diafonia, para luego
con la ayuda de esta sefial de diafonia estimada, denotada
anteriormente como b, proceder con la construccion de la sehal de
cancelacion, que la denotaremos como X, la cual es una sefial que
esta en funcidon de la matriz de transformada de Fourier, Q, la matriz de
diafonia, C, y de la sefial de diafonia, b, una vez obtenida esta senal
cancelacién, se procede a substraerla de la sefal demodulada,

consiguiendo con esto la eliminacién de la diafonia.

Cabe mencionar que una asuncion muy importante para poder realizar
todo lo descrito anteriormente, tiene que ver con las tasas de muestreo,
ya que se necesita imperiosamente que la tasa de muestro del sistema
DSL sea mucho mayor que la tasa de muestreo del sistema de la
diafonia, ya que esto permite que el sistema DSL pueda observar el

exceso de banda del interferente, de igual manera destacar que la
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mayoria de los servicios mas comunes de donde proviene la diafonia,
tales como ISDN ( Red Digital de Servicios Integrados), HDSL ( Linea
Digital de abonado de alta velocidad) y T1 suelen presentar grandes
porcentajes de exceso de banda, lo cual nos facilita mucho mas nuestro
trabajo de cancelar la diafonia, ya que mientras mas cantidades de
exceso de banda presente el interferente, mas cercana sera la

estimacioén de la senal de diafonia realizada.

Como siguiente paso asumimos que la sefial demodulada en el grupo
correspondiente al exceso de banda, puede ser detectada y descrita
como r =z, —A,a,, ya que en este rango de frecuencias no se va a
realizar la cancelacion de la diafonia, sino mas bien se la va a estimar,

por lo que el vector r recién definido quedaria como sigue

r=H;x+n,

Se define #= Mr es como una estimacion lineal de x para cierta
transformacion lineal M, por lo que con la ayuda del Mean Squared
Error se encuentra el estimador lineal para x, esto se realiza resolviendo

el argumento del error entre la estimacion de x y el valor real de x.

argmin E [(Mr—=)"(Mr—x)
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La MMSE estimada para x es determinada por

I?I = R{H‘l [H‘IR{H‘l T Rh)_i

Ver Demostracion 2.

Encontramos M

Iﬁ = I-:H‘I-H‘n-ll_li T '{7{1:' 1H{H‘n1

Donde R, = E[xx"] es la matriz de covarianza de la diafonia R, = E[nn"]
es la matriz de covarianza del ruido, como ya tenemos el valor de M
podemos entonces obtener la estimacion de x, la cual queda definida

como se detalla a continuacion.

La estimacion de la senfal de diafonia en el exceso de banda se

describe a continuacion

g = Mr

= (HiR;'Hy | RDTH{R

Una vez obtenida la estimacién de la diafonia en el exceso de banda,
se realiza la construccion de la senal cancelacion previamente descrita

en la banda principal.

X, = E,&
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X, — E,(H;R7;'H; + E;")"H;R;"t

Esta sefal obtenida y definida como sefal cancelacion, no es nada mas
que la estimacion de la diafonia en la banda principal, por lo que se
realiza la substraccién de la sefial demodulada perteneciente a la banda
principal, con lo cual quedaria por el momento concluido el trabajo de la

cancelacion de la diafonia.

E: _Kl:. :.'I.EI:G:: _H:_‘{_I'I: _Kc

7, — X, = A,y + Hy(w— %) +n,

Cabe mencionar, que todo el procedimiento para cancelar la diafonia
realizado anteriormente y las expresiones y estimaciones obtenidas,
fueron tratadas como ya se lo explicé al inicio de esta seccion, desde
una perspectiva muy general, ya que esto nos sirve de base y de punto
de partida para la mejor comprension de las siguientes técnicas que
vamos a estudiar en las secciones inmediatamente posteriores, como
son las técnicas de cancelacién ideal, y la técnica de cancelacion ciega,

la cual es el enfoque principal de nuestro trabajo.
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1.2.1 Cancelacion Ideal

Como se lo especificd previamente en la seccion anterior, H y x fueron
definidas asi con el fin de al llegar al estudio tanto de la técnica de la
cancelacibn como de la técnica de cancelacion ciega, se pueda
distinguir bien la diferencia basica que existe entre una técnica y otra,
para poder asi lograr una mejor visualizacién y un mejor entendimiento

de la metodologia de las mismas.

Por lo que para la cancelacion ideal, técnica prioridad de analisis en
esta seccion, se define al parametro H como funcion de la matriz de la
transformada de Fourier, Q, y de la matriz de diafonia, C, en tanto que
el parametro x queda definido solo en funcién de la sefial de diafonia, b.
H=0Q'C

x=bh

Interpretando lo descrito anteriormente de forma matematica, decimos
que en esta técnica el receptor conoce la funcion de acoplamiento, y se

realiza la estimacion de la sefial de diafonia.

Una vez entendido esto, simplemente se reemplaza los valores de Hy x

con los recientemente definidos, en las expresiones obtenidas en la
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seccion anterior, con lo que la sefal cancelacion perteneciente a la

banda principal se define como sigue.

X, = Q,C(C"QiR;'Q;C+ Ry TIC QIR

1.21.1 Consideracion

Para implementar el algoritmo en la practica es importante saber
I, ¥Ry, por lo que asumimos que tanto la matriz de covarianza de la
diafonia como la matriz de covarianza del ruido son blancos, y ademas
que la senal de diafonia tiene varianza unitaria, por lo que redefinimos a
la matriz de covarianza de la diafonia como
R, =Twvalamatriz de covarianza del mido como R = 71 donde == es
la varianza del ruido, por lo que la expresion obtenida para la senal
cancelacion queda definida por motivo de facilidad para la

implementacion como sigue.

X, = Q,C(C"QiQ,C~+ G;I)_i{]'{lil"
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Como ya se explicd anteriormente la matriz de diafonia, C, esta en
funcion del tiempo de retardo T, el cual cambia de trama en trama, esto
se produce debido a que la sefial de entrada con la informacién a
transmitirse, también llamada sefial primaria, y la sefial de diafonia
tienen diferentes tasas de muestreo, por lo que se tiene que calcular
esta matriz para cada trama DMT que se transmita, lo cual es muy
complejo, por lo que se asume que se conoce la matriz de diafonia solo
cuando T es cero, esta asuncion nos evita el calcular una matriz para
cada bloque transmitido, esto se lleva a cabo por medio de
aproximaciones basadas en el hecho de que un retardo en el dominio
del tiempo es equivalente a un desplazamiento de fase en el dominio de
la frecuencia, conociendo esto se pueden definir las siguientes

aproximaciones.

QD1 QG

Q.C~D_.,Q,C,, donde

Donde C, es la matriz de diafonia cuando el tiempo de retardo T es cerc,

D_, es una matriz de fase con los componentes de desplazamiento de
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fase de la respuesta del canal de la diafonia, donde ky, ko, ..., km son
los tonos correspondientes al exceso de banda, D., es la matriz de
fase con los componentes de desplazamiento de fase de la respuesta
del canal de la diafonia, donde I;.l,,...l, son los tonos
correspondientes a la banda principal, cabe mencionar que las
aproximaciones arriba descritas pueden convertirse en exactas siempre
y cuando el numero de tonos de las matrices de fase descritas sean

bastante grandes.

Usando las aproximaciones detalladas, la expresion para la senal

cancelacién se la puede definir como sigue.

X, — Q2C(C"Q3Q4C+ v )7 C*Qir
X, % D_,9,Di,r
P, = Q,C,(C;Q0;Q4Cy + 0.1) €05

Ver Demostracion 3.

Como se puede observar, la expresion &, es una funcion constante, ya
que esta compuesta por valores que son conocidos, por lo que
solamente necesitada ser calculada una vez, con esto se elimina el
calculo de una matriz para cada bloque DMT transmitido, con lo que

esta técnica se hace factible de implementar..
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1.2.2 Cancelacion Ciega

Tal como se lo hizo para la seccion anterior, partimos de las
expresiones obtenidas cuando se hizo el analisis de la cancelacion de
la diafonia de una forma general, distinguiendo asi los valores de H y x,
los cuales para esta técnica de cancelacion ciega seran redefinidos, H
en funcién de la matriz de transformada de Fourier, y x en funciéon de la
matriz de diafonia, C, y de la sefial de diafonia.

H=Q

x=Ch

Definiendo esto, se interpreta que el receptor no tiene conocimiento de
la funcion de acoplamiento, por lo que se tiene que estimar la matriz de
diafonia y a la senal de diafonia juntas para poder llevar a cabo esta
técnica de cancelacién, reemplazando los parametros redefinidos en
esta seccion en las expresiones obtenidas en el analisis de la
cancelaciéon en forma general, se construye la sefal cancelacidon
correspondiente a la banda principal, para poder asi realizar la

cancelacién ciega de la diafonia.

M= (QiR;'Q, + R ) TQiR}}

Estimamos los datos de la diafonia y la funcion de acoplamiento juntas
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Cb = (QiF;'Q; +R)'QiR;'r

Lo que nos resulta la seial de cancelacién

X, = Q(QiR;'Qy + Eg) 'QiR,r

1.2.2.1 Consideracion

Para empezar a analizar la implementacion de la técnica de cancelacion
ciega es necesario mencionar que se va a utlizar parte de las
asunciones descritas en la seccion correspondiente a la implementacion
de la técnica de cancelacion ideal, por lo que no esta de mas decir que
la matriz de covarianza del ruido, R,, sera tratada como del tipo

blanco.

Cabe mencionar ademas, que la técnica de cancelacién ciega tiene el
mismo inconveniente que la técnica de cancelacion ideal, la cual se
refiere al calculo de una matriz que se tiene que realizar para cada
blogue DMT transmitido, en este caso se debe a que la matriz de

covarianza, R.,. esta en funcién del tiempo de retardo tao, el cual varia
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su valor de trama en trama; por lo que como solucién se va hacer uso
de las aproximaciones obtenidas en la seccion de la cancelacion ideal
correspondiente a la implementacion, dicho esto no esta de mas volver
a definir los parametros que nos van a ayudar a eliminar el tener que
calcular una matriz para cada trama DMT que se desee transmitir, por lo

volvemos a detallar dichas funciones como sigue.

Q_Rcb QJ ¥ r}_n_ Rn::L- (ﬂ]Qj' r}j-

X, = D_,Q,R¢,(0)Q3 [:Q‘l Ren(0)Q) + DL_.‘anD:.‘l}_-lD;_.‘lr

Donde R, (0] es la matriz de covarianza de la matriz de diafonia y de la
senal de diafonia, cuando el tiempo de retardo t es cero, D_, €s una
matriz de fase con los componentes de desplazamiento de fase de la
respuesta del canal de la diafonia, donde ki, ko, ..., km son los tonos
correspondientes al exceso de banda, D_, es la matriz de fase con los
componentes de desplazamiento de fase de la respuesta del canal de la
diafonia, donde 4, I,...., Im son los tonos correspondientes a la banda

principal, cabe mencionar que las aproximaciones arriba descritas
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pueden convertirse en exactas siempre y cuando el numero de tonos de

las matrices de fase descritas sean bastante grandes

Ver Demostracion 4
X, = Q. (QiR71Q, + EZI)TIQiR!r

X, = D.,QuRcp (0)Q; (Q R, (0)Q; + DZ4R, D) 'Di,r

Ver Demostracion 5

X, % D_,Q,0,QiD;,r

Donde ', = (Q;Q, +5;Rz;(0))™ es una matriz constante, por lo cual
solo se requiere que sea calculada una sola vez, con lo cual se elimina
el calculo de la matriz para cada trama DMT, ademas se puede

aproximar estableciendo @, = .l ,0;, donde

D, = @,R_(0)Q;(Q,R_(0)Q)) ™

Como se puede observar @, es una matriz constante, y no esta en
funcién de las matrices de covarianza de la matriz de diafonia y de la
sefal de diafonia, y de la matriz de covarianza del ruido, sino que
depende ahora de la autocorrelacion de la sefal recibida o demodulada

cuando el tiempo de retardo T es cero, Rz(0), por lo que para la
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implementacion de la técnica de cancelacion ciega solo se necesita
conocer la autocorrelacion de la sefal demodulada, R (0), para poder
construir la sefal cancelacién, lo cual no es del todo complejo, ya que
se la puede estimar, incluso con mayor precision cuando no exista
trama DMT presente en la transmisién, o también cuando la senal se
encuentre en un estado estable o estacionario; para realizar la
estimacion de la autocorrelacion de la sefal demodulada, R;(0), se
asume primero que el tiempo de retardo T para cada trama DMT
transmitida es aproximadamente conocido, ya que se conocen las tasas
de muestreo tanto del sistema de la senal primaria, como del sistema
de la diafonia, teniendo conocimiento de este tiempo de retardo T, la
senal recibida puede ser desplazada de manera apropiada segun el
tiempo de retardo T, que se presente para cada bloque DMT, con esto
se puede calcular la autocorrelacion de cada tono desplazado, cabe
mencionar que estos desplazamientos resultan factibles realizarlos por
medio de interpolacién lineal, las matrices de autocorrelacién calculadas
en cada tono desplazado son promediadas para todo el numero de
bloques DMT transmitidos, con lo que se obtiene una buena estimacion
de la autocorrelacion de la sefal recibida cuando el tiempo de retardo T
es cero, R;(0), con lo que se puede realizar la construccién de la sefal
cancelacién, con esto quedaria concluida la cancelacion de la diafonia

basandonos en el método ciego.
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CAPITULO 1L

2 DESARROLLO

2.1 Modelamiento

Figura 2.1 Grafica del ambiente de desarrollo

El sistema consiste en simular un canal VDSL2 de hasta 12MHz, en
bland-plan 998, con profile 122 que contiene diafonia, el numero de
perturbadores es de 40, el tipo de cable a usar en la simulacion es
TP150 0.5mm como lo detalla el estandar VDSL, la distancia maxima
entre el cliente y la oficina central es de 1000 metros. Con una

frecuencia de 25.87khz hasta 12 MHz
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2.2 Simulacion

En la siguiente grafica se muestra las condiciones y parametros en que

se va a trabajar la simulacién.

FTW's xDSL Simulation Tool | =%
file Edt Yiew [nsert Tools Deskop Window Help ~
Wersion 3.1

Scenario:

My blind cancellation scenario v|  Fast calculation

Use noise model ~ Force HAM tand: F

Calculate w|  Test Modem: ADSL

VDSL duplex: Background noise LT-160

WDSL-998 | SMNR max 48

VDEL Line Code: ETSI-VDEL-then
Level NEXT: FEXT 3eXT

UPBO method: | Refioise hd
UPBO param: £ 41 MHz, [[300 p 3 8144

Eff. loss VDSL 04 ADSL 04 i il FS
Titne div. up: 1 dowry |1 GO ]
WDEL-098 PSD mask
T T T T T T
| Levmrse b fecmmmnvnd beseonssme [ upstream
[ Jdownstream
-100 ERTEE
=150 —----mme e RS AR e R R R e
2 4 i 8 10 12
Fregquency [Hz] - IUG

Iuly hlind cancellation scenario

3 VDBL CO->N4
3 VDEL CO->N.
coO 1 2 3 N4

4 VDEL CO->11] 4 VDSL CO->1

1000 ft 1000 1000 ft 1000 ft

Figura 2.2 Modelo del escenario en MatLab
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CAPITULO IIl.

3 ANALISIS DE LOS RESULTADOS

3.1 Analisis teérico

Basandonos en el analisis matematico extenso que se ha hecho a lo
largo de este trabajo, se ha podido observar que tanto la técnica de
cancelacién ideal como la técnica de cancelacion ciega resultan muy
eficientes, ya que al realizar el andlisis matematico de cada una de ellas
se pudo constatar que aunque las dos técnicas presentan un poco de
similitud en lo que es el desarrollo de la mecanica para proceder a
llegar a la cancelacion de la diafonia presente en el sistema, pero con la
variante en los parametros que se asumen conocer y en los parametros
que se van a estimar, pero con mejor resultado para la técnica de
cancelacién ciega sobre el método ideal, ya que en este ultimo se
asume el conocimiento de la funcién de acoplamiento entre los
diferentes pares trenzados existentes, la cual como ya se mencioné es
muy dificil de calcular, debido a esto y a otros aspectos que a
continuacion se detallaran, se pudo corroborar que el método de la
cancelacién ciega presenta resultados positivos en lo que es la

cancelacién de la diafonia, y ademas facilita la implementacion de la
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misma ya que no se necesita conocer con exactitud la funcion de

acoplamiento anteriormente mencionada.

En la técnica de cancelacion ideal se puede destacar que el hecho de
s6lo estimar la diafonia, ya que se asume que se conoce la funcién de
acoplamiento, en teoria facilita las cosas ya que solo se tendria que
trabajar con la autocorrelacion de la senal de diafonia, Ry, pero no sera
asi, ya que como bien sabemos la dificultad para conocer con exactitud
la funcién de acoplamiento, el cual es el mayor y principal inconveniente

para que no se opte por implementar en la practica esta técnica.

Se puede corroborar en nuestro trabajo desarrollado, que el método
ciego es mas practico que el ideal por el motivo que la funcién de
acoplamiento es muy compleja de calcular en la practica, tal como fue
explicado, por lo que nuestro método se hace mas practico ya que no
se necesita el conocimiento de dicha funcidon sino mas bien la

estimacion de la misma, resultando un proceso menos complejo.

Los beneficios que nos ofrece la cancelacién de diafonia en términos
numéricos han sido demostrados [2] en un ambiente ADSL,
proporcionando una mejor area de cobertura a los clientes con un

aumento del 30 al 70% y un incremento de la tasa de datos entre dos y
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tres veces su valor inicial, dependiendo de las caracteristicas del
servicio del que proviene la diafonia. Con estos resultados podemos
aplicar a una cancelacion en cualquier sistema xDSL a que sabemos

que los resultados obtenidos mejoran nuestro servicio.
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CONCLUSIONES

Se puede decir que la cancelacion por el método ciego, presenta
mejores resultados en servicios que presentan un alto porcentaje de
exceso de banda, lo cual, es muy util para nuestro método, ya que en

estos rangos de frecuencia se realiza la estimacién de la diafonia.

Se puede concluir que el efecto de cancelar la diafonia refleja una
mejora en la relacion sefal ruido, la cual aumenta cuando los
interferentes son mitigados, produciendo asi un aumento en la tasa de
datos, aprovechando el canal completamente para una mayor
cantidad de bits transmitidos, motivo por el cual ha sido desarrollado

este trabajo.
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3. RECOMENDACIONES

1.

Para quienes en un futuro deseen estudiar y analizar los distintos
meétodos existentes para la cancelacion o atenuacion de la diafonia, no
solo el método ciego, sino cualquiera de los que ya han sido
mencionados al inicio de nuestro trabajo, podemos decir que hay que
tener bien claro la parte matematica y estadistica, para obtener una
comprensidon mas rapida de lo que involucra las propiedades
estadisticas de las sefales, tanto de las sefales que contienen la
informacion, denominadas como primarias, como de las sefales
interferentes, las cuales son las que producen la diafonia en nuestro
sistema de comunicacion, ya que sin la comprensién de lo recién
mencionado seria casi imposible conseguir un entendimiento global de

este problema.
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Anexo A Direcciones electronicas de sitios Web

http://www.mathworks.es/ , Junio del 2010

http://es.wikipedia.org/wiki/MATLAB, Junio del 2010

http://es.wikipedia.org/wiki/Diafon%C3%ADa, Junio del 2010

http://en.wikipedia.org/wiki/Asymmetric digital subscriber line, Junio del 2010

http://www.zonagratuita.com/servicios/noticias/2005/junio/009.htm, Junio del

2010

Anexo B Demostraciones

Demostracion 1:

= 'l?_"-'

Q(Pa+Ch+ 1)
Q(PQ a0+ Ch+ i)
Q@ AQE u +Ch+ 1)
(A AQQ 0+ Ch+ )

z=Na+ JCE+ QA

Demostracién 2:

"'I'Tj = H{H‘IEH‘IHJH‘l T H") !
=R:{H1-[,(H{)_1HA'_1H1-_Rn_i}
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=R H{(H) 'R, (H{)' + R H{R,™
= R'(R:r’_-l (H1>:|_1 L RI’H;R'H_:[

= H'.l_i L RIH{R."!_i

= H;'R,(H;)"'H{R, + R _HR, ™%

= (H 'R, (H)) '+ R HR,

M= (H/R,'H, + R, ~)H;R_

Demostracion 3:

X =@ 0(C7Q{CQC + e, 17707 Qyr
Q‘IC = DT.iQ'_CD
QZE = Dr.!'@f CE-
=D @, (o (€010 4D, 10,C, + ﬂ:«.:f:'_ICE‘?-ID;JT
= D.2Q:Co(C301Q:Co + 0, 1) €501 DLy
X =D_ P01
0,0, (C0:0,0, + a*N™10:0; es contante = @,

Demostracién 4:
X =Q,(QiF.1¢, + R TIQR
Donde, QR Q; * DQ R, (0)Q; D
¥, =0, (Q7"R, (@) + R, ) QiR
X, =(Q,Q07'R,, (@,)* + Q:R,,) QiR;'r

Ko = G OTR, (0GR + QENGIRN
'Xr: = QE 'l?‘l_-lT L {?EEch;E?_!iT
X.=Q,R,Qi(@)) 'R Q1 r + D_,Q,R_,(0)Q;D R *r

'Xc = DT.:Q:EEEF (ID) Q;D;‘l (Q;)_.lEn:_l}Qi_iT L DT.:Q:REEJ (GJQ;D;‘lR;iT
X_=D,,0Q,R,,(0JQ;(D,(0]) 'R, QT D, D;yv + DI, R, 'D_,DZ,7)
X.=D_,0,R.,(0)Q;(D;, (@) R}Q{'D,, + DI,R'D_ )DL v
X_
X_

=D,,0,R,, (0)Q;(D;;(Q7* ) RI}QI* D,y + DI R;*D ) D7
=D, QR (0)Q5(D;4 (D7) (Qr") R (0)@r*D;iD,y + D4Ry D, 1 )D; 7
K, = D, 1Q2R,, (0)Q{ (D71 (DS NQT ) RZH(0) D IR K D4R 1D, 1) DSy
X, =D QR (0Q1((11) Ry (0@ +D1yR, D ) Doy
Xo = D3 QuR, (0)Q5((Q) 7RG (0)Q7" + Di4R; Dyy) Diyr



X: = DT.E QEEE.'.: [G)Q; [Q‘lR:b [‘])Q; L D;‘lR" Dr.‘lj_iD;.‘lT

Demostracién 5:

X =D_ .0, chEGJQE[QiRm(G)Q{ D4R, D, 1}_1D ‘lT
X, =D, Mwiﬂml(tmiﬁ (0)Qr* +D;,R;H(D:,) ) Dy
.HE—DT.:@«\ - (0)05(0) RSO + R, (0)05D;, R D*j}'i]ﬂ*w
X, = D30, (Rey (R (O0Q ™Ry (00QiD -‘fR‘i ) @7 0)
X.=D.,0, (01 (e Qi + R, (0)QiD R (P4) (@9)" QijD;.w
X, =D.,0. (@7 (0D Qs + w(ﬂmiﬂ-iﬂ (D:1) “(@D7*Q;) Dz
X, = D,.0: (07 (@)™ + Ry (0 @DIR(0:2) ™ (@07) (@iDear)
%, =D,0 (030: + QiD31R.D. (@) 'RZ())  (@Dzu)
¥, =D,0, (QiQ) + @;D;Jﬂffﬂm(@;J*H;J(GJ]_1 (@iDz7)
X, =D,,Q, (030, +520;D *b\T@;\J*R;;(ﬂJ (@iDzy7)
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Abstract— As the deployment of broadband communication 5YS-
tems such as DSL continues to grow, system performance in terms
of capacity and error rates is severely limited by crosstalk inter-
ference. In order to continue deploying high speed DSL service, it
becomes necessary te mitigate this crosstalk interference. All cur-
rent crosstalk mitigation techniques require precise knowledge of
the crosstalk eoupling functions between the twisted pair wires car-
rying DSL service within a cable binder, In practice, this is near
impossible to obtain, without coordination between the different
DSL services, In this paper, we present a crosstalk cancellation
technigue that is blind to the coupling functions between the wire
pairs, Our technique uses the statistical properties of the received
crosstalk signal (that can be casily estimated), rather than the exact
coupling functions themselves, making it very sttractive for prac-
tical implementation. We show with the help of simulations for a
realistic ADSL system with HDSL and T1 crosstalk interference ns-
ing actual measured crosstalk coupling funetions that the proposed
blind crosstalk cancellation technique can achieve significand pains
in terms of rate and reach improvement for the ADSL system. We
also show that the performance of the propesed blind crosstalk can-
cellation technique is cobust to a jitter in the crosstalk symbol timing
estimate that is required te construct the cancellation signal.

Keywords—crosstalk, NEXT, mitigation, blind, cancelation,

I. INTRODUCTION

New multimedia and networking applications keep in-
creasing end users demand for bandwidth. The network
backbone of access providers generally consists of high-
speed fiber optic links. Cost prevents these links from
reaching end users. In recent years interim solutions
such as Digital Subscriber Lines (DSL) provide broad-
band access to end users without expensive infrastructure
upgrades. DSL techniques provide high speed network
access over ordinary twisted pair telephone wires by ex-
tending the range of usable frequencies. Ordinary voice
calls use a bandwidth of up to 4 Khz, while with DSL the
range of usable frequencies is extended to several MHz.

Typically twisted pair wires carrying service from the
central office {CO) to remote terminals (RTs) are packed
closely together, up (o 50 at a time, within cable binders.
The proximity of these wires leads to crosstalk coupling
between them, which often increases with frequency.
Hence, crosstalk significantly limits the achievable bit-
rates of such high bandwidth, high speed systems [1].

Several approaches can be taken to combat the effects
of crosstalk. Transmitter side approaches often work by
shaping the spectra [5} or block coding at the transmit-

ter [6] to avoid crosstalk rather than cancel it, In prac-
lice transmitter crosstalk mitigation techniques are dif-
ficult to implement as they require changes in existing
standards. Other receiver side approaches use decision
feedback equalization [4] for crosstalk cancellation. Mul-
tiuser detection techniques [8] and their blind variations,
could possibly be used for crosstalk canceliation, How-
ever, we are not interested in decoding all the crosstalk
signals, and moreover these techniques are computation-
ally expensive. Most existing crosstalk mitigation tech-
niques require explicit knowledge of the coupling func-
tions between wire pairs. In practice, this is almost im-
possible to obtain without coordination across RTs and
at the CO, or some third party monitering all data trans-
mission and relaying the coupling functions to hardware,
Such systems would be very complex and would require
changes to current standards. A crosstalk mitigation tech-
nique that is blind to the coupling functions, relatively
easy to implement and provides reasonable performance
is highly desirable, and is the facus of this paper.

The outline for the paper is as follows, section II pro-
vides some background and notation, III describes the
crosstalk cancellation problem and the proposed blind
crosstalk cancellation solution, IV describes details for
implementation, V some simulation results and finally VI
provides some points for discussion and conclusions.

II. BACKGROUND AND NOTATION

Crosstalk can be categorized into one of two forms.
The first, Near End Crosstalk (NEXT) is interference aris-
ing when signals are transmitted in opposite directions,
and Far End Crosstalk (FEXT), when signals are trans-
milted in the same direction.

NEXT is far more damaging due to the proximity of
the interfering transmitter and receiver while FEXT sig-
nals propagate the length of the line and are significantly
attenuated. Crosstalk can be caused by interferers of the
same type of service or interferers from other services.

In this paper, we consider cancelling crosstalk from ser-
vices like HDSL, T! and ISDN that have large excess
bandwidths. For the purposes of our discussion, we con-
sider DMT (discrete multitone modulation} based ADSL,
but the results equally applicable to other DMT services.




We now provide a summary of the notation, keeping it
consistent with [2]. The DSL system environment can be
described as follows

yt) = > ap(t —iT)+ Y bpe(t — KT. +7) +7i(t)
i k
M

where a; and by, are the DSL and crosstalk data, and 72(t)
is white gaussian noise. The effective DSL and crosstalk
pulse shapes, including transmit and receive filters, are
p(t) and (), respectively. The sampling periods of the
DSL and crosstalk systems are T and T, and 7 is the
fractional timing difference between the start of the DMT
frame and the crosstalk symbol. The receiver samples (1)
with frequency = to get

Ym = Z a;p{(m — i)T)—i—Z bre(mT — kT + 7)+7m
i &
)

In DMT based systems data is processed in blocks of
size N. Therefore, NV samples from (2) are buffered lead-
ing to a compact matrix notation

y=Pa+Ch+n 3

Data is modulated and demodulated via the fast Fourier
transform (FFT) and its inverse (IFFT) operation. Let ()
denote the FFT matrix. Data modulation is denoted

a=Q%

4

where & and a are the frequency and time domain data,
before and after modulation. DMT systems use a cyclic
prefix (CP), a periodic extension of the DMT block, to
combat interchannel and intersymbol interference. The
receiver uses equalization to ensure that the channel is
shorter than the CP. When this occurs the channel matrix,
P, becomes circulant, and can be decomposed as

P=Q"'AQ (5)
with A being a diagonal matrix
diag(A) =@ [0...py...po]” (©)

where v+-1 is the CP length. C is an N x (L+p) crosstalk
matrix, where the (i, §}*"* element is

ey =c(r+ (N - T — (L - j)Te) @

and j¢ -+ 1 is the number of taps when c(t) is sampled.
L is the number of crosstalk symbols in a single DMT
frame. The effective crosstalk signal delay, 7, changes
from block to block as the symbol rates of the DSL and
crosstalk system are not the same. At the other end of the
system, the receiver performs the FFT operation on (2).

z = Qy
Ao+ QCb + it
A+ QChb+n

I

i

®)

I11. CROSSTALK CANCELLATION
A, Problem Setup

Let us begin with the demodulated vector

z=Axd Hx-+n (9)
with A, a: and n defined previously and Hx = QCb. The
demodulated vector can be divided into two groups

2= L)L

with elements subscripted by 1, the set where crosstalk
will be estimated and those subscripted by 2 the set where
crosstalk will be cancelled. A possible grouping of ele-
ments is to separate those in the excess band from those
in the main band of the intereferer [2].

We assume that the sampling rate, 1/T, of the DSL
system is higher than that of the crosstalk system, 1/7.,.
Therefore the crosstalk is oversampled, allowing the DSL
system to see the excess band of the crosstalker. DSL
services like HDSL, ISDN and T1 typically have transmit
filters that gradually rolloff. This results in a significant
amount of transmit (image) energy in the excess band.

Next, we assume that we can reliably detect the DSL
signal the excess band, that is we are able to correctly de-
modulate e;. This is a reasonable assumption as DMT
based DSL systems like ADSL typically operate with
some excess noise margin {i.e., 6dB noise margin over
a target bit error rate of le-7).

Further no crosstalk cancellation is assumed in the ex-
cess band, hence the error in demondulating o is negli-
gible. Now let

Agaz
Ao

ng

Hox ] (10)

r = (11)

z; — Moy
= H1x+n1

Let ¥ = Mr be a linear estimate of x, for some linear
transformation M. Then the error is (X —x} = {(Mr ~x)
and the mean square error is B[(Mr—x)*(Mr—x)}. The
linear MMSE estimate for x is determined by solving

arg min E{(Mr —x)*(Mr —x)| (12)

"The random vector r and the inner product E|-{ form a
Hilbert space, allowing us to use the orthognality princi-
ple to find the M which achieves a minimum

M = R H; (HiR.H + R,) ™ (13)
where R, = E[xx*] and R,, = F{nn*]. This can also be
shown to be equivalent to

M= (H{R]'H, + R;Y T HIRTY  (14)




The estimate of the crosstalk signal is then

% = Mr (15)
= (H;R;'HL 4+ RV HIRD'r
and the projection onto the main band
X, = HoX (16)

it

Hy (HiR;'Hy + R;Y)” H{R;'r

We use this estimate to subtract the crosstalk from the
main band.

g — X, = A2a2+H2x+n2—~Xc

= Az&g—f—Hz(X—SE)-{*llz (17

The resulting signal can then be demodulated for as.
The amount of reduction in crosstalk energy in the main
band directly determines the performance gain obtained.

B. Ideal Crosstalk Cancellation

We now specify variables from the previous section.
Setting H; = @1C and x = b, we arrive at the same
solution as described in [2]. Hence, {2] is a special case
of the general solution described in III-A. In this case the
cancellation signal becomes

Xo=QC(C' QIR C + B C* QiR 'r
(18)

C. Blind Crosstalk Cancellation

The setup in section HI-A, solves the problem in the
general sense, while section III-B describes the case when
the receiver knows the crosstalk coupling function. To
make the algorithm blind to the couplings function, we
set H; = @, and x = Cb. The matrix M thus becomes

_ P v -1 _

M= (QiR7'Qy + Rgy)” QiR (19)
and we estimate the crosstalk data and coupling function
together as

— . T - -1 . ry—
Ch= (QiR;' +Bg)” Qify'r (20)
which results in the cancellation signal
e 1y =L e
Xo=Qo (QIB'Qu+RG) QiR @D

In comparing the schemes in III-B and III-C we see
they differ only in their assignment of the H; and x vari-
ables from IT-A. The ideal technique assumes that the
receiver has knowledge of the coupling function and as-
signs H; = (1 C and estimates the crosstalk data x = b.
The biind approach assumes that the coupling function
C is unknown to the receiver. It assigns H; = ) and
estimates x = Cb the crosstalk and coupling function
logether.

IV, IMPLEMENTATION DETAILS
A, Tdeal

To implement the algorithm in practice we must have
knowledge of X, and R,. As in [2] we can assume
R, = I and R, = . The crosstalk cancellation signal
becomes

* gy -1 Ty
X, = QaC{C*QIhC + oI} C*Qir  (22)

We nolice that matrix C is a function of 7, the relative
delay between the DMT frame and the crosstalk symbol
which changes from block to block. Any implementation
requires us to find C for each DMT block and perform a
matrix inversion, which is prohibitvely complex.

In [2], the author proposes a solution for the first prob-
lem. IF € is known only for 7 = 0, then we can approxi-
mate Q,C = D;1@Q1Co and Q3G & D 2Q2Cy where

Day = diag ([eﬂ“%v" .. .eﬂ’f%ﬁ%]) 23)
is a phase shift matrix, and ky, . . ., &y, are the tone indices
in the excess band. We define D, » similarly, for tones in
the main band. Using these approximations, the crosstalk
cancellation signal becomes

KNem Drg®oDy 24
where By = Q200 (C3Q1@1C0 +021) ™ G301 is
constant and needs to be computed only once. This avoids
a matrix inversion for each block and allows the algorithm
to be computationally feasible. However, the outstanding
issue of determining the crosstalk coupling function, Co,
remains to be solved.

B. Blind

The solution Lo the blind crosstalk cancellation problem
in (21) requires Hey, which is a function of 7, the relative
crosstalk symbol delay that changes every DMT frame.
Rather, we would like to use Rep for 7 = 0, to avoid
matrix inversions for each DMT frame. Using D3 and
D, 2 as defined earlier, it is straightforward to show that

QiRcyQ} = DiQiReu(0)Q5 D}

Beginning with equation (21) and using the above ap-
proximation we get

23)

X2 Dpa@oReu(0)Q] (@1 Ren(0)Q1

+D: RuDry) " Dir (26)

and if we assume white noise, B, = 027, and use the
equivalence between equations (13) and (14) we arrive at

A~ DT,2Q2I‘OQID:,II‘ 27N




where I'g = {Q3Q1 + oﬁRE;(O))—l is a constant ma-
trix and onky needs to be computed once, avoiding matrix
inversion from block to block, In fact ®p = Q20(}.
Using (13) and (14) we arrive at

By = Q2 R, (0)Q5 (@1 R:(0)Q1) ™

so we don’t need B¢y, and I, individually but instead
R_(0), the autocorrelation of the demodulated vector,

(28)

B.1 Estimating Correlation

The blind cancellation method requires R, (0) to con-
struct the cancellation signal. It is simple and accurate to
estimate this autocorrelation during quiet periods in train-
ing when no DMT signal is present or in a decision di-
rected manner in steady state.

The relative delay between the crosstalk symbols and
the start of the DMT block varies from block-to-block,
and needs to be estimate for each block, We show that the
overall performance is robust to an error in estimating this
relative delay. Assuming that the delay is known (within
some accuracy), the received vector can be shifted appro-
priately and the autocorrelation of each shifted waveform
computed. Shifting can be accomplished using linear in-
terpolation. The autocorrelation matrices produced are
averaged together for a large number of DMT blacks, re-
sulting in an accurate estimate for R {0).

V. SIMULATION RESULTS

We simulated the performance of the proposed blind
crosstalk cancellation scheme for a realistic ADSL sys-
tem, with HDSL and T1 NEXT interferers and an AWGN
floor of —140dBm,/ H z. Our simulations use actual mea-
sured crosstalk coupling functions for a 24 wire pair
binder. Performance is measured in the downstream di-
rection from the central office to the remote user. The
downstreamn band extends from 25.875KHz to 1.104MHz
(tones 6 to 255 with a spacing of 4.3125kHz), as is the
case for an echo cancelled ADSL modem.

Figure 1 shows the performance of the blind and
ideal crosstalk cancellation methods in cancelling HDSL.
NEXT. The ADSL system is operating at a critically sam-
pled rate of f; = 2.208Mhz. The main band for the
HDSL crosstalk, extends from 0-192kHz (Nyquist fre-
quency is 192kHz) and the excess band, for estimating
the crosstalk signal, extends from 192-384kHz. In figure
1 for the blind method, we have shown performance with
an exact timing estimate (of the crosstalk symbol delay
relative to the start of the DMT block) and also with an ap-
proximate timing estimate. We have considered two cases
for the approximate timing estimate where the crosstalk
symbol timing is known to within an accuracy of (a) %m
the DMT sampling period, denoted by Q(T/4) and (b) 3
the DMT sampling period, denoted by Q(T/2).
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Fig. 1. HDSL NEXT cancellation for ideal and blind approaches.

From the figure, we observe that with exact knowledge
of the symbol timing the performance of the blind method
is comparable to that of the ideal method that knows the
exact coupling function, The slight deviation in perfor-
mance between the ideal and blind approaches resulis
from the fact that the blind approach uses an estimate for
R.(0) (using the phase shift matrices) while the ideal ap-
proach uses the exact crosstalk coupling matrix CQ0, rather
than an estimate. If the blind method was to use the exact
R., then the performance is identical to the ideal method.
Further, even in the realistic scenario of an approximate
symbol timing estimate, we observe a significant reduc-
tion in the crosstalk signal power in the main band ie., a
15dB and 12dB reduction of average crosstalk signal en-
ergy is observed for the Q(T/4) and Q(T/2) timing cases.

The corresponding rate vs. reach curves for the ADSL
system are shown in figure 2. We observe that for deploy-
ment data rates of 1Mbps the proposed blind crosstalk
cancellation method extends ADSL system reach by
1500ft and 1000ft (for Q(T/4) and Q(T/2) cases).

Next we consider a situation with combined HDSL and
T1 crosstalk signals. We apply the crosstalk cancellation
technique successively. First we cancel T1 crosstalk, as
it has a wider bandwidth (Nyquist frequency is 772KHz)
and then cancel HDSL crosstalk. We assume the realistic
scenario that both crosstalkers are continuously present in
the system even during training of the crosstalk canceller
{better performance will be obtained if the crosstalk can-
cellation matrices for HDSL and T1 are separately esti-
mated for the two individual crosstalkers). The main and
excess bands for the T crosstalk signal are assumed to be
0-772kHz and 772-1544kHz. It is obvious that the ADSL
receiver needs to operate at a 2x oversampled rate in order
to estimate the T1 crosstalk signal from its excess band.

Figure 3 shows the performance of the proposed blind
crosstalk cancellation technique (with both exact and ap-
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Fig. 2. Rate vs. reach curve for ADSL system with HDSL NEXT
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proximate timing estimates) in a scenario with combined
HDSL and T1 crosstalk. We observe a significant reduc-
tion in the crosstalk signal power in the main band ie., a
12dB and 7dB energy reduction for the Q(T/4) and Q(T/2)
timing cases. The corresponding rate vs. reach curves for
the ADSL system are shown in figure 4. For deployment
data rates of 1IMbps our method extends ADSL system
reach by 2000ft and 1500ft (for Q(T/4) and Q(T/2) cases).

There are two reasons For the Jower amount of can-
celled crosstalk energy (12dB and 7dB) in this case: (a) an
increased noise floor; T1 increases the noise floor when
cancelling HDSL and vice versa and (b) a greater ef-
fect of timing jitter; the effect of timing jitter is propor-
tional to frequency and hence affects T1 cancellation to
a much larger extent than HDSL cancellation. However,
the bandwidth over which T1 energy is cancelled is much
larger than the HDSL case. Hence, the net effect in terms
of rate-reach performance improvement is greater in the
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Fig. 4. Rate vs. reach curve for ADSL system with combined HDSL
and T1 NEXT cancellation

combined T1 + HDSL case than jn the pure HDSL case.

VI. DIsCUSSION AND CONCLUSIONS

Crosstalk interference is a limiting factor for DSL sys-
tem performance. Many techniques have been proposed
to combat its effects. However, to the best of our knowl-
edge, no solutions exist that effectively cancel crosstalk
without explicit knowledge of the coupling functions be-
tween twisted-pair wires within a cable binder.

In this paper, we have proposed a blind crosstalk can-
cellation method for DMT systems that is based entirely
on the crosstalk signal statistics (not requiring knowledge
of the actual crosstalk coupling functions). Our solu-
tion has low complexity making it practical to implement
while also achieving reasonably good performance. Our
proposed blind crosstalk cancellation method is also ro-
bust to a jitter in the crosstalk symbol timing estimate.
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Abstract

Near-end crosstalk (NEXT) is one of the major impairments to the current ADSL downstream trans-
mission. This paper presents two methods for an ADSL receiver to cancel one (dominant) NEXT signal
from other types of services (such as HDSL, SDSL, T1, etc). The methods exploit the fact that the
crosstalk signal has a large excess bandwidth and its spectra in the main lobe and in the excess band are
strongly correlated. The principal idea is then to estimate the crosstalk in some frequency bands (e.g.,
excess band) and cancel it in other frequency bands (e.g., main lobe). The frequency-domain analysis
in this paper provides an intuitive explanation of the crosstalk estimation and cancellation, as well as a
guidance to select the right frequency bands to observe the crosstalk signal. Moreover, a fast algorithm
is proposed for practical implementation. This algorithm avoids matrix inversion and large matrix nuilti-
plication in every transmission block. Simulation results show that one of the proposed methods, MMSE
estimation and cancellation, is very effective to cancel one (dominant) NEXT and the improvement is
significant in terms of the data rate and the line reach for the ADSL service, For example, using a real
measured NEXT transfer function, the proposed method can increase the ADSL downstream data rate
by 200% for some loops. The methods are extended to estimate and cancel two or more crosstalkers. The
amount of improvement depends on the crosstalkers’ characteristics and it is generally less than that of a

single crosstalker case,

Keywords

DSL, crosstalk, excess bandwidth, decision-aided cancellation, MMSE estimation and cancellation.

I. INTRODUCTION

Digital subscriber line (DSL) technology uses the existing phone lines to offer high speed
data transmission services to both residential and business customers. There are many
types of DSLs [1], generically referred to as xDSL, including basic rate DSL (ISDN), HDSL
(high-bit-rate DSL}), ADSL (asymmetric DSL), HDSL2 (second generation HDSL), SDSL
(single-pair, symmetric DSL), and VDSL (very-high-bit-rate DSL). Of these DSLs, ISDN,
ADSL, and HDSL have been standardized by International Telecormmunication Union
(ITU). ITU-T Recommendation G.995.1 [3] provides a comprehensive overview of these
standardized recommendations. HDSL2 and VDSL are currently in the process of being
standardized. SDSL is not standardized but has been deployed to offer various data rate
less than 1.536Mbps.

One of the major impairments of the xDSL systems is the severe crosstalk [2] among

the telephone lines in the same or neighboring bundles. The crosstalk is classified into
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near-end crosstalk (NEXT) and far-end crosstalk (FEXT). In general, NEXT is much
larger than FEXT because the interference source is closer to the receiver. Therefore,
ADSL and VDSL use frequency division duplexing (FDD) to avoid NEXTs from the same
services. However, other types of services (such as HDSL, SDSL, T1, etc.), which use
different duplexing schemes and overlap in frequency with ADSL and VDSL, may produce
detrimental NEXT. Mitigating the effect of NEXT in an ADSL receiver can dramatically

increase the data rate, the line reach, or the system operational margin.

The optimum detector for the interference cancellation can be theoretically achieved
by maximizing the o posteriori probability of the primary signal (MAP rule), which is
unfortunately too complex in practice. Some suboptimal multiuser detectors [4][5}[6][7]
are proposed to mitigate or cancel the interference signal in the non-spreading system.
These detectors decode each user’s data using “soft” symbols and iterate the detection
process until a certain criterion is reached (e.g., the maximum number of iterations}. The
convergence of this type of algorithms is an open problem. The algorithms are still very

complex when the signals have large constellation sizes [7].

This paper presents new practical methods to cancel or mitigate one (dominant) NEXT
for an ADSL receiver. The principal idea is to estimate the crosstalk signal in certain
frequency bands and subtract it in other frequency bands. A similar idea [8][9] has been
previously used to suppress very narrow band radio frequency interference {RFI) in VDSL
systems. The crosstalk signal to an ADSL receiver has large excess bandwidth and its
spectra in the main lobe and the excess band are strongly correlated, which gives the
opportunity to cancel the crosstalk signal in some dependent frequency bands. For ex-
ample, the crosstalk can be estimated in the excess band and cancelled in the main lobe;
vice versa. This paper provides a guidance on how to select the best frequency bands to
observe the crosstalk signal and an intuitive interpretation of the crosstalk cancellation
process. Another important aspect of the proposed techniques is that they can be im-
plemented with low computational complexity, without matrix inversion or large matrix

multiplication in each transmission block.

Previously, the fractionally-spaced equalizer (FSE) was used to suppress cyclostationary

NEXTs [10][11] if both the crosstalk signals and the primary signal are synchronized and
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have excess bandwidth. The FSE processes the signals’ spectrum in both the main band
and the excess band. The folded spectrum after resampling to the symbol rate then
provides the flexibility to suppress NEXTs in the main band. The problem addressed
in this paper is different mainly in the following two aspects. First, the primary signal
(ADSL) and the crosstalk signal (such as NEXT from HDSL, SDSL, T1) have completely
different modulation schemes and sampling rates. Second, the primary received signal is
decoded in the frequency domain, thus the crosstalk signal suppression is also processed
in the frequency domain. In fact, the frequency domain explanation in this paper gives an
insight on how much NEXT' can be suppressed.

This paper proceeds as follows. Section II describes 'the system model of the primary
and crosstalk channels. Section III presents the methods to cancel the crosstalk signal and
a fast computation scheme for practical implementation. The methods are then extended
to estimate and cancel two or more crosstalkers. Simulation results are shown in Section
IV to verify the proposed methods. Section V concludes the paper.

In this paper, the notations are arranged in the following convention. A small letter, a
bold small letter, and a capital letter represent a scalar, a vector, and a matrix, respectively.
The superseript symbols T and * represent “transpose” and “conjugate and transpose”

operations, respectively.

IT. S¥ysTEM MODEL

ADSL {12] uses the discrete multiple tone (DMT) modulation scheme [13][14] for data
transmission. DMT is an effective realization of multicarrier transmission [15]{16][17],
which partitions the intersymbol interference (IST) channel into a large number of nar-
rowband subchannels. There is no or little ISI in each subchannel if the bandwidth of
the subchannel is sufficiently narrow. The data is then transmitted in each subchannel
almost free of ISL. A subchannel is more often called a “tone” in DMT systems and this
terminology will be used in the rest of this paper.

The crosstalk signal from HDSL, SDSL, T1, or ISDN has different modulation schemes.
HDSL, SDSL, and ISDN use 2B1Q baseband transmission and T1 uses alternative mark
inversion (AMI) baseband transmission.

Fig. 1shows a general model of a primary DMT transmission system with one crosstalker.
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respectively. The DMT signal has a cyclic prefix (ap—; = @i, 1 =1, -+ ,v), therefore the

channel response matrix P is circulant and has the following form,

po P11 P O e 0 |
0 Po ot Pu—1 Pe 0
P = o --- 0 Do cer Py Dy
po 0 - 0 P - Pra
' - om0 - 0 po ]

where v + 1 is the number of taps of the channel response p(t). The crosstalk matrix

CMx (LA-18) is

o= (L= DT AM—=1T) - clr+(M=1T) - el 47+ M-1T)
olr — (L= VT +M—-2)T) -+ v+ (M- DT -+ e(pT 47+ (M —2)T)
C — : . . . .
c{r — (L - 1T +T) “e c(r+T) S o(pT +7+T)
lr—(L-1T) - dn) e euT)

where p + 1 is the number of taps of the crosstalk response, L is the number of crosstalk
symbols in one DMT block (L = [MT/T.]). Note that there are many zero entries in
the above matrix C. Since the delay 7 changes block over block, the matrix C varies over

different blocks.

With a cyclic prefix, the circulant matrix P can always be decomposed [18, p. 201-2] as

P =Q*AQ (6)

where Q is a fast Fourier transform (FFT) matrix, A is a diagonal matrix whose diagonal

elements correspond to the frequency response of the channel. More specifically, the FF'T
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matrix is
[ MDY L i1 ]
B (M=M= L WMD)
1
=7
e'".?zﬁ’r(M—l) e_.?%_:; 1
i 1 1 1]

and the diagonal elements of A from the top left to the right bottom are

F
0

diag(A) = Q- | p.

Do

At the transmitter, the signal o is modulated in the frequency domain and transformed
into the time domain by an inverse FFT for transmission, i.e., a = Q*c. At the receiver,
the received signal is transformed back to the frequency domain. Therefore, the whole

system model in the frequency domain is
z=Qy=Aa+QCb+n. (7

where z = [2m—1, Zn-2, " , 2|7, and the white ((aussian noise n = @A has the same
variance as fi. The traditional system treats the crosstalk signal as Gaussian interference,
which significantly limits the overall system performance. This paper presents new meth-
ods to cancel or suppress the crosstalk component QCb in the received signal. The channel
and crosstalk responses p(t) and ¢(t) are assumed to be known in the ADSL receiver. The
channel response is obtained through training sequences and the crosstalk response can

be acquired by the method in [20].

1I1. CrOSSTALK CANCELLATION

The principal idea of crosstalk cancellation in this section is to first estimate the
crosstalk signal by observing the output of certain frequency bands and then reconstruct

the crosstalk signal in other bands to cancel out the interference. If the crosstalk signal
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has an excess bandwidth, like HDSL and SDSL crosstalkers in the xDSL systems, the can-
cellation is possible because the excess bandwidth provides more information about the
crosstalk signal. In this section, the basic idea to cancel the crosstalk signal is described un-
der the terminology of the above system model. A geometrical interpretation is introduced
to explain the cancellation process intuitively and to select the right frequency bands to
observe the crosstalk signal. Then, a fast computational method is proposed for practical
implementation, which avoids the matrix inversion in the crosstalk signal estimation and

cancellation. Finally, the method is extended to more than one crosstalker,

A. Crosstalk Signal Estimation and Cancellation

ADSL uses DMT modulation and the received signal is processed in the frequency
domain. In order to detect and cancel the crosstalk signal, all the tones of interest! are
partitioned into two disjoint sets, S; and S;. In set 57, the DMT system treats the crosstalk
signal as a Gaussian noise, like a traditional system. The primary signal is detected and
subtracted from the received signal. Then the crosstalk signal b is estimated by observing
the residual signal in set §;. With the estimated crosstalk signal b, the interference in set
S5 can be constructed and subtracted from the received signal. If the interference in set
Sy can be completely eliminated, then the primary DMT system will have a significantly
higher signal to interference and noise ratio (SINR) and more bits can be transmitted in
this set of tones. The channel model representation in (7) is re-grouped according to the

partition:

Asex Ch T
Z3 _ 20X n Q- n 2 ( 8)
Z1 Al s 5} Ql Ch Ity

where every vector or matrix with the subscript belongs to the set with the same subscript.
For example, z; and z, are the received data in sets 51 and S5, respectively. Assume the
primary signal in set S can be detected reliably and denote Z; = z; — Ajp, then crosstalk
signal can be estimated by a linear minimum mean-squares error (MMSE) estimator [19,
p. 95] as

b= (Ry' + C*Q{R;'Q:C) ' C* QiR (9)

10nly includes those tones where the crosstalk signal exists, not all the tones in the ADSL receiver.
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where Ry, and R, are the signal and noise covariance matrices respectively. The trans-
mitted crosstalk signal sequence b and the background noise are normally assumed to
be white, and the crosstalk signal can be assumed to have unit variance without loss of

generality. Then the above equation can be further simplified to
b= (011 + C*QiQ:C) 1 C* Q1% (10)

where o2 is the background noise variance. There are several different approaches to
construct the crosstalk signal in set Se. Here are the two simple approaches.
1. Linear MMSE estimation and cancellation. The receiver directly uses the estimated

signal from (10) to construct the interference signal:

X, = Q:Ch
= Q2C(c%] + C* Qi1 C) ' C* Q171 (11)

and subtracts it from the received signal in set Sz. In fact, b can be considered as a special
kind of “soft” decision for interference cancellation. The error covariance matrix of the

estimated crosstalk signal from (10) is

e = E(b—b)(b —b)"
=22+ C"Q:C) (12)

Then the error covariance of the constructed interference is
€x = UngC’(JiI + C’*QIQlG’)""lC‘*QE. (13)

9. Decision-aided cancellation. The receiver makes “hard” decision on b to decode the
transmitted crosstalk signal in set Sy, and constructs the interference signal in set S; based
on the decision. The disadvantage is that a decision error would double the detrimental
impact on the constructed interference. The improvement can be achieved by making
“soft” decision with extra computational complexity.

The first approach works better if the transmitted crosstalk signal can not be reliably
decoded. For example, the HDSL crosstalker signal includes the low-frequency band [0 —
96k H 2, which is eliminated by the front-end filter of the ADSL receiver. As a result, the
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4 ||C(f)l|2Rb(f)
-
5 N
. _..g
. > £
f VT £, T,

Fig. 2. Crosstalk estimation and cancellation,

transfer function for the crosstalk signal has a null response in this band, which would
produce many incorrect decisions if the crosstalk signal were decoded. The decision-aided
cancellation, however, works better if the interference to noise ratio in set 5 is relatively
high such that most of the decisions are correct. Inherently, this approach takes advantage

of the known discrete constellation of the crosstalk source signal.

B. Geometrical Interpretation and Tone Selection

A natural question arises on how to select the best frequency bands to estimate the
crosstalk signal and to mitigate the interference in the other bands. The answers for the
two approaches above will be described separately in the following. The crosstalk signal
uses baseband transmission, therefore the signal in the negative frequency is a conjugate of
the counterpart in the positive frequency. For simplicity, this paper describes the method

in the single-sided positive frequency band.

B.1 MMSE estimation and cancellation

The right strategy, which will be justified later, is as follows:
1. calculate SINRs in frequencies f, and 1/T.— f,, where T, is the crosstalk signal sampling
period;
9. estimate the crosstalk signal in the frequency bin that has a smaller SINR;
3. cancel the interference in the other bin that has the larger SINR.
In Fig. 2, the solid curve shows the power spectral density (PSD) of the crosstalk signal,

with 100% excess bandwidth. The crosstalk signal is estimated in the excess band and

DRAFT March 30, 2001




ZENG AND CIOFFI: CROSSTALK CANCELLATION IN XDSL SYSTEMS 1

then used to cancel the interference in the main lobe (0,1/2T .}. The dotted curve AC
shows the residual crosstalk PSD as a result of the crosstalk subtraction. If the smaller
one of the interference to noise ratios in frequencies f, and 1/T, — f, is denoted by gs (the
shaded zone in the figure), then the SINR gain in frequency f, is approximately equal to
gs. Similarly, if the crosstalk signal is estimated in the main lobe and used to cancel the
interference in the excess band, the SINR gain in frequency 1/T.— fo is also approximately
equal to g,. These statements will be proved later in this subsection.

In fact, the gain is the same no matter which frequency, either f, or 1 /T — fo, is used
to estimate the crosstalk signal. However, the data rate increase is not the same because
it depends on the original SINR. For example, if the original SINR in frequency 1 JTe—fo
is —9dB and the gain resulting from crosstalk cancellation is also 9dB, then the capacity
is increased by about 0.5bits/s/Hz; if the original SINR in frequency f, is 10dB and the
gain is the same, then the capacity is increased by about 1.5bits/s/Hz. Therefore, the
crosstalk signal should be estimated in frequency 1/T. — f, and cancelled in frequency
£,. Otherwise, the data rate improvement is smaller (0.5b/s/Hz versus 1.5b/s/Hz). This
phenomenon could actually happen in an ADSL environment. When the line reach is
very long, the ADSL signal in the excess band is weak compared to the NEXT signal,
therefore, the crosstalk signal should be estimated in the excess band and cancelled in the
main lobe. Correspondingly, if the primary signal has a smaller SINR in the main lobe for
some reason (e.g., because of the bridge tap), the crosstalk signal should be first estimated
in the main lobe and cancelled in the excess band.

The following provides mathematically the rationale of the above statements. The prob-
lemn is easier to understand in the frequency domain instead of the matrix representation
in (11). The short-term Fourier transform (STFT) of the system model in (1) is defined
as

W == | T et
~ p(Half) + c(NE*TB(f) +nlf) (14)

where p(f) and ¢{ f) are the normal frequency responses of p(t) and c(t), respectively. The

noise n(f) is a stochastic process, which is the STFT of A(t). The variance of n{f) is
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equal to its PSD, i.e., E(n(f)n*(f)) = o2, The approximation in (14) is due to the term
of the crosstalk signal, because the crosstalk signal does not have the cyclic prefix and is
not cyclostationary. This approximation is accepted for the following three reasons. First,
the approximation error is small if M is relatively large and is exact if M — co. Second,
the analysis resulting from this approximation is used only for a guidance to select the
right frequency bins to observe the crosstalk signal, not for the real crosstalk estimation.
Third, this approximation makes the analysis much more succinct and provides an intuitive
explanation of the estimation and cancellation process.

The primary and the crosstalk signals are

—3211'sz

alf) = \/ﬁlrzaz
b(f) = sz e

~j2m [Tk

The crosstalk signal has the following property: b{ f) = b (1/T. — f), where T, is the
crosstalk symbol period. Therefore, if the crosstalk component in frequency 1 JT. — fois
observed, the interference component in frequency f, can be reconstructed.

Tn the following analysis, 0 < f, < 1/(2T;) is assumed without loss of generality. The
crosstalk signal by is assumed to be white and is uncorrelated with the primary signal a;.
For brevity, symbol f; denotes frequency 1 [Te f,. The linear MMSE estimation of b{f4),

given the observation y(fa), is

- _ C*(fd)e_ﬂwdeRb B
b(fd) = I|C(fd)l|2Rb +0121 (y(.fd) p(fd)a’(fd)) (15)

where Ry = E(bibp)L/(MT) = ey/T;, and lle(£2)||2Rs is the PSD of the transmitted

crosstalk signal at frequency fa. The reconstructed interference in frequency f, is then

zo(fo) = c(fo)e™™ 0" (fa). (16)

The variance of the cancellation residual error plus the background noise is

2 — g2 [e(fo)l1* B o
7o) = PR i

The original error variance without cancellation is

o2(f.) = lle(fo)l PRy + o7, (18)
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Therefore, the SINR, gain is equal o

228
Goin = a2t
B el E Pl RS
= L 2Ry + ()R + o2 (19)
_ . PSDU.)-PSD(fa) 20)

o2 (PSD(f,) + PSD(f1) + o2)

where PSD(f,)} is the interference PS> at frequency fo-

Proposition 1: Suppose the PSDs of the primary signal and the background noise are
fived. Given the dual frequencies f, and f4, the SINR gain by the MMSE estimation
and cancellation is the same no matter which frequency is used for crosstalk estimation.
However, with respect to the data rate improvement, the crosstalk should be estimated in
the frequency with a lower SINR. and canéelled in its dual frequency.

Proof: The SINR gain in (20) is derived by estimating the crosstalk signal in fre-
quency f, and cancelling it in frequency fy. Since the SINR. gain is symmetric with respect
to PSD(f,) and PSD(f;) as seen in (20), the same improvement in terms of SINR is ob-
tained if the crosstalk component in frequency f, is estimated first and the interference in
frequency f; is cancelled next.

The data rate increase AR is

1 SINR-Gain
AR = Wlog, (__"'_.._._I‘__

SINR
14 80K

— Wlog, (1 + L-Ci‘?-“i_—l—)) (21)

sivr + 1

where T is the gap [21] from the capacity and W is the subchannel bandwidth. The data

rate improvement AR is a monotonic increase function of SINR. The higher the original

SINR is, the larger the data rate increase is. ‘Therefore, the crosstalk should be estimated

in the frequency with a lower SINR and cancelled in the frequency with a higher SINR.

This is especially important when SINR is small in one frequency and is large in its dual

frequency. n
The following example illustrates two important special cases for the SINR gain.

Ezample 2: (a) The interference levels are the same in the dual frequencies and more
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than 10dB larger than noise, then the SINR gain is approximately
N PSD(f,)

ain & 507 ,
which is equal to the interference to noise ratio minus 3dB.
(b) The interference levels have large disparity, for example, [c(fo)]|? > 10}|c( f2)||?, then
the SINR gain is approximately

PSD(fa)

a2

n

Gain =~

which is essentially equal to the interference to noise ratio of the smaller crosstalker.

In the xDSL systems, the crosstalk signals from HDSL or SDSL have a large percentage
of excess bandwidth. Therefore, the crosstalk signal can be estimated first in the excess
band and then be used to cancel the interference in the main lobe. The crosstalk in the
excess band is generally smaller than those in the mnain lobe, which fits case (b) in the
above example. The SINR gain in the main lobe is equal to the interference to noise ratio

in the excess band. If there is no excess bandwidth, then there is no SINR gain at all!

B.2 Decision-based Approach

For a given pair of the dual frequencies (f, and 1/Tc — f,), the best SINR. gain by the
MMSE approach above is equal to the smaller one of the interference to noise ratios in
these two frequencies. The decision-based approach could do better if the crosstalk signal
can be reliably detected. For example, if the crosstalk can be detected reliably in the
excess band, then all the interference in the main lobe can be eliminated, as opposed to
the residual interference (dotted line) shown in Fig. 2. In this approach, the best choices
of the frequency bins for set 5y are those with large enough interference to noise ratio
for the reliable detection of the crosstalk signal. If there are no such choices, the MMSE

approach should be used instead.

C. Fast Computation

The crosstalk channel response is changing block over block because the crosstalk signal
and the primary signal have different sampling rates. Direct computation of the linear

MMSE estimation in (10) requires matrix inversion in every block. A fast computation
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method is developed to avoid the large matrix inversion, with a slightly degraded perfor-
mance. This method is based on the well-known fact that the delay in the time domain is
équivalent to the phase shift in the frequency domain.

Denote Cj as the crosstalk function matrix with zero delay (T = 0), then

= DT,IQIOO (22)

where D, ; represents the phase shift components of the channel response,

| IR 0 e 0 ]
0 TR
D'r,l -
0
|0 o0 &R
where ky, - , km are the tone indices in set S;. The approximation in (22) is because of

the edge effect of the matrix. Asymptotically as M — oo, the approximation becomes
an exact equation. The fractional delay 7 is easy to infer block over block because the
sampling rates of the primary and crosstalk signals are both known.

With this approximation, the estimated signal can be simplified as

b~ \IID:,lil (23)
where ¥ is a constant matrix
W = (CEQ1Co +02D) 1G0T (24)

which can be pre-computed and stored. This constant matrix avoids matrix inversion and
large matrix multiplications in each transmission block. The multiplication D7 12, implies
that the receiver adjusts the timing offset of the signal ;. Multiplying the constant matrix
T roughly represents that the adjusted signal is passed through a linear MMSE filter. The

reconstructed signal in (11) can also be simplified as
Xe w2 Dpo®D7 170 (25)
where ® is another constant matrix
B = QxCo(CrR101Co + o2 D)1 C QA (26)
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and D, » is similar to D-; except that it uses the tone indices of set Ss in the diagonal, e.g.,
2w % | € Sy. Similarly, the computational complexity is reduced dramatically because

the constant matrix ® can be pre-computed and stored.

D. Extension to Multiple Crosstalkers

The idea of estimating the crosstalk signal in one set of frequency bands and cancelling
it in another set of frequency bands can be extended to more than one crosstalker. The
system model remains the same as (8), but the crosstalk component QCb is modified

slightly to include more crosstalkers, ie.,

C = [01, Oz, ,C;;]
b =[byba, -, bul”

where k is the number of the crosstalkers. The amount of performance improvement
depends on the crosstalkers’ characteristics and the choice of the cancellation approaches.
The following example illustrates one particular approach of successive cancellation of the
crosstalk signals by estimating the crosstalk signals in the excess band.

Ezample 3: The crosstalkers HDSL and SDSL have single-sided bandwidth of 192kH 2
and 520k H z. Both of them have about 100% excess bandwidth. Therefore, SDSL can be
estimated first in frequency band [520 — 1040k H 2] where the HDSL crosstalker signal does
ot exist. Then the SDSL crosstalker can be cancelled in the main lobe (138 — 520k H z].
After that, the same process is used to estimate and cancel the smaller-bandwidth HDSL

crosstalk.

IV. SIMULATION RESULTS

The ADSL downstream transmission is more vulnerable to NEXT, because the primary
signal attenuates very rapidly while NEXT increases as frequency increases. The simu-
lations are thus concentrated on the downstream receiver on the customer side. In the
current deployment, the strong NEXT mainly comes from ISDN, HDSL, SDSL, T1 or
their repeaters. For a given line, there is very likely only one dominant crosstalk because
of the following two reasons. First, the crosstalk Iine should reside physically close to the

victim line. Second, most services in the same bundle are deployed with ADSL. With the
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xDSL ADSL HDSL
Line code DMT 2B1Q
Sampli £
Bmpng rate 2208 392
fo (ks/ sec)
Power (dBm)} 19.0 13.6
. up: 26 — 138kHz
Duplexing Dual
down : 138 — 1104k H z
TABLE I

Main ADSL and HDSL Characteristics.

above two justifications, the simulations assume only one NEXT for a given line.

The main characteristics of ADSL and HDSL are summarized in Table I. For more
information, refer to [1][3] and the references therein. SDSL [22] has the same characteristic
as HDSL except that it offers variable symmetric data rate. The single-sided PSD of SDSL
and HDSL is

PSD(f) = K - ——sin é® ( utl ) LI 27)
o) 1 )

Watts/Hz, where fon, is the symbol rate and K = %%7; The PSD includes a 4th order
lowpass butterworth filter whose 3dB attenuation occurs at frequency 240 fom/392. For
HDSL, foym = 392kHz and fagp = 240kHz (see 2). The NEXT coupling functions
are taken from the real measured data. Fig. 3 shows several dominant NEXT coupling
functions for a given line. The thickest line in the figure is used here for simulation.
The crosstalk transfer function is then a cascade response of the rectangular pulse, the
butterworth filter, the NEXT coupling function, and the receiver lowpass filter. A linear
phase is assumed in the NEXT coupling function.

The system parameters used to calculate the ADSL downstream data rate are summa-
rized in Table II. The upstream and downstream bands for ADSL are shown in Table
. The total noise for the data rate computation is the sum of the background noise, 24

2Ty the original ADSL test procedures as specified in ITU-T G.996.1 Recommendations, faqg = 192kHz. This

number has been changed in [22] to 240kHz.
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50 Measured NEXT Attenuation

Adtenuation in dB

-110
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Frequency (MHz)

Fig. 3. Measured NEXT attenuation for a given line.

ADSL line type: 26 Gauge
CHE- BEFOL

AWGN (single-sided): | —140dBm/Hz
System margin: 6dB
Coding gain: 3dB
SNR-gap: I'=9.8dB
# of self-FEXTs: 24

TABLE IT

ADSL system parameters for data rate calculation.

FEXTs from ADSL services by the standard model {12], and one dominant NEXT from
HDSL or SDSL.

A. HDSL NEXT Cancellation

HDSL has a relatively small bandwidth with respect to the ADSL signal. The crosstalk is
estimated and cancelled by the proposed approaches in Section ITI-A. Fig. 4 shows three
PSDs which correspond to the original NEXT, the residual NEXT using the decision-
aided cancellation approach, and the residual NEXT using the MMSE estimation and
cancellation approach. The crosstalk signal is observed in the HDSL excess band [198 —
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HOSL NEXT Cancellation
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Fig. 4 HDSL NEXT estimation and cancellation.

250kH 2] and cancelled in the main band [142 — 194kHz]. In the observing band, the
:nterference is treated as a Gaussian noise for the detection of the primary signal and
no improvement has been achieved. However, in the main lobe [142 — 194kH z], the
improvement by the MMSE estimation and cancellation is very large as shown in Fig.
4, which is about +-30 dB. This result fits very well with the analysis and geometric
interpretation of the crosstalk cancellation in Section III-B. As expected in Example 2,
the SINR gain in frequency 104k H z is approximately equal to the interference to noise
ratio in the dual frequency 198k H z minus 3dB. If self-NEXT's from other ADSL services in
the upstream band [26—138kH 2] are small (this figure assumes no self- NEXTs), the HDSL
crosstalk signal can also be estimated in the ADSL upstream band and then cancelled in the
dual HDSL excess band [254—366kH 2. The interference in the excess band [254—366kH 2]
can be almost eliminated because the crosstalk signal in band [26 — 138k H 2] has a much

larger interference to noise ratio.

Interestingly, the MMSE estimation and cancellation technique works much better than
the decision-aided technique for the HDSL crosstalker. The direct cause is that the HDSL
signal are not detected reliably enough and the wrong decisions double the negative im-
pact on the cancellation residual error. The decoding error is mainly because the HDSL

crosstalk signal in the voice band [0-26kHz] is lost after it passes the ADSL receiver filter.
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. ADSL Downstream Data Rate
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Fig. 5. Downstream data rates with/without NEXT canceilation.

The problem is even worse when the HDSL signal can not be estimated in the ADSL
upstream band [26 — 138kH 2] i el NEXTs from ADSL are stronger than the HDSL
signal.

Fig. 5 shows the ADSL downstream data rate improvement as a result of the MMSE
crosstalk estimation and cancellation. Given a line length of 4500, the data rate increases
from 0.8Mbps to 1.7Mbps. It is also interesting to note that, given the data rate of
0.8 Mbps, the line reach increases from 4500m. to 5300m, which is about 39% more coverage

area, for the service providers.

B. SDSL NEXT Cancellation

9DSL offers variable symmetric data rates by using different bandwidth. In the simula-
tion, the symbol rate is chosen as foym = 1040k H z. Three PSDs of the SDSL NEXT are
shown in Fig. 6. They correspond to the original NEXT, the residual NEXT using the
decision-aided cancellation approach, and the residual NEXT using the MMSE cancella-
tion approach, respectively. The crosstalk signal is estimated in the SDSL excess band
[522 — 902k H 2] and cancelled in the dual main lobe [138 — 518kHz]. The improvement
is very large in those frequency band around fym/2 where the excess band has very high

interference to noise ratio. As the frequency increases towards feym, the crosstalk signal
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Fig. 6. SDSL NEXT estimation and cancellation.

becomes small, correspondingly the improvement of the cancellation in the dual frequency
band becomes small. As shown in Fig. 6, the improvement of SINR is smaller in the bands
closer to the minimum downstream frequency (138kH z). If the self-NEXTs from other
ADSL services are small, the crosstalk signal can be estimated in the ADSL upstream
band [26 — 138kH 2] and cancelled in the dual excess band [904 — 1014k H 2].

The MMSE estimation and cancellation approach performs better than the decision-
aided approach. However, the difference from these two approaches is smaller than that
of the HDSL service. The reason is that the SDSL service has a much larger bandwidth
than the HDSL service and the loss of the signal in the low-frequency band [0 — 26kH 2]
has a relatively smaller effect on the decoding error.

The ADSL data rate improvement is shown in Fig. 7. The improvement is most
significant in the loops around 2500 — 4500m. The improvement is smaller in the shorter
loop (< 2500m) because the self- FEXTs are larger. Given a line length of 3500m, the data
rate increases from 0.9Mbps to 2.7Mbps. Similarly, for a given data rate of 0.9Mbps, the
loop length increases from 3500m to 4600m, which is about 7 3% more area coverage for
a service provider. The SDSL NEXT is a very severe crosstalk to the ADSL downstream
transmission because it has a large bandwidth. The cancellation method proposed in this

paper can greatly improve the system performance if there is one (dominant) NEXT.
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Fig. 7. Downstream data rates with/without SDSL NEXT cancellation.

C. Fast Computation

One important aspect of the proposed techniques is that there exists a fast compu-
tational scheme, which may be used for practical implementation. This fast algorithm
degrades the system performance because of the edge effect in the crosstalk function ma-
trix as described in Sec. III-C. Figs. 8 and 9 show the NEXT cancellation results for
HDSL and SDSL, respectively. The three PSDs correspond to the original NEXT, the
residual NEXT by the fast algorithm, and the residual NEXT by the accurate MMSE
estimation and cancellation in Sec. III-A. The simulation results show that the SINR loss

due to the fast algorithm is relatively small.

V. CONCLUSIONS

The crosstalk from other types of services, such as HDSL, SDSL, and T1, limits the
data rate or the line reach of an ADSL service. This paper presents two new methods
to mitigate such NEXT. Both methods are based on the idea of estimating the crosstalk
signal in some frequency bands and canceling it in other frequency bands.

The decision-aided method decodes the crosstalk signal based on the observation in
some frequency bands. The crosstalk signal is then reconstructed and cancelled in other

bands. The method has the problem of error propagation. The MMSE estimation and
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cancellation method does not decode the crosstalk signal, but uses the MMSE estimation

result directly to construct the interference and cancel it in other frequency bands. The

latter approach is particularly better to suppress one HDSL or SDSL NEXT because the

decision-aided approach can not decode the crosstalk signal reliably due to the signal loss

in the low-frequency band [0 — 26kHz]. This conclusion is verified by the simulation

results.

This paper also presents an intuitive explanation of crosstalk cancellation, which pro-
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vides the guidance to select the right frequency bands to estimate the crosstalk signal. One
interesting result of the MMSE estimation and cancellation is that the gain of interference
suppression is the same no matter the crosstalk signal is estimated in the main lobe or in
the excess band. In general, the main lobe has larger interference than the excess band.
Therefore, if the crosstalk signal is estimated in the main lobe, the interference caused by
the excess band can be eliminated. Conversely, if the crosstalk signal is estimated in the
excess band, the SINR gain in the main lobe is equal to the interference to noise ratio in
the excess band. The larger the interference in the excess band, the better the suppression
of the interference in the main lobe.

Moreover, a fast computational algorithm is developed for practical implementation with
slightly degraded performance. This method avoids matrix inversion and large matrix
multiplication in every transmission block. In contrast, the traditional MMSE estimation
requires high computational complexity since the crosstalk signal is non-stationary and
large matrix inversion is need in every transmission block.

In conclusion, the MMSE estimation and cancellation scheme is very effective in can-
celling the crosstalk if the crosstalk has a large percentage of excess bandwidth. In current
xDSL systems, NEXT to an ADSL receiver has a large excess bandwidth, this method is

very effective to cancel one dominant NEXT.
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Abstract

Crosstalk in DSL leads fo significant performance
degradation and large losses in data-rate.  Several
crosstalk cancellation techniques have been proposed to
address this problem, however, in the exisiing literature
the analysis of these approaches is based on SNR
calculations  and  the  SNR-gap approximation.
Furthermore, for crosstalk cancellation techniques based
on decision-feedback, the effect of error propagation is
completely ignoved. This makes it hard to predict the
performance of crosstalk cancellation in real life, and to
see if the significant potential gains can actually be
realized. To addvess this problem, this paper uses Monte-
Cario simulation to investigate the performance of the
various crosstalk cancellation techniques that have been
proposed.  The effect of noise-enhancement in zero-
Jorcing crosstallk cancellers and error-propagation in
decision-feedback cancelfers is examined, The resulls
confirm that a very simple crosstalk cancellation struciure
can achieve near-optimal performance.

1. Introduction

Modern Digital Subscriber Line (DSL) systems use
frequencies up to 12 MHz in transition. This leads to
clectromagnetic coupling between nearby ftwisted-pairs
within the cable binder, an effect known as crosstalk.
Crosstalk is a major source of performance degradation
and significantly limits the data-rate and reach at which a
DSL service may be provided[1l.

Crosstalk between modems on the same end of the
foop is referred to as near-end crosstalk (NEXT) whilst
crosstalk on different ends of the loop is referred to as far-
end crosstalk (FEXT). NEXT is typically avoided by
using frequency division duplexing (FDD); however
FEXT is still 2 major problem in most DSL systems. This

is particularly true when one of the transmitters is located
much closer to the receiving modems than ail other
transmitters. The crosstalk from this transmitter can often
be stronger than the signals of interest on the other lines,
leading to a total loss of service. This so-called near-far
problem is particulatly cvident in upstream VDS3L
transmission when a customer premises (CP) modem is
located further upstream of the other modems in the
network.

Crosstalk cancellation has been proposed as one way
of addressing the crosstalk problem. This technique is
based on the concept of jointly processing the received
signals of all lines in order to filter out the crosstalk whilst
preserving the signal of interest(2].

In previous literature 2 decision-feedback crosstalk
canceller was shown 1o achieve  near-optimal
performance[2]. However this analysis was based on the
assumption of error-free detection and hence the effects of
error propagation were not accounted for. More recent
wotk showed that a simple linear Zero Forcing (ZF)
crosstalk  canceller could  achieve near-optimal
performance[4]. However this work was based on an SNR-
gap approximation, which may not accurately reflect real-
life performance.

This paper uses Monte-Carlo simulation to investigate
the performance, in terms of symbol-error rate, of the
different proposed crosstalk cancellers. In particular, we
are looking to confirm the conclusions made in previous
analytical work, and make a specific study on the cffects
of noise-enhancement and error-propagation on crosstalk
canceller performance.

The remainder of the paper is arranged as follows.
Section II gives an overview of the system meodel, Scction
111 presents the different crosstalk canceliation techniques.
Section 1V describes the performance, in terms of symbol-
error rate, of the different crosstalk canceliers as we vary
the disturbing modem’s line length. Section V draws
conclusions.




2, Channel Model

The channel mode! considered here is of the form
y, =H.x +Z;. )]
Tl NiT
Here X, =[x, %] is the vector of symbols
transmitted on tone k, where X is the symbol transmitted

by user # on tone k. Similarly ¥, = [y} - -yf]r is the

vector of symbols received on tone k. The vector

Z, =[z,l‘,---z;;V T is the additive noise experienced by

the receivers on tone k and incorporates radio frequency
interference (RFI), thermal noise and alien crosstalk. We

assume that Z, is white and Gaussian.

The crosstalk channel matrix is denoted by
H, ={h"™]. The diagonal clement h;" is the direct
channel from transmitter n to receiver #, whilst the off-
diagonal clement ™" is the crosstalk chamnel from

transtnitter m 1o receiver 2.

In upstream transmission the receiving modems are co-
located at a common central office. As a result the
diagonal element of any column of the channel matrix

H, will have a much larger magnitude than the off-

diagonal elements of that column, that is

\h;ﬁ”\ >> ]h,[_""’ ..

We refer to this as column-wise diagonal dominance
(CWDD)[4].

3. Equalization Techniques

3.1 Single User Equalization

We begin by examining the performance of a
conventional DSL modem which does not employ
crosstalk cancellation. Each receiver first equalizes the
received signal by dividing it by the direct channel gain

i" _yﬂ .'fhll,"

= Vel e

Since no cancellation is applied, the user will suffer the
full effects of crosstalk.

3.2 Zero Forcing Canceller

The zero forcing canceller estimates the transmitted
symbols by multiplying the received symbol vector with
the inverse of the channe! matrix, hence
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&, =(H,)"y,

The zero-forcing canceller has a linear design, which
leads to a low run-time complexity and low-latency. One
potential disadvantage of the zero-forcing approach is that
it may lead to severe noise-cnhancement if the crosstalk
channel matrix is poorly conditioned.

Thankfully, in DSL channels CWDD has been shown
to ensure a well conditioned channel malrix, leading to
near-optimal performance of the zero-forcing canceller(4].
This theoretical result is confirmed through our
simulations in Section IV where we see that the zero-
forcing canceller achieves near-optimal performance

3.3 Decision Feedback Cancelier

Decision feedback equalization is traditionally used for

canceling inter-symbol interference, however this
approach has also been proposed for crosstatk
cancellation in DSL[2].

As seen in figure 1, the decision feedback canceller
consists of a feed-forward and a feedback filter, The feed-
forward filter converts the crosstalk channel matrix into
one that is upper triangular, and hence the crosstaik obeys
a form of causality, in the scnse that gach user only
experiences crosstalk from previous users. This allows
decision feedback to be used to detect cach of the users in
turn, before subtracting the crosstalk they cause to the
remaining undetected users[2].

In practice this is implemented through a QR
decomposition of the crosstalk channel matrix

H, = Q.R,.

Here Q, is a unitary matrix, whilst R, is upper

triangular.

The matrix Q}:," forms the feed-forward filter which
transforms the received vector of (1) to

H H
w, =Qly, =Rx, +Q,z,.

Since Q, is unitary, the feed-forward filter does not

alter the statistics of the noise Z, , which we assume to be

spatially white. If the noise is spatially coloured then a
pre-whitening operation needs to be integrated into the
feed-forward filter[5]. This is relatively straight-forward
to implement in practice, and has no effect on complexity,
so we continue under the assumption of spatially white
noise.




Now that the channel has been converted into an upper-
triangutar matrix R, decision feedback can be applied to

cancel the remaining crosstalk. The estimate for user 7 is
formed by subtracting the crosstalk components of the
previously detected users

n nm

W, N ¥,
an o 13 - & Am
xk —dec o Zm:n-n S xk 4
k B

where W;; = [wk]n and r;’;m = [Rk]n,m'

D
L‘ I-diag{R,}"'R,

Figure 1: Decision feedback equalizer

Y Q) diaglR,)”

The decision feedback canceller will perform very close
to the theoretical channel capacity provided that the
previously detected users have been detected error-
free[2]. In practice this is not the case, and each user will
experience errors due to the noise within the channel.
When a user is erroncously detected, the decision
feedback operation will actually create more crosstalk,
leading to error-propagation and a significant reduction in
performance.

An important contribution of this work is to examine the
effect of decision errors in the decision feedback
canceller. This is something that has been ignored in prior
work that is based on the assumption of error-free
detection, an assumption that is of course invalid in
practice[2].

Disturber Disturber
RX TX
Victim Victim
RX 1200 m. TX
CO

Figure 2: Upstream VDSL simulation environment
4. Performance

The performance of single user detection, zero forcing
cancellation and decision feedback cancellation will be
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compared in this section. The simulation scenario is
depicted in Fig. 2. The victim line was fixed ata length of
1200 m. whilst the length of the disturbing line was
allowed to vary from 100 m. to 1200 m.

The symbo! error rate was calculated on tone 1205,
which corresponds to the highest tone in upstream band 1
under the 998 FDD band plan[3].  In simulation we
assume a line diameter of 0.5 mm (24 AWG). Empirical
maodels were used to generate the direct and crosstalk
channels [3]. The AWGN was assumed to have a PSD of
—133 dBm/Hz for all tones and lines. Tonc spacing was
set to 4.3125 kHz and the DMT symbol-rate was set to 4
kHz as per VDSL standards(3].

The symbol error rate (SER} on the 1200 m. victim line
is shown in Fig. 3 as we vary the length of the disturber’s
line. In the case of single-user detection (no cancellation)
the SER is highest for short disturber line lengths. This is
to be expected since for short disturber line lengths the
near-far effect will be most severe, as the crosstalk signal
travels only a short distance into the victim, completely
dominating the signal of interest, which has afready
attenuated quite significantly over the 1200 m. line.

Clearly the application of crosstalk cancellation, cither
zero-forcing or decision feedback, leads to a significant
reduction in SER, and brings the unencoded SER down to
an acceptable level of 2x10*, which corresponds to a
caded symbol error rate of 107, In practice this will allow
many more tones to be used for transmission, increasing
the overall data-rate. This corresponds quite nicely with
the results seen in previous work, which predicted large
data-rate gains from an analytical perspective[2][4]. Tn this
paper we have confirmed these benefits through more
accurate Monte-Carlo simulation.

2 -6~ no cancallation
—— zero forcing
- decisicn feedback

1. 1 1 I3 1, i1 1 1
100 200 300 400 S00 600 700 800 900 1000 1100
Disturber distance

Figure 3: Crosstalk cancellation performance

It is interesting to note that both the zero-forcing and
decision feedback cancellers operate very close to the




crosstalk free bound, so both of these techniques exhibit
near-optimal performance.

This confirms prior analytical work, which showed that
the zero-forcing canceller causes negligible noise
enhancement due to the CWDD nature of DSL. channels.

It also reveals a previously unsuspected insight, that the
performance of the decision feedback canceller is
relatively unaffected by decision error propagation,

Hence we have confirmed that the zero-forcing and
decision feedback cancellers are simple, low complexity
designs with near-optimal performance. This is an
observation altuded to through analysis in previous work,
and in this paper we see the same result, this time

reinforced through numerical simulation.
5. Conclusions

This paper compared the performance of the zero

forcing and decision feedback cancellers. Unlike previous
work, a comparison was made on the basis of numerical
simulation rather than through analysis alone. This
allowed the cffects of noise enhancement and decision
error propagation to be evaluated directly, issues that were
ignored in the analysis of previous work.
It was seen that both the zero forcing and decision
feedback cancellers achieve near optimal performance.
The zero-forcing canceller has a lower run-time
complexity and is preferable when the noise Is spatially
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white. When strong alien crosstalk sources exist near the
central office, the noise will be correlated between lines.
CWDD property of the crosstalk channel matrix, and the
zero-forcing canceller then loses its near-optimal In this
case a noise pre-whitening operation must be performed.
This noise pre-whitening often destroys the performance.
In this case the decision feedback canceller is preferable.
An important area for future work is a more detailed study
into the effects of noise correlation on crosstalk canceller
performance.

6. References

[1] T. Starr, J. Cioffi, P. Silverman, Understanding DSL,
Prentice Hall, 1999.

[2] G. Ginis and I. Cioffi, “Vectored Transmission for
Digital Subscriber Line Systems," IEEE J. Select. Areas
Commun., vol, 20, pp. 1085-1104, June 2002.

[31 Very-high bit-rate Digital Subscriber Lines (VDSL)
Metallic Interface, ANSI Std. T1.424, 2004

[4] R. Cendrillon, G. Ginis, E. Van den Bogaert, M.
Moonen, “A Near-optimal Linear Crosstalk Canceler for
VDSL,” IEEE Trans. Commun., in press.

[5] W. Yu, J. Ciofti, “Multiuser detection for Vector
Multiple Access Channels using Generalized Decision
Feedback Equalization”, Proceedings of the International
Conference on Signal Processing, World Computer
Congress, 2000.




A Matrix Theoretic Derivation of the Kalman Filter*
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Abstract

We present a matrix theoretic derivation of the Kalman filter—motivated by
the statistical technique of minimum variance estimation—in erder to make its
theoretical underpinnings accessible to a broader audience. Standard derivations
of the flter utilize probabilistic arguments that arc less familiar to the matrix
analyst and computational mathematician.

1 Introduction
Of key interest to us are stochastic linear systems of the form
d=Ggte, (1)

where d € R™ is measured data; G € B™*" is a known model matrix; ¢ € R" is the
nnknown parameter vector to be estimated; e € R™ is a zero-mean Gaussian random
vector; and ¢ € R™ is a zero-mean Gaussian random vector. In this case, the minimum
variance estimator of ¢ [4] can be expressed as the solution of a n x 7 linear system.

Owr derivation of the Kalman filter (3, 5] arises from an application of minimum
variation estimation to the sequentially coupled system of linear equations

@, = Mpg,_, + Ep, (2)
dy = Gy +er, (3)

where equation (3) is analogous to (1); and in (2), My, € B™ is the known evolution
matrix, ¢_, is 2 Gaussian random vector, and Ey € R™ is a zero-mean Gaussian
random vector.

Our discussion requires a knowledge of some basic statistical definitions and results.

*Mathematics Subject Classifications: 15A99, 65C60.
tDepartment of Mathematical Sciences, University of Montana, Missoula, MT 53812, Email:
bardsleyj@mso.umt . edu




2 Statistical Preliminaries

Let x = (#1,...,%)7 be a random vector with B(x;) the mean of #; and B({z; —
1:)?), where g; = E(x:), its variance. The mean of x is then defined E(x) =
(B(z1), .-, E{zx))”, while the n x n covariance matrix of x is defined

[cov(x)lij = B((mi — pa)(@; — 1)), 1<éj<n

Note that the diagonal of cov{(x) contains the variances of #i,...,%,, while the off
diagonal elements contain the covariance values. Thus if z; and xz; are independent
[COV(X)}iJ; =2 (.
The n % m cross correlation matrix of the random n-vector x and m-vector y, which
we will denote Iy, is defined
Dy = E(xyT), (4)

where [E(xy™)]i; = E{ziy;). If x and y are independent, then I'xy is the zero matrix.
Furthermore,
E(x) =0 implies I = cov(x). (8)

Finally, given an m ¥ n matrix A and a random n-vector x, it is not difficult to
show that
cov(Ax) = Acov(x)AT. (6)

We end these preliminary comments with the example of primary interest to us in
this paper, the Gaussian distribution. If d is an n x 1 Gaussian random vector, then
its probability density function has the form

1 1 _
pa(d; i, C) = W exp (_E(d — “)TC l(d - p,)) , (7)

where . € R, C is an n X n symmetric positive definite matrix, and det(-} denotes
matrix determinant. Then E{d)} = p and cov(d) == C. We will use the notation
d ~ N(g, C) in this case.

For moare details on inéroductory mathematical statistics, see one of many intro-
ductory mathematics statistics texts, including [2].

3 Minimum Variance Estimation

We consider linear system (1) and assume that ¢ ~ N(0,Cy) with Cy a symmetric
positive definite matrix. We assume, furthermore, that ¢ and e are independent ran-
dom variables. The problem of estimating ¢ is statistical, however as we will see, the
minimum variance estimator can be expressed as the solution of a linear system. We
can now define the minimum variance estimator of ¢.

Definition 1. Suppose ¢ and & are jointly distributed random vectors whose compo-
nents have finite expected squares. The minimum variance estimator of ¢ from d is
given by

¢es£ — Bd,




where X
B = min E(|Bd - &||[2).
arg Bele&" (” [ “2)

We now state and prove a theorem that gives us the minimum variance estimator

in an elegant closed form.

Theorem 1. [fTqq (defined in {4)) is invertible, then the minimum varience estimator
of @ from d s given by
(pcst = (I‘¢,dI‘dd“)d.

Proof. First we note, via properties of the trace function, that

E(|Bd - ¢{*)

trace(B[(Bd — ¢)(Bd — $)7)),
trace (BE[ddT]BT — BE[d¢”] - El¢dT|BT + E{¢¢T]) .

Il

Then, using the distributive property of the trace function and the identity
—cé—trace(BC) = i-trace(CTl?:T) =C7,
dB dB
we see that dE(||Bd — ¢|*)/dB = 0 when
B=rIgalaa™"

where T'yq and Taq are defined in (4). O

Given our assumptions above — recall that ¢ and e are independent zero mean
random vectors — we have from (4) and (3)

Tgpa = FgaGT +Tge = CyGT,
Taa = GTygGT +Tee = GCHGT + Ce.
Thus the minimum variance estimator is given by
d)est — C¢GT(GC¢GT + Ce)—ld,
(GTele+ o hiat et ®)

The second equality is valid since Cy is assumed to be nonsingular (a nice exercise),
and it shows us that in this case ¢°* can also be expressed

%t = arg m(;n IGo - d||f3;_= + ||l f:;l. 9)

This establishes a clear connection between minimum variance estimation and gener-
alized Tikhonov regularization [4]. Note in particular that if Ce = o}l and Cy = 031,
the minimum variance estimate can be written

¢=t = argm(;n IGé — a3 + {o3/a2)lI¢l3.

which has classical Tikhonov form.




4 The Kalman Filter

Up to this point, we have considered stationary linear models, but suppose that what
we wish to estimate (¢ above) changes in time. More specifically, suppose our model
now has the form (1), (2). Equation (1) is the equation of evolution for ¢, with M
the n X n linear evolution matrix, and Eyx ~ N(0,Cg,). In equation (2}, di denotes
the m % 1 observed data, Gy, the m X n linear observation matrix, and ey ~ N(0,Cg,.).
In both equations, k denotes the time index.

The problem is to estimate ¢,, at time & from d; and an estimate e of the state
at time k — 1. We assume @£, ~ N(¢p_1, CP¥y)

To facilitate a more straightforward application of the result of Theorem 1, we
rewrite (1), (2). First, define

o = Mgt (10}
3 = d— Ok (11)
r, = dk—Gk(ﬁz. (12)

Then, subtracting (10} from (1) and Gy ¢} from both sides of (2), and dropping the k
dependence for notational simplicity, we obtain the stochastic linear equations

z = M(p—¢*)+E, (13)
= Gz+te. (14)

The minimum variance estimator of z from r given (13), (i4) is then given, via
Theorem 1, by
2%t = T, T

We assume that ¢ — ¢°** is independent of E, and that z = ¢ — ¢ is independent of
e. We note, furthermore, that by assumption both of these random vectors have zero
mean. Then, from (4), {5), {6), {13} and (14), we obtain

r,. = McoMT+Cg ¥ cCe, (15)
Ty = CEGT:
T = GC°GT+C..

ast

where € and C¢ are the covariance matrices for ¢°° and ¢" respectively., Thus,

finally, the minimum variance estimator of z is given by
2% = CGT(GCGT +C.)7'r, (16)

From (16) and {11) we then immediately obtain the Kalman Filter estimate of ¢ given
by

et = g%+ H(d - G¢"). (17)
where

H = CGTGCGT+C,)™! (18)




is known as the Kalman Gain.
Finally, in order to compute the covariance of qbc“ we note that by (17) and (2),

$5 = (I -HG)¢" + He + HG¢,

where ¢ is the true state. Given our assumptions and using (6), the covariance then
takes the form

Cet = (1 - HG)C*(I - HG)T + HCHT,

which can be rewritten, using the identity HC,H? = (I - HG)C"GTHT, in the
simplified form
Cot = C* — HGC®, (19)

Incorporating the % dependence again Jeads directly to the Kalman filter iteration.
The Kalman Filter Algorithm

Step 0: Select initial guess @& and covariance C§**, and set k= 1.

Step 1: Compute the evelution model estimate and covariance:
A. Compute ¢§ = M@ie;
B. Compute C% = M Cest, MY + Cg, = C}.

Step 2: Compute the Xalman filter estimate and covariance:
A. Compute the Kalman Gain Hj = C{GT(GrCiGT + Ce)™
B. Compute the estimate ¢f* = ¢ + Hk(dk — Grdi);
C. Compute the estimate covariance C{** = C}, — Hr G, Cy.

Step 3: Update & :=k -+ 1 and return to Step 1.

4.1 A Variational Formulation of the Kalman Filter

As in the stationary case (see (8)), we can rewrite equation (16) in the form
2 = (GCF'GT + (Co) 1) '@TCo'r

which, yields, using (11), the Kalman filter estimate

g5t = ¢"+[GTCIIG+(CHTNTIETCI A - G'cb“)

argmqgn{( 9 La-GaTCria -G+ (8- 9)7(C) (¢—¢“)}-

It can be shown using a Taylor series argument that
¢eat — a. . v23(¢a)wlvg(¢a)’ (20)
where V¢ and V2¢ denote the gradient and Hessian of £ respectively, and are given by

Vi) GTC;N(d - Go) + (G H e~ ¢"),
vig) = GTCI'G+(CH)™

i




By the matrix inversion lemma, we have
(GTCIIG +(C*y ! = ¢ —c*GT(GTCGT + C)~laen,
Then from equations {18) and (19), we obtain the very useful fact that
et = V(). (21)
This allows us to define an iteration analogous to that given above.

The Variational Kalman Filter Algorithm

est

Step O: Select initial guess ¢5** and covariance Cg%, and set k = 1.

Step 1: Compute the evolution model estimate and covariance:
A. Compute ¢f = Mo ;
B. Compute Cf = M,C§{**MF + Cg, := C{.

Step 2: Compute the Kalman filter estimate and covariance:
est

A. Compute the estimate ¢} = argmin (Y,
C. Compute the estimate covariance C§* = V24(¢) L.

Step 3: Update k := &k + 1 and return to Step 1,

A natural question is, what is the use of this equivalent formulation of the Kalman
filter? Theoretically there is no benefit gained in using the variational Kalman filter if
the estimate and its covariance are computed exactly. However, with the variational ap-
proach, the filter estimate, and even its covariance (1], can be computed approximately
using an iterative minimization method. This is particularly important for large-scale
problems where the exact Kalman filter is prohibitively expensive to compute.

4.2 The Extended Kalman Filter

The extended Kalman filter (EXF) is the extension of the Kalman filter when (1}, (2)
are replaced by

¢ = M(gr_1)+E, (22)
dp = G(dr)+en (23)
where A and G are (possibly) nonlinear functions. EXF is obtained by the following

simple modification of either of the above algorithms: in Step 1, A use, instead, ¢} =
M(g5™), and define

_ aM(Ty) _
My = 9 , and Gy =
a

where 56 denotes the Jacobian.

06 (1)
ap

(24)




5 Conclusions

We have presented a derivation of the Kalman filter that utilizes matrix an'alysi'B tech-
niques as well as the Bayesian statistical approach of minimum variance estimation. In
addition, we presented an equivalent variational formulation of the Kalman filter, as
well as the extended Kalman filter for nonlinear problems.
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