27 Decenber 2004 -1 UNI VERSAL SAMPLI NG RATE CONVERTER FOR DI A TAL AUDI O

" FREQUENCI ES *166166* FIELD OF THE | NVENTI ON *@0002* This invention

rel ates to nethods and apparatus for conversion of |nput27(R%eﬂ‘ ef?%quenci es
“to output audio frequencies. BACKGROUND OF THE I NVENTION Digital Audio is
based on many different nmeans of conmunication. The different digital

-medi a-general ly have conflicting saaniTg frequenci es, where those sanpling
frequencies are in accordance with the*Nyqui st sanpling theorem For
exanple, digital transm ssion of broadcasting prograns at 32 kHz, conpact
discs at 44.1 kHNIWEE}SAEISAMd’ddME %TECGNVIEMERWOR@EGHI‘AEcordi ngs at

6 kHz to 8 kHz, as described in_"Hi allt Dlgital Audio in the

Entertai nnent |ndustry”, |EEE AEBD 5'§5 pages 2-2 d| o]
requires a sanpling frequency conversion technl gque to handj wm'm{ﬂ@ NH@
well as non-trivial ratios efficiently. Conversion by

to anal ogue (through a DAC and a |owpass filter) and then re- sé Flng the
snoot hed signal at the output rate is sinple, but costly and |limted by the

i nper f ections (non-|ineari t yWIERR OF T&beYENH@Ne) of themmmlmﬂlﬁmmmm ter
as described in "Hgh Quality Analogue Filters for Digital
AES Convention, Novenber 1980. Conversion in sinple integer or sabdonal
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frequencies to output audio frequencies.

BACKGROUND OF THE INVENTION
'

Digital Audio is based on many different means of communication. The different digital

_media generally have conflicting sampling frequencies, where those sampling frequencies are
in accordance with the Nyquist sampling theorem. For example, digital transmission of
broadcasting programs at 32 kHz, compact discs at 44.1 kHz, digital video discs at 48 kHz and
speech recordings at 6 kHz to 8 kHz, as described in “High Quality Digital Audio in the
Entertainment Industry”, IEEE ASSP Magazine, 1985 pages 2-25. Digital audio requires a
sampling frequency conversion technique to handle simple as well as non-trivial ratios

efficiently.

Conversion by going from digital to analogue (through a DAC and a low-pass filter) and
then re-sampling the smoothed signal at the output rate is simple, but costly and limited by the
imperfections (non-linearity, phase response, noise) of the analogue filter as described in “High
Quality Analogue Filters for Digital Audio”, 67" AES Convention, November 1980.

Conversion in simple integer or rational ratios f/f, by single or multi-stage FIR filter
design, as described in Rabiner and Croichiere, Multi-rate Digital Signal Processing, Prentice
Hall Publication, 1983. However, it is not particularly suited for many arbitrary ratios, as it leads
to far too many filter configurations. An individual filter configuration is suited maximally to

a subset of these ratios only.



Hal | Publication, 1983. However, it is not particularly suited for many
" arbitrary ratios, as it |eads to far too many filter conflguratlons

i ndividual filter configuration is suited nmaximally to 24 Rgpsawer ¢¢0 "’these
ratios only. 27 Decenber 2004 2 SUVMARY OF THE | NVENTION I n accordance with
the present invention, there is provided a nethod for conversion of input
.audi o data, at an input audio data freqijency, to output audio data, at an
out put audio data frequency, including“the steps of (a) sanpling the input
audi o data; (b) expanding the input audio data, to produce expanded dat a;
and (c) interpolating the expanded data to produce output audi o data,
wherein the step of |nterpol ating bandlimts the expanded data to either
the sanpling frequency di®W Ag?y N OfoTHE INEENEIQN audi o data frequency
di vided by two, which ever is the lesser. Preferably, the step of
interpol ating includes sinc interpolation substantially in accordance wth

a sinc jnycesidahéd with tﬁ@ﬁesen@ thveRiiGH, M3 isxépmﬁab&'ﬁ%;éaﬁod ;& ﬁéﬁ?ﬁrﬁby SF @ﬁgct I on

is substantially in accordance w th:
wher e:  audilf data-atemtippit aadioi dataifiequency, ltc) owtpurgqudio datd] &1 afldutpu? dudieciamer 2004

frequency, including the steps of:

(a) sampling the input audio data;

(b)  expanding the input audio data, to produce expanded data; and

(c) interpolating the expanded data to produce output audio data,
wherein the stef) of interpolating bandlimits the expanded data to either the sampling
frequency divided by two or the output audio datg frequency divided by twb, which ever is

the lesser.

Preferably, the step of interpolating includes sinc interpolation substantially in accordance

with a sinc interpolation function.

Preferably, said sinc interpolation function is substantially in accordance with:

%0= jzx[k]e "t i

-A k=0

where:
Xty = output audio data
x(t) = input audio data



3 Fs sanmpling frequency F = output audio data frequency A = mninum|[Fs/2,
" F' /2] x[k] = uniform sanples of the input audio data x(t)7 k sanpling tinme
with respect to frequency In accordance with the present iRRFERPEBAD04 her e
. is also provided a nethod for conversion of input audio data, at an sanple

frequency, to output audio data, at an output audio data frequency,
.including the steps of: (a) upsanplingghe input audio data by an integer
factor, so as to increase the sanpling rate of the input data to produce
expand data;, and (h) ipterpol ating the expanded data to produce the

out put fdat a Twher e$3MRING fT6AUERSHI ating is |inear interpolation, the
upsanpling includes polyfhase filters for filtering the expanded data, and
sai d ugsanpl= ng i owputdmdicodata fregbatcpr for sel ecting the outputs of the
filters. Preferably, the cormutator, at any one tine, selects only two

out puty from the pol B?ﬁ‘? kbers. I n accordance with the present
i nvention, there r|Hs lé{aso p/rzg\ll/:‘i/ggd a frequency converter for conversion of

input apdio data, af an input audjo data frequency, to output audio data,
at an xtjat put aud“l"(‘)%oéf&ts&mﬂ’ @@f@?ﬁ‘}‘?“ﬁ M%éﬁtﬁégg( a) means for sanpling the
i nput audi o data; 27 Decenber 2004 -4- (b) neans for expanding the input
audi o Bata o pr cdmphng tiprenwlith relpea to requercg) means for interpol ating the
expanded data to .produce out put audi o dat a,
In accordance with the present invention, there is also provided a method for conversion of
input audio data, at an sample frequency, to output audio data, at an output audio data
frequency, including the steps of:
(@)  upsampling the input audio data by an integer factor, so as to increase the
sampling rate of the input data to produce expanded data; and
(b) interpolating the expanded data to produce the output data
wherein the interpolating is linear interpolation, the upsampling includes polyfhase filters for

filtering the expanded data, and said upsampling includes a commutator for selecting the

outputs of the filters.

Preferably, the commutator, at any one time, selects only two outputs from the polyphase

filters.

In accordance with the present invention, there is also provided a frequency converter for
conversion of input audio data, at an input audio data frequency, to output audio data, at an
output audio data frequency, including:

(a) means for sampling the input audio data;




where the step of interpolating bandlimts the expanded data to either the
" sanmpling frequency divided by two or the output audio data frequenc

di vided by two, which ever is the lesser. In accordanc@7v'}?€tqf?'ﬁbﬁé2%9‘ésent

. invention, there is also provided a frequency converter for conversion of

I nput audi o data,. at an input audio data frequency, to output audi o data,
.at an output audio data frequency, including: (a) neans for upsanpling the
i nput audi o data by an integer factor,”$0 as to increase the sanpling rate
of the input audio data to produce expanded data; and (b) neans for

i nter pol ati ngb)t he nevaps fetestpatating ihe ipmadudio dau RProdud kpaidded dadighgi N the
interpolating is linear interpolation, said upsanpling includes pol yphase

filters for, Kilterl ' d. sai ol yphase.filters are
in parall el gclf%d sg{"&[‘] Eogglgtgﬁ%ﬁg%gﬂﬁég?’g?%gedﬁ%% Wgt‘g‘? o%g‘t't as“gf%@tt?’ng t he
outputs of the filters. Preferably, a frequency converter as clained in

cl ai m 1%hergitlas emof inéerpolating bansinits the pxpanded datado sishesd¢hessamplingt wo out put s
fromthe polyphase filters. Advantageously the invention will be a single
si nmpl e fe¢quentydieidedibyawode she @dputraudioddata fra@wnbﬁawimww wWHIEH&/ep iON

bet ween commonly occurring audi o frequencies. The advantage of using a
singl e (fi fddedrure is that for conversion between different frequency

conbi nat1ons, the sane block code and sanme coefficients can be used. This
reduces the program code size. A single sinple structure also neans it can
be inplemented efficiently as a hardware bl ock, w thout excessive chip
area. 27 Decenber 2004 5 DETAI LED DESCRI PTI ON OF THE DRAW NGS The invention
i s furtlheccoddance withothe pbasemeinventioaxtheyel ie alsolpyovideda fregwonen conveptet e

conversion of input audio data, at an input audio data frequency, to output audio data, at an
output audio data frequency, including:

(a) means for upsampling the input audio data by an integer factor, so as to
increase the sampling rate of the input audio data to produce expanded data; and

(l?) means for interpolating the expanded data to produce output audio data,
wherein the interpolating is linear interpolation, said upsampling includes polyphase filters
for filtering said expanded data, and said polyphase filters are in parallel and said

upsampling includes a commutator for selecting the outputs of the filters.

Preferably, a frequency converter as claimed in claim 11, wherein the commutator at any one

time selects only two outputs from the polyphase filters.

Advantageously the invention will be a single simple structure, often desired in Audio
applications, for conversion between commonly occurring audio frequencies. The advantage of
using a single structure is that for conversion between different frequency combinations, the
same block code and same coefficients can be used. This reduces the program code size. A
single simple structure also means it can be implemented efficiently as a hardware biock,

without excessive chip area.



acconpanyi ng drawi ngs, in which: Figure 1 is a block diagramof a digital

" frequency converter of a general kind described as prior art; Figure 2 is
a block diagramof a digital frequency converter const r @tPesember 48¥br dance
.with the invention;. Figure 3 is a block diagramof a digital frequency
converter construction in accordance wth the invention; Figure 4 is a

bl ock diagram of a digital frequency cogverter construction in accordance
with the invention; Figure 5 is a flow diagramdepicting sinc and |i near

i nterpol ation techni ques which nmay be effected in the figure 3; Figure 6
is a diagram depicting processing steps occurring in the use of the digital
frequency converter of figure 3; and 'Figure 7 is a diagramillustrating a
cross-fading technique, in accordance with the invention. DETAILED

DESCRI PTI ON OF THE ARETRRRED BERURINFINOR OPTHEDRAMINGS6 Figure 1 shows
an audi o frequency converter 10 according to the prior art. This enploys a
digital expansion stage 12, where the sanpling frequency is increased to a

significantly, high .integral value, such as sui tabl e paower of 2, followed
by an anal ogﬁ@e i"g‘feé‘PBBI‘%g'i"ngrs‘feé@'zbeﬂzgy Wr%fag’éqmlé QF@Y Jath referepge de Jhe
corres i : [ 'Pp{grg g frequency, are conputed. Consider that

X[ n] .?g&ﬁﬁ?}%‘?ﬁ@“@%ﬂ% e ‘\?g'rsi on of the bandlimted anal ogue signal
x(t). If the sanpling frequency is Fs, therefore the tinme period is Ts,

then x[n] = x(nT5). Mreover, if x(t) was band-limted to Fs /2, then
per f ect recdfiguiedcisiadliockrdiagram of ashigisal fiequency converter of a general kind described

as prior art;

Figure 2 is'a block diagram of a digital frequency converter construction in accordance

with the invention;.

Figure 3 is a block-diagram of a digital frequency converter construction in accordance

with the invention;

Figure 4 is a block diagram of a digital frequency converter construction in accordance

with the invention;

Figure 5 is a flow diagram depicting sinc and linear interpolation techniques which may

be effected in the figure 3;

Figure 6 is a diagram depicting processing steps occurring in the use of the digital

frequency converter of figure 3; and

Figure 7 is a diagram illustrating a cross-fading technique, in accordance with the

invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT



can be obtained by applying the interpolation function (sanpling theoremn

" COx(t) =k x[k]Ck (t) k=-o00 where Ck (t) = wT5 sin[ co C (t - kTsz] n

WC(t -- kTs) and (Oc =Ifs ; the cutoff frequency (1) (2)7%Hereambengd0

S summation limt is from-0o0 to - it cannot be practically inplenented. If

non- uniformsanpling or finite length is considered (about the point of

~reconstruction) other types of interpolation functions such as spline and

Lagrange can be used. Equation (3) is aérexanpl e of a Lagrange

interpolator. Gk (t) -" Nt - t~i=N tk - ti , where i # k (3) The

advant age of Figuge L slgsvangeaudivt fesquehdyt @nvérser 110 atcording & the tphiok Bt 2THRE L al

fit. 27 D_e(;enbggfe 2004 -7 const rql?gt%tj in such a vvaygt hat tp(iéach sarrp%l%allml3

r epr eseddigitabgxpansion stage h2,wieré thessempling frequaney is increased totam'zgniﬁemmtyim%q

oi nts.. Eval.uatin t) for.all possiblLe valyes is physically |npossiDble.

ﬂowev erx,nlt:ﬁgéq;ov e, g%yh(qgrp suitabfe po“%r 0?2, }'o?lowed%yan an og¥1e interpo atiorrzpstage 14
where sample values, at points corresponding to output sampling frequency, are computed.

Consider that x[n] is a uniformly sampled version of the bandlimited analogue signal

x(1). If the sampling frequency is F;, therefore the time period is Ts, then x[n] = x(nTs).

Moreover, if x(t) was band-limited to F; /2, then perfect reconstruction of x(t) from X[n]

can be obtained by applying the interpolation function (sampling theorem)

k=-0

0= S0 U

where
o T, sinfo, (¢ - kT,)]
t. — cT s [4 s
¢Ic( ) COC (f _ kTs) (2)
and
@, =7, the cutoff frequency

Since the summation limit is from -o to it cannot be practically implemented. If non-
uniform sampling or finite length is considered (about the point of reconstruction) other types
of interpolation functions such as spline and Lagrange can be used. Equation (3) is an example

of a Lagrange interpolator.

Pyt
¢k(’)-H : where i # k 3)

The advantage of the Lagrange interpolator is that it results in a polynomial fit.



only requires evaluation of x(t) at points t = nml", corresponding to

" re-sanpling with new sanmpling frequency FS, with an associated period T .
Therefore: dn =the integer value of [ mI'/TS] an At = mP’/-Peeemheel@0d < At
s T Thus: x(nlT") =x(nTT + At) N 1: x[n + k]bk (fit) k=-N (4) The above
descri bed techni que functions adequately when FS < F. However, when
.reconstructing audio data where Fs > F, the output audio data will be
effected by an effect called aliasing7-Aliasing is frequency fold over due
to under sanpling and can be renoved by prefiltering the audio data to
effecti lof, A ' sot : | : !

prefil tc élr%ltbr% Fég][l Hég('gﬂaé B«’g?g}ag%@ggkon t%Ségqrg%{n?ﬁdnbvgoﬁlgggﬁgwgﬁ%ﬁé? ?rl?c‘{atla%fsby

fi gur eaflall ather saagplitigi pogntds above mentioned, if the interpolator 14 is a
Lagrange, spline or linear interpolator, pre-filtering of the extended

I nput data generally needs to be effected in order to renove the nentioned

aliasing effect..Conyert 2 shown in fiqute 2 and.gonstructed in

Secor dance. EraatnEARrionEl postre Falfeis physisafly ripssihis Hebever, Kiogstnigfton
expansj QH’?Q H I Nt e | : A ' rience it
[ sloposg{?l Irghel?% g\égltagllolslal 3%@@% éri ﬁg’pgﬂtf?ﬁb%?l%t%agés@g?n mnﬁﬁgi ng

t hese samgplingofeequenty Fie withcanl asseedated pericet PoTherefave: 27 Decenber 2004

n = the integer value of [ mT'/T]
and
At = mT' - nT
Thus:
x(mT") = x(nT; + At) where 0 <At<T
) N
= kZNx[n + k1o, (A1) @

The above described technique functions adequately when F; < F’. However, when
reconstructing audio data where Fs > F’, the output audio data will be effected by an effect
called aliasing. Aliasing is frequency fold over due to under sampling and can be removed by
prefiltering the audio data 1o effectively bandlimit the audio data to F*/2. This step requires

prefiltering of data before reconstruction.

In converters constructed by figure 1, and operating as above mentioned, if the
interpolator 14 is a Lagrange, spline or linear interpolator, pre-filtering of the extended input
data generally needs to be effected in order to remove the mentioned aliasing effect. Converter
20, shown in figure 2 and constructed in accordance with the principles of this invention, depicts
a digital expansion stage 22 followed by sinc interpolation 24. By this experience it is possible
to avoid said pre-filtering, such as is necessary when using these Lagrange, spline and linear

interpolators.



-8 +tA 00 j2i x~(t) _- f[4kje f }e'""FdF J s -A k~o00 where (5) A =

" mnimum [FS/ 2, F /2] | Equation (5) represents a sinc interpolation
"reconstruction formula in accordance with the inventiorf! ﬂ%m%@%@"m
Jlimts, A of this function effectively bandlimt the interpolation. The
interpolation is bandlimted to effect filtering of the data output by the
interpolation. Therefore, when FSis less than F, the equation (5) wll
function as a standard sinc interpolato?~ whereby the data reconstructed by
the interpolation will be bandlimted to Fd2. However, when Fs is greater
than F', equation (5) wll_function asga sinc interpolator, whereby the

data reconstructed tde’ rnal #FeN W )ﬁe band limted to F /2.
Thus, the reconst rxﬁﬁ t 'X{%]ebe %Wlﬂ ed to F /2 and therebyéf)e
filtered froman aliasinf € t. Therefore, the prefiltering step, {
renove an aliasing effect in reconstructed data, is no |onger required.
The cut ghéref requency, w,,, is effectively constrained to the m ni nrum of
(nFS, iF), thereby limting the integral of the reconstruction formula of
equation 5, to A ASinc= i nt enipimhun [By2, F82]t herefore interpolate and filter
the expanded data in a single step. Figure 3 illustrates yet another
converter in accordance with the invention. Converter 30 has a first stage

32 where th i ; ] | LS, | ed.

i gital Ly by-tmoh (Pfhebféins i5ine Hrelp ol étonticdin iGhyi Ty ARBRBRES it | ¢
al so r ahelnventiorn Tae issgankinits,0aug of Hisfimeaoneffsitively bifidimit tROIRRrp&I8tich.
sinple linear interpolator, which interpolates the denser expanded sanpl es

of y[ n]Thetintarpeatéencys bardmitedferaffest &ltotingof the datacuiitpwcbyf theintenpolation.
! Therefore, when F; is less than I, the equation (5) will function as a standard sinc interpolator
whereby the data reconstructed by the interpolation will be bandlimited to Fy/2. However, when
Fs is greater than F’, equation (5) will function as a sinc interpolator whereby the data
reconstructed by the interpolation will be band limited to F’/2. Thus, the reconstructed data will
be bandlimited to F’/2 and thereby be filtered from an aliasing effect. |

Therefore, the prefiltering step, to remove an aliasing effect in reconstructed data, is no
longer required. The cutoff frequency, w, is effectively constrained to the minimum of (aF;, .
nF’), thereby limiting the integral of the reconstruction formula of equation 5, to A. Sinc

interpolation may therefore interpolate and filter the expanded data in a single step.

Figure 3 illustrates yet another converter in accordance with the invention. Converter 30
has a first stage 32 where the sampling rate, F;, of the input audio data is increased digitally by

an integer factor L, giving an output y[n] at L*F;. y[n] is also referred to as expanded data.

The second stage 34 may comprise a simple linear interpolator, which interpolates the
denser expanded samples of y[n] at frequency L*F; to generate output at required frequency F

' 36. Upsampling reduces the interpolation error considerably.

This process is known as ‘upsampling’. Upsampling reduces the errors which occur
during interpolation considerably. Upsampling by a factor of 16 followed by linear interpolation
leads to SNR of ~ 60 dB for conversion ratio F '/F = 4.



'36. Upsanpling reduces the interpolation error considerably. This process
" is known as “upsanpling' . Upsanpling reduces the errors which occur  during
" interpol ati on considerably. Upsanpling by a factor of JX?EQWQQH%@62994Iinear
~interpolation leads to SNR of - 60 dB for conversion ratio F '/F, = 4. 27
Decenber 2004 9 Converter 30 is sinplified by using the sane interpolation
factor, 16, for all conversion ratios. In effect, the said comon

i nterpol ation factor enables the same f9tter coefficients to be used for
all ratios. Upsanpling may include a normal polyphase filter. Figure 4

il lustrates another converter in accordance with the invention. The
converter 40 has a first stage 42 where the sanpling rate of the input

di gi tal dat aConvérter 38 issinphfied bylisipg the same intedpelation facto 1 6, for gl vomerside
output y[n] at sanpling rate L*FS. The second stage 44 conprises a sinc

i nt er pofakiedn egéq:tgﬁxe ispdsppnan iaterpolatiandasion ernblesiihe samefiltercogliftaients totes 48

to gene ' . ' 4 anpl i ng reduces the
i nter pof%?i?grnﬁg{aﬁg%. osfaiéli)ggk ?ﬁ“gﬁaﬁgﬁgﬁ%&l pg{ypﬁgsegﬂip& ified by using the
sane interpolation factor, 16, for all conversion ratios. In effect, the
said common interpol ation factor enables the sane filter coefficients to be

used for al | Figarei oilustratppanathersonyérter én accoplancenith themvepticaThergnsérage.

For si e operatio onverter 30, wou be used jn preference to

conver Pﬁ'haﬁﬁ rgh %33 @\qrqa ﬁ'ﬁs‘?ﬁ"&ﬁ%& 13 %‘lctgg npat é‘gftét:‘ﬂaéglsi ipcregsed digitally byr s 30
and 40.,,l AT ST | [ [ OH&BS 4 ' eneral |y
perfor rfaghjﬂt% | dﬁ@%’t@ﬂ‘éﬁ P@fﬁg@? ggﬂ%g%aané%%g %&/tg ?‘yP‘f \/\Fl-/ge 8%%3@%@?? %g%'a%?és and
t hen f id i integpdlaer, extiiein itretpolagss thé expahi@sdisamplds dt FrRqd@wyI* O US WP psiIRE | NI
_If the converter is constructed in accordancé with figire 4, t h&n

il t er iowgput ot geauirest frequeney B’ 46.nYipeanspling raducas ther inteppolatien emdreronsidedablyn

process. Insertion.of I1-1 zeros neans that Y (z) = X(z), where y'[n] is the
sequence generated by inserting I-1 zeros in x[n]. In the frequency donain

Y (&' W) = X(Gnverterddii€ Snpified by Asing (HERRR interpolation factor, 16, for all conversion

ratios. In effect, the said common interpolation factor enables the same filter coefficients to be

used for all ratios. A polyphase filter implements the upsampling stage.

For simple operations converter 30, would be used in preference to converter 40. Figure

5 illustrates processes effected in the converters 30 and 40.

Upsampling, in the embodiments of figures 3, 4 and 5, is generally performed by
inserting I-1 zeros between every two consecutive samples and then filtering the expanded
result, where [ is the degree of up sampling. If the converter is constructed in accordance with

figure 4, then filtering is performed in a single step as a part of the interpolation process.

Insertion of I-1 zeros means that Y'(z) = X(z'), where y'[n] is the sequence generated by
inserting I-1 zeros in x[n]. In the frequency domain Y'(e¢'") = X(e™), which essentially means
that the spectrum of x[n] has been compressed I times. Since X(¢/"!) is periodic in 2n this leads
to creation of extra images in the spectrum. These images are removed by a filter with a

bandlimit of w; = #/1.

Computational efficiency is obtained in the filter structure above by reducing the large
FIR polyphase filter (h[n]) of length M into a set of smaller polyphase filters of length K = M/IL.



~ that the spectrumof x[n] has been conpressed | tines. Since X(ej*") is

periodic in 27t this leads to creation of extra images in the spectrum

" These images are removed by a filter with a bandlimt &7 Rgcember2P04
. Conputational efficiency is obtained in the filter structure above by

reducing the large FIR polyphase filter (h[n]) of length Minto a set of

~smal l er polyphase filters of length K= M1. 27 Decenber 2004 -10 Since the

upsanpl i ng process inserts |-1 zeros betOwen successive val ues of x[n],
only Kout of Minput values stored in the FIRfilter at any tine are

non- zer Ginckfhé uﬁﬁﬁ?ﬂl‘ﬁgtﬂr&%si R6HSs Lpzéﬂas bemleh 'sKéBEWRvé’Q rﬁpéﬂéeyﬁyé olni
pk(n)=h(k+nl) k=0, 1,..., . n=0, 1,..., K-1 The set o e f| ers
can be af Maimgutvaleesatosed mltheFIR ﬁhd:nas any time @& nagszesd Bhiis observation teadSto thdrer e
t he out&lui of ea fl|t§{ 64 can be selected by a conmutator 66. In the
case of "ellf %18n, two adj acent pol yphase filter outputs are
required at each tinme. Further reduction in conputation is achi eved by
noting that in the case of linear interpolation, not all polyphase filter

out puts are used F,qngem‘ekatmpg the sarmptey, at I.tlhe output. In a specific
exanpl e of converter 30, the process of figure 6, rate conversion from 16
kHz. to 44.1 kHz. The input to the syst®efy b,re,IédrrpI es x[n] at 16 kHz. After
upsanpling by 16 sanples y[n] are produced at frequency 16x16 kHz. = 256
kHz. The output {z[O], z[lJ, z[2], .. at 441.1 kHz. are interpol ations of

sanpl es pair VA 3&.@]1 i

correspondi n'ghét %&%6Ee r%ﬁ& ﬁl%‘% Jiﬁ% %%d %‘(&/é&%ié%l r%%ifs]a 128 8%1 %s S&OB’& it s
are redigured, whéretise atpat ofieath filtercfshgunttechelectedtbya dﬂ?ﬂnﬁﬁd&ﬁﬁr%@pproam above
descri bed, each polyphase filter 62 generates an output 64 and the

commut at or 66 -nbves to the next pol yphase At the end of a cycle the
commut at or rlﬁttﬁ'é’ Oike to?hrtleha? n];t'errp%Eatrfolnl tWo. adjacent polyphase filter outputs are required at

each time. Further reduction in computation is achieved by noting that in the case of linear

interpolation, not all polyphase filter outputs are used in generating the samples at the output.

In a specific example of converter 30, the process of figure 6, rate conversion from 16
kHz. to 44.1 kHz. The input to the system are samples x[n] at 16 kHz. After upsampling by 16
samples y[n] are produced at frequency 16x16 kHz. =256 kHz. The output {z[0], [1], z[2], ..}
at 441.1 kHz. are interpolations of samples pairs { (y[0].y[1]), (y[51.¥[6]) , (¥[11},y[12]), ...}
corresponding to the ratio 256/44.1 = 5.8049. Since only specific points are required others need
not be cemputed. In the polyphase approach, above described, each polyphase filter 62 generates
an output 64 and the commutator 66 moves to the next polyphase. At the end of a cycle the

commutator returns to the first filter.

Since only specific polyphase outputs are required computation can be reduced by
skipping those polyphase filters whose output are not required for that period of time. Unless
the conversion ratio is an integer no polyphase filter can be absolutely avoided. The above

described example, achieves a computation gain of about four.

Internal clock inconsistencies may be a problem in digital frequency conversion.
Consider the example of conversion from 32 kHz. to 44.1 kHz. Real-time systems work on

limited buffer space and on blocks of data. Suppose the constraint on the system is that it always
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it may happen that either the nunber of sanples obtained frominput is too

few to produce N sanples at ouytput or they produce nore than N sanples. If

FS is the i npaw. Ygippytapd prigHtderks asmtieqrungingtse these i nocghasanten thaistherpitiong
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appreci abl e, sanples may have to be dropped. IS case arPses en e

i nput rahortputohthgyn produbeimoteithan i samplesat e. As a result of being dropped

" sanples may have to be repeated. _ . Therefore, when the input data

frequency is higher than the output data frequency, nore sanples are
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each time N samples are transmitted at output, [N*Fy/F'] samples should accumulate at the

input. A small deviation may occur, but on average the above relation must hold. In a case
where the deviation is appreciable, samples may have to be dropped. This case arises when the
input rate is higher than the output rate. As a result of being dropped samples may have to be
repeated.

Therefore, when the input data frequency is higher than the output data frequency, more
samples are produced at the output, than the buffer 68 can hold. Overwriting the older samples

'~ in the buffer produces a discontinuity and as a result a clicking sbund is made.

In the cross fading scheme of figure 7, the output data frequency 72 is less than the input
data frequency 71. To enable a smooth transition, the input data frequency is faded in over time
as indicated by 73 and the output data frequency is faded out over time by 74. The result is the

smooth transition 75.
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snooth transition 75. 27 Decenber 2004 -12 THE CLAI MS DEFI NI NG THE
| NVENTI ON ARE AS FOLLOWS: 1. (Amended) lA-nethod for conversion of input
audi o data, at an input audio data frequency, to output audio data, at an

out put 7y CIIAMS DERINING THD INVENDIONAREXS FOLLOWSanD! i ng the input
audi o data; (e) expanding the input audio data, to produce expanded dat a;

and (f) interpolating the expanded data to produce output audi o data,
wherein the step of interpolating bandlimts the expanded data to either

the sampl i ”Q(ME%E?E%Ym@éMB?&%oWe{sM dﬁnﬁdgﬁu&lkltdat& a i;&@u fagguency

di vi ded by two, ever is the |esser. 2. (Anended met hod as cl ai ned

inclaim?2, wherein the,.ste f interpol.aty i ncl ude inc interpolation
st arfecaiensy, i ouPubAin 68,4t en oRtrSk Ricip el tisguiosh ircTyding thetersgt
(Arended) A nethod as claimed in claim2, wherein said sinc interpolation
function is @bst samplinglthe inpubawdo datare with: | Aco '1 .x (t)=-- JE)f* Je
“dl /s Ak 00 where:
(e) expanding the input audio data, to produce expanded data; and
6)) interpolating the expanded data to produce output audio data,
wherein the step of interpolating bandlimits the expanded data to either the sampling
frequency divided by two or the output audio data frequency divided by two, which ever is

the lesser.

2. (Amended) A method as claimed in claim 2, wherein the step of interpolating
includes sinc interpolation substantially in accordance with a sinc interpolation

function.

3. (Amended) A method as claimed in claim 2, wherein said sinc interpolation function

is substantially in accordance with:

xO= [ ¥

ﬂ.,ﬂp—w

where:

() = output audio data



xc(t) = output audio data 27 Decenber 2004 -13 x(t) input audio data FS =
"~ sanpling frequency F' = output audio data frequency A =_m ni num[Fs/2,

F' /2] x[k] = uniform sanples of the input audio data x(ty Dgcembesgif4 ng
~time with respect to frequency 4. (Anended) A nmethod as clained in any one
of claims 1 to 3, wherein said step of interpolating effects bandlimted
.interpolation of said sanpled input audi,o data and thereby substantially
filters said output audio data to renove an aliasing effect in the one
step. 5. (Amended) A nethod for conversion of input audio data, at an
sanpl e fx(®quency, ihputandiopddata audi o data, at an out put audi o data frequency,
i ncluding the steps of: (c) upsanpling the input audio data by an integer

factor, gso as-to i EebiGicysanpling rate of the input data to produce
expanded® dat a; angg@gﬁ ntegr pg ating the expanded data to produce the

out put data wherein the i.nterpolating is linear interpolation, the
upsanpl gng i ncl ud@gt%ﬁﬁlﬂgégq?qqluf%crs for filtering the expanded data, and
sai d upsanpling includes a commutator for selecting the outputs of the

filtersA 6. EFAmendudimuinfByAdd/Al ai med in claim5, wherein the comutator,
at any one tinme, selects only two outputs fromthe pol yphase filters. 27

Decenbeg[x2004 - 14yniforn S4HRpIELSH théidpuf a0 dutaGRE)verter for conversion of

i nput audi o data, at an I nput

k = sampling time with respect to frequency

-4, (Amended) A method as claimed in any one of claims | to 3, wherein said step of
interpolating effects bandlimited interpolation of said sampled input audio data and thereby

substantially filters said output audio data to remove an aliasing effect in the one step.

5. (Amended) A method for conversion of input audio data, atan sample frequency, to
output audio data, at an output audio data frequency, including the steps of:
()  upsampling the input audio data by an integer factor, so as to increase the
sampling rate of the input data to produce expanded data; and
(d) interpolating the expanded data to produce the output data
wherein the interpolating is linear interpolation, the upsampling includes polyfhase filters for
filtering the expanded data, and said upsampling includes a commutator for :selecting the

outputs of the filters.

6. (Amended) A method claimed in claim 5, wherein the commutator, at any one time,

selects only two outputs from the polyphase filters.




audi o data frequency, to output audio data, at an output audio data l

" frequency, including: (c) neans for sanpling the input audio data; éﬁ) '
means for expanding the input audio data to produce expéﬁd@ﬂﬁﬂﬁpé? d (c)

-~ nmeans for interpolating the expanded data to produce out put audi o data,

where the step of interpolating bandlimts the expanded data to either the

.sanpling frequency divided by two or the output audio data frequency

di vided by two, which ever is the | esd8r. s. (Amended) A frequency

converter as clainmed in claim?7, wherein the nmeans for interpolating is

subst an.i al | yAmende) o ftaqeencycorvettesiorohvirsion oF aipudBudiv daial an ifput
(Amended) A frequency converter as clainmed in claim8, wherein said sins

0 (o) S fila ReRGHc3d GB AN o i bRBEAREC A Belbby, b ) .27
ngg;bgtrjdizg t?y’?éa& éﬁ%ﬁﬁ&%%@;ﬁ%o@ﬁ;m put audi o data frequency 27

(d)  means for expanding the input audio data to produce expanded data; and

(c)  means for interpolating the expanded data to produce output audio data,
where the step of interpolating bandlimits the expanded data to either the sampling
frequency divided by two or the output audio data frequency divided by two, which ever is

the lesser.

8. (Amended) A frequency converter as claimed in claim 7, wherein.the means for

interpolating is substantially in accordance with a sinc interpolation function.

9. (Amended) A frequency converter as claimed in claim 8, wherein said sinc

interpolation function is substantially in accordance with:

o=LFS o
x® fs_j;x[ Ay
where:

X(t) = output audio data

() = input audio data

Fs = sampling frequency

F’ = output audio data frequency



- X[k] = uniformsanples of the input audio data x(t) k sanpling time wth

respect to frequency 10. (Anended) A frequency converter as clainmed in any

"one of claims 7, 8 and 9, wherein said interpolating sisPesamaar2004i|ters

~said output audio data renmoving an aliasing effect in a single step. It.

(Anmended). A frequency converter for conversion of input audio data, at an

.input audio data frequency, to output audio data, at an output audi o data

frequency, including: (a) means for upshhpling the input audio data by an
integer factor, so as to increase the sanpling rate of the input audio

data to 4roduce exmpanmach @3t F/Apd (c) neans for interpolating the expanded
data to produce output audio data, wherein the interpolating is |inear

i nt er pol,agy on, sai(: i iN.C 0 e filters for filtering
sai d exgg{g ed dat a‘?"@@%@Pﬁg’&“ﬁ‘hﬁg@ﬂdﬁJééﬁg@re in parallel and said
upsanpl i ng includes a . commutator for selecting the outputs of the filters.
12. (Aménded)™ A f saBplng imeomilraspect 4a frequanged in claim 11, wherein the
comutator at any one tine selects only two outputs fromthe pol yphase
filters. '

10.  (Amended) A frequency converter as claimed in any one of claims 7, 8 and 9,
wherein said interpolating substantially filters said output audio data removing an aliasing

effect in a single step.

I1. (Amended)_'A frequency converter for conversion of input audio data, at an input
audio data frequency, to output audio data, at an output audio data frequency, including:
(a) means for ﬁpsampling the input audio data by an integer factqr, S0 as to
increase the sampling rate of the input audio data to produce expanded data; and
(c) means for interpolating the expanded data to produce output audio data,
wherein the interpolating is linear interpolation, said upsampling includes polyphase filters
for filtering said expanded data, and said polyphase filters are in parallel and said

upsampling includes a commutator for selecting the outputs of the filters.

12. (Amended) A frequency converter as claimed in claim 11, wherein the commutator at

any one time selects only two outputs from the polyphase filters.



