METHOD FOR ALI GNVENT OF ANALOG AND DI A TAL AUDI O IN A HYBRI D RADI O WAVEFORM
FI ELD OF THE | NVENTI ON [ 0001] This invention relates to signal processing,
and nore wenvicubaeply to net hods and apparatus for deteeCrng2eaa07236
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modes for the HD Radi o(tm systemw || be the Hybrid nodes. The
convert from analog to digital radio while maintaining their current frequency allocations.

[0003] The system provides a flexible means of transitioning to a digital broadcast
system by providing three waveform types: Hybrid, Extended Hybrid, and All Digital. The
Hybrid and Extended Hybrid types retain the analog FM signal, while the All Digital type
does not. All three waveform types conform to the currently allocated spectral emissions
mask. Details on the Hybrid, Extended Hybrid, and All Digital waveforms are shown in
United States Patent Application Publication No. 2004/0076188, which is hereby incorporated
by reference.

[0004] The digital signal is modulated using Orthogonal Frequency Division
Multiplexing (OFDM). OFDM is a parallel modulation scheme in which the data stream
modulates a large number of orthogonal subcarriers, which are transmitted simultaneously.
OFDM is inherently flexible, readily allowing the mapping of logical channels to different
groups of subcarriers.

[0005] During the transition from analog to digital broadcasting, it is envisioned that
the predominant transmit modes for the HD Radio™ system will be the Hybrid modes. The
Hybrid signal includes the conventional analog signal (for compatibility with existing radios)
as well as digital signal subcarriers carrying the same analog audio content, but in higher-

quality digital format. The digital signal is delayed with respect to its analog counterpart such



Hybrid signal includes the conventional anal og signal (for conpatibility
with existing radios) as well as digital signal subcarriers carrying the
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two signals nontrivial. The blending must be smooth and continuous, which can happen only
if the analog and digital audio is both time and level aligned.

[0007]  The alignment or calibration of an HD Radio™ broadcast station’s digital and
analog signals is presently done manually with test equipment located at the transmitter site.
This calibration requires the use of a test signal and special measurement equipment used to
measure the time and level differences of the analog and digital signals. It also accounts for
the intentional diversity delay imposed on the analog signal path. Furthermore the relative
delays may change occasionally if the audio processing is changed, which may occur if or
when the broadcast changes from music to news, for example. It is presently impractical, or
cumbersome, to manually realign the signals when these modifications occur. Therefore it
would be a significant benefit and convenience if the ability to automatically detect and

correct alignment errors were available.



when the broadcast changes frommnusic to news, for exanple. It is presently
i npractical, or cunbersone, to nmanually realign the signals when these
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steps of filtering the anal gonaUdirey &FINSE I EN@ENEe @ filtered anal og
audio signal, filtering the digital audio signal to produce a filtered
di gi tal audi0808]i gn&his inveitios ipngvidésea imdthek efidetpainggtime dlignabgnal arnachlbge
filtered digital audio .signal to cal cul at .plurali of correl ation
coeffic iagﬁlf’ gs1grﬁ1 é?cg f rﬁl?glf?l %E%P 4t b ll!’?f@‘é‘ff 4%6‘? é}’ﬁ%m'a%‘err%?}ﬁ%‘i EPBEef dhtyf
time al ls[Qagﬁfﬁﬂﬁlt&ﬁ{g/‘tﬁ@@nélbg 28018 sREa Pl BroRk Qriﬁ{ere'ﬂ%aidﬁ%um(ﬂéi%ﬂl, NS the

or

si gnal . 009] The invention al so enconpasses an apparat us detecting
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audio signal, filtering the digital audio signal to produce a filtered digital audio signal,

computing the signal power of the analog audio signal and the signal power of the digital
audio signal for an audio segment, and using a ratio of the signal power of the analog audio
signal and the signal power of the digital audio signal to produce a signal representative of the
level alignment of the analog audio signal and the digital audio signal.

[0011]  The invention further encompasses an apparatus for detecting level alignment
of an analog audio signal and a digital audio signal in a hybrid radio system. The apparatus
comprises a first filter for filtering the analog audio signal to produce a filtered analog audio
signal, a second filter for filtering the digital audio signal to produce a filtered digital audio
signal, and a processor for computing the signal power of the analog audio signal and the
signal power of the digital andio signal for an audio segment, and for using a ratio of the
signal power of the analog audio signal and the signal power of the digital andio signal to
produce a signal representative of the level alignment of the analog audio signal and the

digital audio signal.



signal, a second filter for filtering the digital audio signal to produce a
filtered digital audio signal, and a processor for conputing the signal
power of wbeo@nabrrg audi o signal and the signal power ofCcrhms2alegir2aé audi o
signal for an audio segnent, and for uking a ratio of the signal power of

t he anal og audi o signal and the signal pomer of the digital audio signal to
produce a signal represen i % of the anal og audio
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analogﬂ&udmmbaﬂﬂpbygﬂm@iuamdﬁaﬁam t he broadcast facility. [0020] FIG 1 is

a bl ock di agram of an |n-I B ] em 10 i ncl udi ng
means for nonitoring REEATAHP SHESL HE nd a feedback path.
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and analog/digital alignment (in both time and level). In addition, the invention can be used in a

feedback design to automatically correct the misalignment of the analog audio and digital
audio at the broadcast facility.

[0020] FIG. 1 is a block diagram of an in-band on-channel broadcast system 10
including means for monitoring the analog and digital signals, and a feedback path. An audio
source 12 provides an audio signal to an analog audio processor 14 and a digital audio
processor 16. The analog processor produces an analog audio signal on line 18 that is passed
to an exciter/transmitter 20. The digital processor produces a digital audio signal on line 22
that is passed to the exciter/transmitter 20. The exciter/transmitter combines the analog and
digital audio signals, which are then amplified by a high power amplifier 24 and transmitted in
a hybrid waveform to a receiver 26. The hybrid waveform includes a carrier signal modulated
by an analog audio signal and a plurality of subcarriers modulated by a digital audio signal, as
illustrated in United States Patent No. 6,735,257. While the subcarriers can also be modulated
by other digital signals, only the digital audio signal is relevant to this description.

[0021]  The receiver separates the analog and digital audio signals. The analog audio
signal is sampled at the same rate as the digital audio signal. A monitor 28 receives the analog
and digital audio signals from the receiver, determines the time and level alignment between

the analog and digital audio signals, and produces an adjustment signal on line 30, that can be



digital audio signals, which are then anplified by a high power anplifier
24 and transmtted in a hybrid waveformto a receiver 26. The hybrid
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a plurality of subcarriers nodulated by a digital audio signal, as
illustrated in United States Patent No&-6,735,257. Wiile the subcarriers
can al so be nodul ated by other digital signals, only the digital audio
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required for the alignnment neasurenents. One operating node of the HD
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t he ot her channel. The npbno honi %t sp]it node i % ) S
operating in the split mode outputs left, right or mono analog audio on one channel while it

outputs left, right or mono digital audio on the other channel. The monophonic split mode is
preferred over stereo for the measurements of interest in this invention, since the stereo
images in the analog and digital audio signals may differ. Stereo image and stereo separation
fidelity may be compromised in some digital audio encoders operating at high compression
ratios. In the split mode, a standard andio card in a personal computer can be used as a
measurement device to process information from the HD Radio™ receiver output to
determine the relative alignment of the analog and digital audio.

[0024] The invention uses analog and digital audio signals that contain the same
audio information. For example, each signal represents either left, right or mono audio
information, although the mono mode is most useful for this measurement/calibration. It is
assumed here that the analog and digital audio streams are sampled simultaneously and input
into the measurement device. The metric for estiméting time alignment for the analog and

digital audio signals is the correlation coefficient function implemented as a normalized cross-



preferred over stereo for the neasurenents of interest in this invention,
since the stereo images in the analog and digital audio signals may differ.
Stereo | mmQecandoxber eo separation fidelity may be conpramtseaeion72seme
digital audi o encoders operating at high conpression ratios. In the split
nmode, a standard audio card in a persofial conputer can be used as a

nmeasur enment device to process information fromthe HD Radi o(tm recei ver
output to determ ne the relative alignnment of the analog and digit audi o.
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to pro uce a filtered digital i ne filtered anal og signal
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poi nts ’Sezggg I]FRh%ltrt;%J %%gin%fa il%g}jnlgeasverage to produce an output signal on line 74 that is
representative of the number of samples that are misaligned. The peak search filter includes
inputs 76 and 78 for setting the number of samples for averaging and the correlation value
lower limit.

[0027] The algorithm presumes that identically-sampled (e.g. using a 44,100 Hz
sample rate) analog and digital audio signals are processed through identical digital infinite
impulse response (IIR) filters. For example the IIR filters for analog and digital audio streams
can be identical 10 pole elliptical filters with passbands between about 600 Hz and about 1600
Hz. The filters serve to reduce the bandwidth of the audio signals. This reduces the
measurement alignment ambiguities that may occur in parts of the audio spectrum where
audio processing differences are more likely to occur. For example, the analog signal will
likely have a lower bandwidth than the digital signal, and filtering on the high and low
frequency extremes may result in group delay differences. A filter bandwidth of roughly

between 600 to 1600 Hz has been determined to be most useful for the alignment bandwidth.



to be used for the average. The correl ation coefficient signal on |line 64
is filtered by a peak search IR filter 72 using a noving average to
produce awoauegubd223i gnal on line 74 that is representat iPce/uskoosher2aanber of
sanpl es that are msaligned. The peak search filter includes inputs 76 and
78 for setting the nunber of sanples fdr- averagi ng and the correl ation
value lower limt. [0027] The al gorithm presunes that identically-sanpled
(e.g. usin 4,100 Hz sanple rate) analog and digital audio signals are
processed 3?1@?39 h jﬁﬁé’ﬁfriﬂzlgfm aPfficisnt purhehvesa analog and digitad sizels ceprRented
filter h : for. I nd digital audio streans
can bes?}agglgcil%g?éﬂ%gﬁ%%ﬁf’ga%})%l%ﬁegg{ﬁ]ﬁS%flgﬁéﬁ\?\ngﬁeﬁ?%?g% ﬁsgnds bet ween about
600 Hz and about 1600 Hz. The filters serve to reduce the bandw dth of the
audi o signals. This reduces the neagure t ali,gnnment anbiguities that may
occur in parts of the audio spect_r@%‘me yau!éjj) processing differences are
nore likely to occur. For exar‘%’#e_, t hesangl og si’gnal will |ikely have a

| ower bandwi dth than the digital signal, ahd filtering on the high and | ow
f r equeneshest iscthe soamyandesislthe stinQrD8ei RN bdkeL 8PF T he Abdvd éqtﬁﬁti n is
bandw dt h of roughly between 600 to 1600 Hz has been determ ned to be nost
usef ul FRANAIAG Seticralivation; howsueh WinTagtve beth thnendog redia(¢-pnx)andfdigitil endiopx |

bet ween¢apa dL.ai ' r ed by x and >> respectiyely,
can Do Sp oA MLRIARy TR Ser SRIATBIE or MloteRie ot RERF SISy <
is the sempuatichsdbat &ilbon Tie meacasbstinduxd devibigorabpail@uatid OF) dnd @sitanal og
general | Zcﬁti §n' hgwever , inIPracti ce bath the anal og audio (e.g., x? and

di gi t al S0 T 8‘.6, g segaqt gee wsgd An it coppalaton. e dhe megn is te avarmge (ke f or
nonophodé Gomp@itat)Sandnsaptatdodevt ' n..and
standard d_evjljati 3n of anal og adggflggfﬂf;gqg%\ﬂgqglag%@%? Vgﬁ%dlcg\%{ y"@%@gﬁ%@ru me
segrrentthﬁrtén%%?éﬂlenh this conputation. The nean is the average (i.e. dc
conponent) st d, deviation is the square root of the variance of the
sanpl es ov%@aﬂe ?ﬁérjrgg%dgﬁs o r@ﬁﬁfﬁ@ﬂ’?ﬁéo AR W?lfﬁ%ﬁlghéfeéé?@le&rﬂ}“dc
conponeifithe Emdwelitterst iAitlgH chhpEUEAS| T Qbin @fveﬁagé) 19369 siceltid & %%ﬁeétgd this
conput ation,. The mean (average) is zero since the dc is rejecte ere.

Si nce (fE- miAfRsths MR Ohthsiaagloanad digal audie sighels srayrrad sfter endpase fibting

bandpa (e i .0 conmput-at.i gn of the .correlation.

coef fi ?Iﬁ%%%l ,H _?L{e%g%? P egés?ilrog anctgér)IC Igagtlﬁzor%lpn??e?ﬁ%ﬁg’ HISy SXPHESIGR Sap Félm}r?}lfé%ml e,
zer 0- m¥an tlsedisenteN-sumald zyro-hbm exRERSs ixomdf Briné RepeesisE katheRogoRAS Ci ent
pwith cloeaf%cffanp ,S \():v?tﬁgg k becomes

S x(n)- y(n—)
plk) = —2=

JZxZ(n)-Z'yZ(n—k)

n=0 n=0

where & is the number of samples of lag between the two sequences. The lag is the relative
time offset between the x and y signals. This lag allows adjustment of the relative timing so
we can determine where the correlation peak occurs at a specific lag. This peak lag is then
the timing offset we are trying to find/measure.

[0030] The range of k is determined by the maximum possible value of time
alignment error. This maximum value of lag represents the size of the search window.
Clearly we have some time/memory limits in the computations and can assume that the lag
range is limited by the implementation to some practical value. The number of samples N
should be sufficiently large to avoid possible group delay anomalies over short segments.
Furthermore, it is preferable to use a larger value of N than to average more values of the

correlation coefficient function. One way to use a large N is to compute the numerator and



where k is the nunber of sanples of |ag between the two sequences. The | ag
is the relative tine offset between the x y signals. This lag all ows

adj ust nenwoabostine22oel ati ve timng so we can determ ne wrerastévs/ocnss el ati on
peak occurs at a specific lag. This peak lag is then the timng offset we
are trying to find/ nmeasure. [0030] TheSfrange of k is determined by the

maxi mum possi bl e value of tinme alignnent error. This maxi num val ue of |ag
represents the size of the se {Ch wi ndow. Clearly we have sone tinme/ nmenory

YGK%T%%

i mi ts eROPIEIOELHRpATER! o AcaiSeThTRS, AP 2y Fase dyy tafyePacks faskibeRd by
the i mplene 1 Phiifhbn SF U B A Aol Tundiith, MIPESochE 1RARRE S8erdbimfioul d

be sufficient arge to avol d possi ble group delay anomalies ove ort

segnentveherd-tine hemasmementi ocduss. prMdiikiplbkpoche aasethen |ter greraged| toeiroprote tthan t o
aver age nore va,[l ues of/ tl.hﬁiéi?orrel ation.c effi% %{e function. One way to use
a | ar g RSVEMEY Gty I iUty Q¥rE AaY 8Re SREA SR mpegificallu i at el y over

smal l er tinme segnents, then averagecihe tinmes epochs together before a
conputation of the correlati orzj(:I@ei{Eci(eyy‘z(nf—dr)}ti on. The epochs are tine
segnents where the neasurenent occukse Miltiple;epochs can then be averaged
to inprove the neasurenment accuracy/reliability over any one single epoch.
Speci f i vhékyz; (hets defimed tq bg e dressdefrelatidn pbx lbad yeaertheg s epenhrad] tams. obhef  x
and y over the/ 11 epoch of tinme. The epochs of tinme where the nmeasurenents
are takw@ochanl bae dvhseomsaesasuecmentinast HEen egobn disegnnepteg fromepthehenpchs R can
be repr&rﬁﬁnhgtg as for any/ (epoch of tine). [0031] If we want to average
over epochs of tine using a |ossy integration technique, then we can define
Zi (k) (1-a)z _x(k) +(&)z (k) | (X[l -)a)v (x)+a) j () | (y,k =(I-
a)vj _(y, k)+( )vi(y, k) where i &Naldex™m) (faod infinite averaging) and < 1
(for no averaging), where a is a paraheter/jthat allows adjustnment of the
effective tinme span for continuous a It;_rlagi ng. .This is a single pole |ossy
integrator. The |ossy integrajc _%gyi e_V@I ignnment to "forget" the
measurenents sufficiently long’ 7 h the¢spas re the audi o processing
parameters may be different. This filtering cah be nade nore sophisticated

by i ncl Tiginng(#)RE@bEBIr@Bnte€gar di ng

z;(k)

5 =
G ey

for any j (epoch of time).
[0031] If we want to average over epochs of time using a lossy integration technique,

then we can define
2,00) = (1- @)z, (k) + (@)z; (k)
V(@) = 1= a)v () + @)y, ()

v, (0,8) = A= a)v |, (0,8) + (@), (3,%)
where ¢« is a value > 0 (for infinite averaging) and < 1 (for no averaging), where « is a
parameter that allows adjustment of the effective time span for continuous averaging. This is
a single pole lossy integrator. The lossy integrator allows the alignment to “forget” the
measurements sufficiently long in the past where the audio processing parameters may be
different. This filtering can be made more sophisticated by including information regarding
the time between samples such that the measurements can be performed on an irregular

schedule while maintaining appropriate filter coefficients.

[0032]  Now we can calculate p;(k) to be



the tinme between sanples such that the neasurenents can be perforned on an
irregul ar schedul e while maintaining appropriate filter coefficients.

[ 0032] Nowwoweoscdm2eal cul ate Pj (k) to be[ 0033] The corr ecattisemwemorBs i ci ent
function conputation follows the IR filtering and typically is processed
over as little as 50 mlliseconds to a®nmuch as 3 seconds of data.
Typically 100 to 300 mlliseconds of data are sufficient to conpute the
correlation coefficient function. Couple_this with an a of 0.1, and we
obtain reasonable estimates. T orrel a;(fon coefficient is conputed for
each | ag val ue over its range. %TH;WEQS conputed will depend on
the actual alignnment per station. F VX Me(*)we can choose 1000 (or

what ever t ﬁxi m seayrch range) discrete |ag val ues over the search
range, com?@q g tiHE Ogrelaipacpefficiest fuagien cempdation fdlamsihe BR filteririgaandni t h

: l:ati 0 T . i h | i
por  or mP i 1F P ARsee Ao os tfle B8 0 PARRERALTE AP bkl & pORFaAofE

| over | Tyiticadly 6 to13@0auillisetatds of detaetd sitfieisht to Goenpatd BB RBAEIaNGCERIHiisnt he
s over_the search range. |If the peak correlation

t t | |
}/g? Sﬁyﬁﬁﬁtﬁ%g %W?%H’\égwﬁgﬁne‘% c%fé)dﬂaﬁnéa%?dokttﬁﬂégwemhle esteretore B enrredationt hi s

for thecceoRSGAYEBEmANES & d3sh B s (A€ N chinThdel NG
prevents anomal ousm\ﬁ}‘gl ues from‘éﬁgl%%@vg\%gég& %Brlﬁ%%er;g?ksgéfo?guﬁ%’%llcan
be usedlepsndon theeacthal rmlignmentaes wtationh For ehampleewagan ichodse! 11000 (biswhatebai ng
up on L.abl e correl ati,ons f there is bad section of audio that
does ngégl E ?8%’?5“%?58% Iraﬂ%‘sv\gléﬂe{ehbeagaﬁgp% Oé(ﬁﬁ%é‘? GEYSR 8ngmh afosmputingnthene
corr el atortetation € dach @alize Vd éelardlMBfth@'l%g’wﬁﬁnﬁﬁhﬁﬂh@oﬁeﬁﬂgn.t his value will not
be used in _determ ning the average. Another single pole integrator can be

used to actliRf] at &he Resisupesseisg Rhe pligamenieerioniperfornty 4 peaki archhiver all

est i mat QfreWib ; v gpod _estipate or no estgff'. mat e. no

estimate goﬁd#t%ﬁlé&? ?{212%&15385%35 S ﬁﬁléeﬁﬁgl @g hrisiqtion fog 1‘(lﬁntbeirlﬁ out

of rangdigimiestatecpnédthbyetton(ssBoy laamples Sy etihe s8irsh fAgE 1iBe paMISrelatibhe

correl Zttpl ons shoul d be increased (nunber of |ags increased) and the

correl aft B MeFPgfores npfhexqeedrizepd Hieshokb thrasve elimingts this favbe sybssquent e

requi r efegRBUSRr HRERBIEAULShARS it he® i Lied .t g the anal og

audi o and tgﬁ% di git al alﬁfdi ol%at t he gbflgg@ggsgpﬁgglagg?g@ﬁgggeagm ehe

pr oces s&sragpd. | Typigally 6.98itbf:9%pdn be osgd abed dyreerflinit b hisaretiat tHecHveragangs.

Thus, tfgﬁ&gi\'\f.)digl' be tinmes \/\/n?\.r](ﬁl the caorrelation w |l be rather bad. If

these segmefts are SxEMIE " 8?_"?9]6?1?:% I@thﬁéﬁ%ﬂé achadiresticarpirgio thptrdoss s on

'([j_he_ flnlalloogcar@élﬁtb l@vdmr bdt‘gréﬁﬁthﬁ AE1BE Sh Ui GHaP Yignsle! B¥n Hlef Bl BROE o DL IEER i he

I gltal and anal og audil o . .

typically be below 0.5 and this value will not be used in determining the average. Another
single pole integrator can be used to accumulate the samples that pass the limiter criteria. This
estimator will usually produce a very good estimate or no estimate. A no estimate condition is
likely caused by the analog digital lag (&) being out of range (misaligned by too many
samples). In this case the range of the correlations should be increased (number of lags
increased) and the correlation run again. The limiter and the post detection averaging are
required because there could be different processing applied to the analog audio and the
digital audio at the broadcast facility. These different processes will lead to different group
delays for different audio bands. Thus, there will be times where the correlation will be rather
bad. If these segments are examined, they typically have either channel effects on the analog
audio or large processing group delay differences between the digital and analog audio

streams. Thus, using a limiter and single pole filter greatly stabilizes the estimate of

misalignment.



streans. Thus, using a limter and single pole filter greatly stabilizes
the estimate of msalignnment.[0035] FIG 3 is a graph of a correlation
vect or ofwoanseliet2zoon coefficients, showi ng a 152 sanpl ecwmusadocgormat . Fl G
3 shows a plot of 1639 output correlation coefficients for a particular
segrment of nusic. Each point representl§-the correlation of 16384 sanpl es of
anal og audi o and digital audio. For the nmaxi mum peak at 152 sanples off

center, the correlation coefficient is .9953, which . indicates a_high degree
of confi del9885k hatlG. r?etsa%rﬁmaw%%mréel%tm YCl oA Icorelation epeklivipals) SHEIE by 152
audi o e di vel y, uses
the sanseRople PRI R® FI% RaRt B ol 168D UTE Rl i E Y o
sunms  ofpattivelas gemnen of/ﬁiumes Bath pdnﬁt feptesantetheanatgon of 1 6884fshinptes ef anklgg t al
audi o si nals s_a hl ock .diagramth il str tes the | evel

al i gnmé‘H oﬁhgttﬁrﬁu% E%B’G’g‘%’ﬂa’i‘l&“ g?@@% Fﬁth pleolti sBteb e SOTPRLRh e
usi ng %Befﬁ'afehf‘ ksl ‘995?%‘111%& BSRANS Bidhl ddgRle %c&fhd@ﬁ&dﬂﬁﬁt}ﬁ dlaldeehiish andl og
signal on line 9 digital audio signal input online 96 is filtered

usi ng alrgltahaudlotammrsp]uglgdbyd@@n@e simpleer 98 to produce a filtered digital

si gnal 10 f| I anal si.gnal. and the filt di. it

si gnal eﬂ()w@ces@é% 5?18&%"?281? %@ &‘6‘8 85’1%“%%531?1 sfarrbeﬁ[il?%ﬂ %

repr eselﬁet Slit Vo def inpite afidl GBRarRe WY cddp L&éwsxﬁﬂ@bpmeasqdm@a @atudb of tt&ﬂﬂl't&ed The
processor includes an input 106 for setting the nunber of sanples to

aver aganalygéo thetfiliered dighel aidimsipnalowWelG 4 is aclpdudiagiam thet iyetines theevstk 108

L0 BT OGN Bt A1 8 " ab! G10bL i e hiSinb BPEE 358 R ds Vel Lo T SABRAD RNt -
[0037] npu in e si g EH1I éower éevera?1 secon S an % ng the
ati o, impilse mlpbiysel Iﬁltnﬁ‘B)?_ toepndaucteOa ﬁltﬁteabirﬁlo%smgmma e 9he Axexhgital audio

r

m sal i gnment . 0. of or 0 dB, would imply that the gnal og and
di gi t aS'SrkHRPS oaaf@eﬂé\/@ fillgreds Heing aRHp @t%ﬁpplﬂﬁﬁgrﬁsm&s Hf%s%&t ‘i%rog‘ﬂce a

negat i \f&tewa%gﬁtdl M1 &h lﬁ‘é/@d)o ”’rﬁé‘hh&@@%ﬁﬁlog dlgﬁ all AlitRe E el dE%?ta[ Qgﬁﬁlaréf he

conput ati on of the suns squar es nust e using ag va where the
anal og pmm%ss&ﬂgn pmcemdﬂw m godhc %aslgnallonndual i@neplnes@b@mequcﬂa& $igndl pewsi gnal

power s st est, d. he sane a nal nts. For

BT o Rty siifos oAl sispa (pe ety ata o endan 06 En s e Rupbene
ranges o@ka 1%@{6)5@%%%' rm%us QFBiétchal PowbR i§ LAlE@bRHI QRS i bekRNDbS to
processin hat are tine aligned and have a high correlation coefficient

val ue. PE@D8O} siknason BeaHd tbatshmnr@q@tmtwemﬁhe maélgm@emf a specific
i npl enent whj st s the ti an eve al.i an rithns
pr evi ous| 31%9?@ Cust&%}pu@f%{fh 5‘{ gomsrgcckve Sever sec cfs and %ﬁ}lg %heqp t10,

optionally in dB, leads to a stable estimate of the level misalignment. A ratio of 1, or 0 dB,

would imply that the analog and digital signals are level aligned, while any magnitude,

positive or negative would imply a level misalignment. The ratio in dB is

N1

Z x*(n)

ratio =10-Jog| 722

Zy (n— k)

[0038]  The computation of the sums of squares must be done using lag value £ where
the analog and digital audio signals are time aligned. Specifically the signal powers must be
estimated over the same audio signal segments. For efficiency, it is beneficial to accumulate
the squared samples over the ranges of N samples already computed in the correlation
coefficient processing that are time aligned and have a high correlation coefficient value.

[0039] FIGs. 5 and 6 show additional details of a specific implementation which
demonstrates the time and level alignment algorithms previously discussed. FIG. 5 is a block

diagram of the system 120 that implements the time and level alignment algorithms. The



di agram of the system 120 that inplenents the tinme and | evel alignnment

algorithns. Theplatformis a PCwith an HD Radi o(tn) devel opnent board 122
and t unerw®24oe/iib291 DM 350 HD Radi o(t ) devel opnent boardTivs2@e001206 | ed by
way of a USB interface 126 in the PC. The split nbde audio is output from
the | DM 350 devel opnent board and inputlinto the audio card 128 of a PC. A

j ava appl i cati on illustrated by block 130, and running on the PC, also
out put s e Ol udlo card for nmonitoring. In addition,
t he audﬁ’lﬁt %Igh ’gli‘ gﬂﬂ g{ﬁaltohela%%er epent doard Hgang tuperal 39 ofheofDMIES0

correl TM: r tude Of
alTDRadis &év@fb %&h@ﬁéar@ 1§@dn%ht@fe 0 {Hgg.lu@xg {xj}?xg&% Ti%sepﬁgeggg

the Fast Fourier Tr ansf orm (
di spl aywdit modg @ndipys pmﬁppbﬁromahan‘dI%themdopmthd aminnp@t ihloehe antid laéw‘ds

h 134 th | h
br ocesa RAEE & BB anitafos, MisfupTh? Bhoskine sivurmasen the Re: s Ruputs
interf anes a:ﬁn@c&naddﬁ) W Ay bl chil Bl hdWitbhey exchrnas ffe 4 Hfo aﬂsc%oﬁ%llwfﬁ

network. Alignment info is nmade avail able To user |nter ace.
is a bl®tibedriegn 432 @ionganﬂDamlﬁ(thmormiatmmﬁuncm amokisa seéﬂtthbleB&lmmeanes

that a r vvs 140, and

provi dggﬁfﬂ’gﬁ%ﬂlggﬁﬁd&e aftgg?ﬁé}nliu Sﬁﬁeflﬁg’ leii f?%“?f?%& ?“a‘{ igliah dreamgnal

on | i necah4e. dléplajmd thA%erl fly | piSher Hafs saleE@RNETE h@ditiHR o ARsk %@ﬂut@liﬂére are

nonitorin e nal s are passed to a display 146. IIRfilters 14§ and
o oekapisep

150 fi I'BEF BHYFE S féﬁfgqapaqonmhth@_pgo@gang thad aper prdtucea fzqntttoér ed
anal og Auhi© iStedBd. S @%r\%ljf(t ﬁl'fé?ﬂlcg' Bt gy %E S%rgvﬁlecg 8l 5 ogvg t]{; :)rég%@glgez

154. The timng and | eve i gnnen gorit are ap p
filter dofosmgticy withs netvarkt Adigeiehtyinil lsmd&aﬁaﬂa‘smoq@émuteaﬁae@i correl ation

Transt or m [ ° Bl W RIEE, éllé%;%%t 5 ST Rogioe SO, ob ApopBAgE a
spect r abceihies fhatYandog. and dHEADHLER SI%’}ﬁiﬁg ab 'i'lthfé:ﬁ{a% tyrlg?owdss gfbf %}ﬂ& %E(gvi%% tB% rmt

user control of the processes and S as 0041]
FI Gs. 7nalgg gndiogigngl o tinal 42 aydohe digiebaudit sighalns loneerd4t hoarasxarlge ilbfstrbiags .

[0042] T i descr. bed,above an be inp nt ed usi ng known
filteri n%%g% O%&gigég&lhﬁi dg\%{pté)rmgogl‘ pste Wﬁlaf%arteﬁéasﬁeﬁiv@rﬁng'éﬂlaﬁdé bég?ﬂ
descri s M8t mdnssooﬁltesememﬂogemm& bt BioStal élfdld/\’s@ﬁalg)?o ﬁﬂ%ﬁﬁ&eﬁ&e&@ %ﬁiaege
skilled in the art fthat various changes can be nade to the descri

embodi AEHCSIghhak fHesd disited andiepignals ercbpes b2 vk 154y dhe itoninasnd devel or t h
in the ,fighh W AgbrihAk T5e Widled 5 HLR' HRded Rignals as illustrated by block 156. The

calculated correlation coefficients are displayed as illustrated by block 158. A Fast Fourier

Transform (FFT) 160 of the correlation coefficients is used to produce a spectral display 162.
A graphical user interface 164 is provided to permit user control of the processes and files as
illustrated by block 166.

[0041]  FIGs. 7, 8 and 9 illustrate typical correlations over the range of lags.

[0042]  The various functions described above can be implemented using known
filtering and processing hardware.

[0043]  While the invention has been described in terms of several embodiments, it
will be apparent to those skilled in the art that various changes can be made to the described

embodiments without departing from the scope of the invention as set forth in the following

claims.



1. A nethod of detecting tine alignnent of an anal og audi o signal and a
digital audio signal in a hybrid radio system conprising the steps of:
filteringwoheosaned2eg audi o signal to produce a filteredramaisSogsemaumd®
signal; filtering the digital audio signal to produce a filtered digital
audi o signal; and using the filtered-d2al og audio signal and the filtered
digital audio signal to calculate a plurality of correlation coefficients,
wherein_the correlation coefficients are representative of tine alignnment
bet ween MIREISEHEMEY Saudi o signal and the digital audio signal. 2. The method
of claiml1, further co L5 ) %,ﬁﬁié L L al og
audi o signal and/ g’r th%%%??gfhggﬁﬁ%ggf‘g%}é I r#?glg%gﬂ&slgglag&?%ggn%g%e ation
coef fi cdigritlsaud®. sidied imehyiodl mfliodysiem chmprisengathabtepgs @éftidi o si gnal and t he

digital audio sigpal . are sanpled,.at. the sane sanpli rate. 4. .The method
o "6l af m 1 wher of ReiTE SIGF Stdione:tar Preent Llsied AEOBAHIRSIERS: ng o
normal i zed crosscaf&laht alpithiafhd ﬂgnal% prodgcdBHdd algifl Aldi dignhgfei n: dc
conponents of the analog and digital audio signals are renoved prior to

determ nation of tdieg durfilkdred cnrlog eudipi igrahiand tig: filfered nigited dudio Limml te 1,

wher ei n; .t correlatiopn coefficients.approach 1.when e _anal nd
R g e T S SR R g R
becone gpRdséativsofithe ligiheat bAWeBMhe @hAIOE atidi6 sRAGEMd the dibNG! R QehLQf
claiml1, further conprising the step of: performng a %eak search over the

correl ation coef f#ci entBe mgthodwé alapy 1afurbgeeonnrifingethe sigptohe correl ati on
fficients. 8. t i in: fil.t.ening st ;
FTtere with passholiie et € S pdth &l nd Bk bl oo ERT e

met hod whpaisatothi cofrelatibrecoefiiciprts.si Nng t he step of:
3. The method of claim 1, the analog audio signal and the digital audio

signal are sampled at the same sampling rate.

4, The method of claim 1, wherein:

the correlation coefficients are determined using a normalized cross-
correlation function.

5. The method of claim 1, wherein:

dc components of the analog and digital audio signals are removed prior to
determination of the correlation coefficients.

6. The method of claim 1, wherein:

the correlation coefficients approach 1 when the analog and digital audio
signals are time aligned and the correlation coefficients become smaller as the time alignment
eITor increases.

7. The method of claim 1, further comprising the step of:

performing a peak search over the correlation coefficients followed by a lower
limiter on the correlation coefficients.

8. The method of claim 1, wherein:

the filtering steps use filters with passbands between about 600 Hz and about
1600 Hz.

9. The method of claim 1, further comprising the step of:

filtering the correlation coefficients using a moving average to produce an

output signal that is representative of the number of samples that are misaligned.
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apparatus of claim 12, wherein:
and a digital audio signal in a radio system comprising:

a first filter for filtering the analog audio signal to produce a filtered analog
audio signal,

a second filter for filtering the digital audio signal to produce a filtered digital
audio signal; and

a processor for using the filtered analog audio signal and the filtered digital
audio signal to calculate a plurality of correlation coefficients, wherein the correlation
coefficients are representative of time alignment between the analog audio signal and the
digital audio signal.

13.  The apparatus of claim 12, further comprising:

a processor for adjusting timing of the analog audio signal and/or the digital
audio signal in response to the correlation coefficients.

14.  The apparatus of claim 12, further comprising:

a peak detector for detecting peaks in the correlation coefficients.

15.  The apparatus of claim 12, wherein:

the first and second filters have passbands between about 600 Hz and about
1600 Hz.

16.  The apparatus of claim 12, further comprising:

a third filter for filtering the correlation coefficients using a moving average to

produce an output signal that is representative of the number of samples that are misaligned.
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signal power of the analog audio signal and the signal power of the digital audio signal to
produce a signal representative of a level alignment of the analog audio signal and the digital
audio signal.

18.  The apparatus of claim 17, further comprising:

a processor for adjusting a level of the analog audio signal and/or the digital
audio signal in response to the signal representative of a level alignment.

19.  The apparatus of claim 17, wherein:

the first and second filters have passbands between about 600 Hz and about
1600 Hz.



