0 9 JUN 2005 1 A METHOD AND AN APPARATUS FOR A WAVEFORM QUALI TY
MEASUREMENT  BACKGROUND OF THE INVENTION 5 1. Field of the Inven iorln\@ﬁﬁ\s
current invention relates to quality assurance. Mre particul arl ip,g 4
present invention relates to nethod and apparatus for waveformquality
measurenent. 10 1. Description of the Related Art Recently, conmunication
systens have been devel oped to all ow yr ansm ssion of signals froman:

origination station to a physically distinct 15 destination station. In

transmtting im‘ g NEDO' i iq@Q i VEITABA peAati on |1 nk,
the signal i sz I rst%%nvé%{ ﬁd }i&%\?c‘fggi)ft\m msfsqs{ gg?g ‘?or ef §| Cl en@

transm ssi on over the co VA i oY MIEASUBEMdNHer ei n, the comunication
| ink conprises nedi umover which a signal is transmtted. Conversion, or
nodul ati on, of the si j Al r a 20 carrier wave
in accordance with thgk%@ﬁbmﬁfﬂﬁﬁgmﬁ@twm of the

resul tgng nodul ated carrier is confined within the conmuni cation |ink

bandw dt h, At the destingtion station the original signal is replicated from
a versi o%@?@%@h‘?ﬁ&ﬁ?é?‘@ﬁ carrier received over the communication |ink.

Such a replication is generally achieved by using an inverse of the
nodul ation pr oCkesurrdht fvehoypedehited foaqueilitgiasaiiante. sShRire @artiddigtly ahieon al so

facilitates nul t.iple-acc i, e, i rul t anegus . transm ssi-on and/,Qr
recepti onPr G s é@g‘?rgqo% iréf%ss tgvﬁr}etgoggarﬁ?gnap RS CarY %rﬁe foria, kquahqu

Mul ti pl e-seesssnoriiruni cati on systens often include a plurality of renote
subscyd ber units requiring intermttent service of relatively 30 short
duration rather than continuous access to the commopn comunication |ink.
Several nilt Pepraptien&sdhe Belatedu ™ are known in the art, such as tine
division multiple-access (TDWA), frequency division nultiple-access (FDWVA),
and arrplji tgde Imfhmlﬂgzt: oasmlfné\h‘)icatkmt Heterhy phavé geéml ﬂé‘lﬂélepé@cﬁﬁsallcﬁ@hni que
is a code_division L -access (CUMA). spr.e spectrum.syst em.t hat 35
contor e FETRECE AP SESR0RR et BR0s 6 & UMM S ()

St anddr d destinBtiah- dvbiden Wi dr BzamitSpg sighabfoutrting @étinatian s§ytsirenyer a

her ei naf t Gimf G AEARA 1UAThENGEhST % REARIAVEred "t SP BEmCRMBIECHRRT ues i

efficient transmission over  the communication link. As used herein, the

communication link comprises medium over which a signal is transmitted.

Conversion, or modulation, of the signal involves varying a parameter of a
20  carrier wave in accordance with the signal in such a way that the spectrum of

the resulting modulated carrier is confined within the communication link

bandwidth. At the destination station the original signal is replicated from a

version of the modudated carrier received over the communication link. Such a

replication is generally achieved by using an inverse of the modulation process
25 employed by the origination station. ,

Modulation also facilitates multiple-access, 1i.e., simultaneous °
transmission and/or reception, of several signals over a common
communication link. Multiple-access communication systems often include a
plurality of remote subscriber units requiring intermittent service of relatively

30  short duration rather than continuous access to the common communication
link. Several multiple-access techniques are known in the art, such as time
division multiple-access (TDMA), frequency division multiple-access (FDMA),
and amplitude modulation (AM). Another type of a multiple-access technique
is a code division multiple-access (CDMA) spread spectrum system that

35 conforms to the "TIA/EIA/IS-95 Mobile Station-Base Station Compatibility
Standard for Dual-Mode Wide-Band Spread Spectrum Cellular System,"
hereinafter referred to as the 1S-95 standard. The use of CDMA techniques in a



0 9 JUN 2005 2 nultiple-access conmunication systemis disclosed in U S
Patent No. 4,901,307, entitled "SPREAD SPECTRUM MULTI PLE- ACCESS (09 JUN 2005
‘COMVUNI CATI ON  SYSTEM USI NG SATELLI TE OR TERRESTRI AL REPEATERS, " and U. S.
Patent No. 5,103,459, entitled "SYSTEM AND METHOD FOR GENERATI NG 5 S| GNAL
VAVEFORMS | N A CDVA CELLULAR TELEPHONE SYSTEM " both assigned to the

assi gnee of the present invention and incorporated herein by reference.

FIG 1 illustrates an ideal waveform 190 of an enbodi nent of a code

di vi si on communi cati on systemin accordance with the 1S-95 standard. For the
10 pur posesltiflehtess dooumenicationwgeeioisdisslosedrim XS dtaaeitoNo. 4%(¥ilrWent ation

| 100
compr | ses T R G R L A e
anot her @YQEMWIN@&EEWE:@%TE%E%TRMBWEE "iapd @ psPeiendccor di ng
to the |85 5 shmstar %nﬁ?l%ﬁ”@?STWS?&I@Bd%ETﬁ@U degRk VeRERMMARY is then

quadrature 15 "spreade baseband filtered and upconverted on a carrier

f r equencySIGHsL Wé&’@FQFd‘éSrWdhp&l\éﬁ Gy bt Hga-PHQANEDY 5 s . s(t) _

R (1)e- H¥sgned)io tMeeiRipgrdR ¥ theSpidieninatiendlonCaid liforbbesti@ eveinf by he
wavef orm | is the index of the code channel s summati on; and R/'t) 1s the

conpl ex ER{EPNSe of the ideal i-th code channel. Equipnent, e.g., a
transmtter offIthel dbderaiey iasi ieal wawmmtmmrbfsm te@ﬂhrodlg%meroﬁtaeeo@@t ual

f t hat diff f ch 25 t ual
waver or maeion SogRubaiort 2R b b i S R 5 85 Rapdlf g A 2t 12
e-i | "I0+omirpesessof thig 2Jocumherte a Waveﬁgrmha arxphmﬁe&ﬂ@lm xtetpeeaed@a:iomax/ef orm
relative \Aﬂhéﬂiﬁgbﬂeéﬂ aVWaQ/feorﬁn lsd O frBfsitib FJ@B&@@ wibetpr ' 304 he time

of fset of t ve el tlvetot e ith

code chaﬁﬂ’é‘i’meﬂd’&rql@%aégbéﬂa 193 ek HEs & t],ﬂgg][s %Ir\g‘ﬂé’nglaﬂ?fg?r yd CQ¥8T t he

phase of fcagk. Offhbhﬁaveﬁ‘eédydé/\@io{ei Ctrdmuhahﬁttahm s t&ﬂeat&&ahnwech@rm% or the

ith code ch and SSWE %%% e ‘f Iex nveI I"

(devi at i &Ff‘ qoa%%flses Ao QF& 1(5& % ﬁlé‘a ra:tH‘r%ode

chann8l . spreaded, baseband filtered and upconvertcd on a carrier frequency. The
resulting modulated waveform 100, is expressed as::

s(2) = ZR, (r)e ™1 )

where:
20 o, is the nominal carrier frequency of the waveform;
iis the index of the code channels summation; and
R(1) is the complex envelope of the ideal i-th code channel.
Equipment, e.g.-, a transmitter of the code division communication system,
generates actual waveform x(t) that is different from the ideal waveform. Such
25  anactual waveform x(t) is expressed as:

x(2) = Zb R(+7 )+ E, (@] S CRVNOICEEATY @)

where:
. b; is the amplitude of the ideal waveform relative to the ideal waveform
for the iy, code channel;
30 7, is the time offset of the ideal waveform relative to the ideal waveform
for the iy, code channel;
Aw is the radian frequency offset of the signal;
8,is the phase offset of the ideal waveform relative to the ideal waveform

for the iy, code channel; and
35 E(t) is the complex envelope of the error (deviation from ideal) of the
actual transmit signal for the i-th code channel.



0 9 JUN 2005 3 The difference between the ideal waveforms(t) and the
actual waveform x(t) is nmeasured in terms of frequency tolerance,qg@ijipl00s
tinme tolerance, and waveform conpatibility. One method to performsuch a
measurenent is to determ ne nodul ati on accuracy defined as a fraction of
power of the actual 5 waveform x(t) that correlates with the ideal waveform
s(t), when the transmtter is nodul at?d by the code channels. The '
nodul ati on accuracy i s expressed as: Is(t).x(t)1l.dt T Pae,n=(3) j f |
s(t)12 dt} {1IRe diffedégcehetweemwhte edealiwadefbegis(theng thé athiel wWwivegs@hi on
period; and .10 T is the er?rg of %rhe integration elri d. Fﬁ)r di scret(? time
Syst oms, HelSe SEEYeE AT {FES e STET G YA NG AP TIob BT A BOER &0

Equat i on Bavcefnribecampitilwtityas :Ome ‘metkd8ktoYRirfornk sticRav emdasuberient )is to
{k2}.{1Ix =l k= re; = X[K]. = i f the

et tal wavariTe SRAGIRE Shegrac et 7 facdth o stk ARG Bl 'S o

t he i Bealwawafefrordt) thamoirrdlpies vaith hsideahwanetoat s, syeretnertranscakttey voi ce

and/ or d I i i : LY LG voi ce and
data 1 s o T SR P B e PO B S T e
transmtting voice and &ata over the communication |link. A nethod for
transmtting data in c HDehéhnedr frames of fixed size is described in
detail in U S. _Patent Neo. 5,504,773, entitled "METHOD AND( PARATUS FOR THE
FORMATTI NG OF °BATA EOR TRA LSSI ON' )} assigned to the assi'gnee of the
present 25 inventi o:{qg{%ugzimgf&)p(gfeﬂ}by reference herein. in accordance
wth the IS 95 stangard, the{gata or jvoice is partitioned into code channel
franes that are 20

where:

T, is beginning of the integration period; and
10 T, is the end of the integration period.

For discrete time systems, where s(t) and x(t) are sampled at ideal
sampling points t,, Equation 3 can be written as:

2

N
' ZlSk X,
k=t

- where: _
15 Xy = x[k] = x{t,) is ki, sample of the actual waveform; and

2

Sk = s[k] = s(t,) is the corresponding ky, sample of the ideal waveform.

A multiple-access communication system may carry voice and/or data.
An example of a communication system carrying both voice and data is a

20  system in accordance with the IS-95 standard, which specifies transmitting
voice and data over the communication link. A method for transmitting data in
code channel frames of fixed size is described in detail in U.S. Patent No.
5,504,773, entitled "METHOD AND APPARATUS FOR THE FORMATTING
OF DATA FOR TRANSMISSION”, assigned to the assignee of the present
25 invention and incorporated by reference herein. In accordance with the I15-95
standard, the data or voice is partitioned into code channel frames that are 20
milliseconds wide with data rates as high as 14.4 Kbps. Additional examples of
a communication systems carrying both voice and data comprise
communication systems conforming to the “3rd Generation Partnership Project”



mlliseconds wwde with data rates as high as 14.4 Kbps. Additional exanples
of a comunication systens carrying both voice and data conprise (9 JUN 2005
‘communi cati on systens conforming to the "3rd Generation Partnership Project"”
0 9 JUN 2005 4 (3GPP), enbodied in a set of docunments including Docunent
Nos. 3G TS 25.211, 3G TS 25.212, 3G TS 25.213, and 3G TS 25.214 (the W CDVA
standard), or "TR-45.5 Physical Layer Standard for cdma2000 Spread Spectrum
Systens"” (the |1S-2000 standard). Such4comruni cation systens use a waveform
simlar to 5 the one discussed above. Recently, a data only conmmunication
syst em f of3GPH), @nuadiadrat @ 6HDR) docrnmresits dsclodimgdbaenenieWNdsoB€d. TBuch a

obor oL T T P A T A A PR AR A B 2 T
TRANSM SSPOKTR-43.5 é’dnylsmb kaper Sandegl fomedma0fthbpread\bpedrBRABIamME?
| ssued onipd ‘]!Q-@Oé% s%ggi%rd)a%lcﬁ%@uhﬂnicﬁﬁoﬁ@s%ﬁ@u@é a WIRPE&S R4 eeNt T on

and incorporated by reference herein. The comuni cati on system defi nes
a set f g @iseusserlabgivAg from 38. 4 kbps to 2.4 Mops, at which an

originati OP teR@@:e{iﬁl‘ (aa&a@cﬁ%t%d Qbﬂimuﬁarnaﬁﬁzg@a&l leq@kam% @1&?4 .§atf3 PHDR) f
receiving_ternna ess te e stemutilizes a waveform
with chafABFEISH &‘ﬁéﬁ?eé?ﬁeée‘beg?? ‘1!1 %A‘fﬁ)?e ad%ﬁ’i‘élmilf& %é@s‘@%}aﬁ%qﬁm 2

il lustrat &SCBB@(B] anvva eotling 08 plidadiehe teafal ehuanibear Vi®/G68,08k anaivetior m of -
t he aboves S fo 0 ef s of
frames 20 é‘%ﬁrﬁ%ﬁ% V@% c ia_ggﬁ_gh&iv\‘%ﬁn it—‘&gf@z'IL I#zﬁi‘A

exenpl aWR&N’SMiSHRDN % ﬁie& W@mﬁéﬁmrll@esndxﬁ Uus Petest Nbs@ZMZlBMhmuednm sl ot

20 204 7
G ot i ot ”§n?§&>‘5c%8ﬁ?%1§§§n@%é% FRBARE Al o 33351?.%%%&%%9“‘3%8%1 s
di vi ded hertin. the HINacomaygtca I%Wétenzéiig%s\ﬂns%o afqgfat %u?&%@ggf%%’

transm ttbek Mhpkj at vedctharhafiginateinoerraigdla(ac@sst point, m&lﬁrm@mmgldataypaéh%m Frent ,
each pi lr@&elpiﬂ Sf(ernglg’lgla(ac&%§btefn'iimglﬁ A'P)hi Pihel HDR s@déh | &ileHtaemadefaim tigh

m d- poi n%’??%eés g%%;@ eaﬁgﬁiﬁgl’tlmed&n?ﬁaI%PCO%’eél%g‘lé 25 The pilot bursts 206a,

206b co Si gna covere a Wal sh cover with index O.
acaees cont ol RFannb S e SR o o (R agaRterr ORGIEL ReEC' 50k,
of | engt hwexelpmirpef BucbovrheeMACned FEPB syoBan. Ab8bvay eforr 2Hsisidefieed
i medi at eihytepﬁwﬁrﬁﬁgs zm@m efka/m@é b6a tnfeebpmzzta@%%w ?rpﬁﬁ; B9 14060 of
each sl ot 204. an e ary” enbodi ment, d.of up to 63
code charﬁ%?’éem rwraﬁé%l%rﬁo@ Greans 9016’8\17’@?%&6 Bgm%&iqi? 700usch @Bael Each
code Xhammual béisgi 2pst iHibedotyy, @rMAGohtdex o whil el milsecownd slet Retxesen O
and, consequently, a 26.67 ms frame duration. Each slot 204 is divided into two
half-slots 204a, 204b, with pilot bursts 206a, 206b transmitted within each half-
slot 204a, 204b. In an exemplary embodiment, each pilot burst 206a, 206b is 96
chips long, and is centered at the mid-point of its associated half-slot 204a, 204b.
25  The pilot bursts 206a, 206b comprise a pilot channel signal covered by a Walsh
cover with index 0. The pilot channel is used for synchronization purposes. A - -
forward medium access control channel (MAC) 208 forms two bursts 208a and
two bursts 208b of length 64 chips each. The MAC bursts 208a, 208b are
transmitted immediately before and immediately after the pilot bursts 206a,
30  206b of each slot 204. In an exemplary embodiment, the MAC is composed of
up to 63 code channels, which are orthogonally covered by 64-ary Walsh codes.
Each code channel is identified by a MAC index, which has a value between 0
and 63, and identifies the unique 64-ary Walsh cover. The MAC indexes 0 and 1
are reserved. A reverse power control channel (RPC) is used to regulate the
35 power of the reverse link signals for each subscriber station. The RPC is
assigned to one of the available MACs with MAC index 5-63. The MAC with
MAC index 4 is used for a reverse activity channel (RA), which performs flow
control on a reverse traffic channel. The forward link traffic channel and



and 63, and identifies the unique 64-ary Wal sh cover. The MAC i ndexes 0 and
1 are reserved. A reverse power control channel (RPC) is used ths{owéﬁﬁie
the 35 power of the reverse link signals for each subscriber stat "

RPC is assigned to one of the available MACs with MAC i ndex 5-63. The MAC
with MAC index 4 is used for a reverse activity channel (RA), which
performs flow control on a reverse trgffic channel. The forward link’
traffic channel and 0 9 JUN 2005 5 control channel payload is sent in the
remai ni ngcqrarséli dhasndfkeylodd idheerti mSﬂhehah'fa-lruSI qior2idha Hiod dfhike fiestehai-ng

t f b, I d
Cont rol canadE aatand st poRidl 2hita 1 i el Beftdpfepdes dremne!
i nt er | eavidwaad dradfie cheoud] aret] pomurpbalnsdwlahda punehoodel, ssarbbledcendary.

Th th I i dt
forePn 16 gar% v%angagee@w%g gra ur e@gaﬁp&tara ?t&{’%mﬁé{?{ét%&h?éf thg
par al 1% ®mecessarg. i sThewvertbd mﬁalﬂhagdﬁgqm&mes 16f ampdadrEpnc symbols arel di ng a
code-di st} wt?;&%dcwa}% 18%6rs;tnl§ -prdgalan W@i&a@uﬁéﬁ%ﬂﬁl enansrgéﬁ@! ature

spr eaded, red upconver car r fre quency. The
resul tin f BESAMD (09 Covgreé&p\flﬁs%dlsa@d sérary Walsh topges,' "t (5)
iﬁ) whgr legmbacba@mgt aé}lléscatmaﬁﬁfelfz(lj@quency of Ejhe waveform 15 I(tﬁmis
t he i ndex of the c chapne i ndex.is tinme nunmber
of code channeﬁle ’\9% CFH“?P% ?’%%Qﬁaﬁﬂfmﬁ’%Sﬁﬁ?éaggngﬁ@a@f&?%ﬁ% of the
i deall0i - tathd:upeoml‘mfmbbn egca/rererefssequency The resulting modulated waveform
Ri(t)=ai t k) 4] Yg(t-kT)sin(;,k(6) k k where: 20 a, is the
anpl i tudgq%}flsﬁggrés ﬁécode channel ; o(r) is the unit inpulse response of the
baseband transm)t t(@f —jagt i S t he phase of the kth chip foys the ith code
channel , occurri ng; At discrete time tk kT0. Tc is a chi p d ati on. 25 The
transmtter of the" HDR communi cati on system generates an actual waveform

x(t), givgfeds: C(t)=zbi [R (t +2i) + Ef (t)]2 i~(v +=nm}p(~+r.}+B~i (7)
@, is the nominal carrier frequency of the waveform;
15 i(t) is the index of the code channels. The index is time dependent as the

number of code channels varies with time; and
R(t) is the complex envelope of the ideal i-th code channel, given as:

Ri(t)= a{zg(t — KT, Joos(0y )+ 5 gt — KT, Jsin(p )} ©)
k k
where:

20 a,is the amplitude of the ith code channel;

g(t) is the unit impulse response of the baseband transmit filter;
¢, is the phase of the kth chip for the ith code channel, occurring at

discrete time t, = kT,
T is a chip duration.

]
(@]

The transmitter of the HDR communication system generates an actual
waveform x(t), given as:

X6y = X b [R(1+7,) + B, ()] e Nertonmsal 7)

H))

where
b; is the amplitude of the ideal waveform relative to the ideal waveform
30  for the iy, code channel;
7, is the time offset of the ideal waveform relative to the ideal waveform
for the iy, code channel;
Aw is the radian frequency offset of the signal;



i (i) where bi is the anplitude of the ideal waveformrelative to the ideal
wavefiorm 30 for the ith code channel; Tr is the time offset of the)9 déaiih
waveformrelative to the ideal waveform for the ith code channel; Gco is
the radi an frequency offset of the signal; 0 9 JUN 2005 6 (r); is the phase
offset of the ideal waveformrelative to the ideal waveform for the ith
code channel; and E/t) is the conplex envel ope of the error (deviation from
ideal) of the actual transmt signal fér the i-th code channel. 5 Based on

the conplex tine domain and code donmai n channelization of the waveform 200,
t he wavef or m quhlsithg phessoffesteritthenéd¢érd deaipdend relative de thelisteal waveform

channel i Z%ﬂ%l%r(%dler&ﬁ%élcgaae Consequently, there is a need in the art
for a nethod an aratus for waveform quality measurenent for

wavef or ms chan®db) zﬁeféieb'@mplueﬁ anvRop phithe ghprdddeiadivnairem ideadUMVBRY OF THE

| NVENTI ON, T %ﬁ%swﬂﬁﬁfﬁ HR-Hcdld &Ggd1 10 @ novel nethod and apparatus
for waveformquality Treasurement. cicﬂcordl ng. to_ the nethod, an actual

signald 15 repreabahithy complesHTRmARigend fode clomnialdapaehizatipn phe
donai n anehd Waseesnto0Rihe wa@goahal @dﬁ% PueRusdmast ﬂ@lthcywsvaeée@arerp@wéoe

gener at ed, for xample,. by a co ste est .e generates
an i deal ﬁﬁf‘g&mﬁoﬁtﬁ RGH ﬁg a@?]ﬁsﬁl a]éf St lﬁ'%en%)eg‘se g5Ui prent
t hen genaftafc&Sa anedRid Hﬁdﬂ%mfa;qfaﬁ:a’&tssfd?ew\aleefmrﬁaqalﬁht}eﬁﬁe&hréﬂﬁ@n’ﬁ%mal :

wav ef orm%n gorrﬁﬁh&anggﬁze%géé@ a&%ng e%\cwo {)&gﬁ to conpensate the

actual wavef , over n-accuracy is
eval udt ed in accordance wth the conpensat ed i deal waveform and the ideal

waveform [In another engei\ePARYOOH THEBINGVENIQORCr a particular tine
di vision channel of the waveformis evaluated. The conpensated actual 25

waveformis processed to provide the particular tine division channel. In

one i pl ement ahembreddie RYAGRSS ULV (SeTAS nthad A appARARS Aed
act ua

cctual, | Sianal & YeLlE, LAt 5 00 et oen, 0 surel s ubers Lhe partyoular
i nmpl erfent mpresantiz@a wavgfessi diyidedpnis ehaaneialhathlmc’ameodomfam Iaad in
conpensat gchéi%toﬁﬂmvﬁvgeefn%%?eay 3uch an actual waveform can be generated, for
example, by a communication system. Test equipment generates an ideal
waveform corresponding to the actual waveform. The test equipment then
generates an estimate of offsets between parameters of the actual waveform and
20  the ideal waveform, and uses the offsets to compensate the actual waveform. In
one embodiment, overall modulation accuracy is evaluated in accordance with
the compensated ideal waveform and the ideal waveform.
In another embodiment, modulation accuracy for a particular time
division channel of the waveform is evaluated. The compensated actual
25  waveform is processed to provide the particular time division channel. In one
implementation, the processing comprises assigning the compensated actual
signal a value that is non-zero in intervals where the particular time division
channel is defined and non-zero elsewhere. In another implementation, the
processing comprises a multiplication of the compensated actual waveform by a
30 function with a value that is non-zero in intervals where the particular time
division channel is defined and zero elsewhere. In one implementation, the
ideal waveform is processed in the same manner. In another implementation,
the ideal waveform containing the particular time division channel is
generated directly. The modulation accuracy for the particular time division
35 channel is evaluated in accordance with the processed compensated actual
waveform and the processed ideal waveform.
In yet another embodiment, code domain power coefficients for a
particular code channel are evaluated. The particular time division channel,



30 function with a value that is non-zero in intervals where the particul ar
time division channel is defined and zero el sewhere. In one inpl en&gt\mﬁvmy,

the ‘ideg| ‘ﬁgprm is processed in the same manner. In ag ? tRRb1/47758
i mpl ement a‘t)l on, the ideal waveform containing the particular tinme division
channel is gener ated directly. The nodul ati on accuracy for the particul ar

time division 35 channel is evaluated iR accordance with the processed:
conpensat ed actual waveform and the processed ideal waveform In yet

anot her e”%ﬁii:ﬁe@éntaﬁ%dechg fﬁbx@é}“%d%o%éﬂ\ﬁéler@fs tﬁé’rc Bﬁé’atté&uéc%ﬁap()de
channel are eval uated articular ti rreagl VIS l(P:%Cfl 0 9_JUN 2005

00 021 4932 W PERTRAS DRt Ao teoiiRevE pdgod Hihnel
of the conm?s@ﬁ@ﬁltamhuahe idaxlefvar-etdrsn th;&ba@@edcgﬂmm rsgrrfeomahﬁer In
above-descri ﬁ?? net ho (g on&W icﬁhemsntfatl on, the i dtﬁ wg P%‘or mc{ﬁz
processed PHOIFE ’%%PT’E DHEREen, ' AEYEIPTD ‘é‘?{&ﬁ{%{‘% € PHEVEETWavef or m
cont ai nbng chawnglaot itkell particode time hdivisidn ofhatrinel psirgenetdtani dliirextlydi Vitss on
channel is I r rticul ar
time di vi sPAd %éﬁ%rc@hfac&‘ R R R
conpensat edcerdante wanvidf dhe prdcesked goropensadedi defatal wapebtrm  arod BRieEF
DESCRI PTI ON;&FesdddEd NeRhhe features, objects, and advantages of the
present invention wl becone nore apparent fromthe detailed descri ption
set forth bel ow when taken in conjunction with the drawings in which |ike
ref erenge charact er SBRIEF S CRIRBION @RI R DRAWEN6GS and wherein:
FIG1 illustrates an idealized waveform of a code division comunication
system FIG 2 illustrates an idealized waveform of an HDR commruni catl on

system and 20 Fhe featyesyobjestsesand cslveapagest ohrthappeasaniudnvenssn avibs

i npl enent i Bgcoﬂﬁ@"rﬁbf’é it o ﬁ?@s@rmad s é\@%%ﬁ%@?@of%tﬁbléﬁevﬂ{ehnc' pl es
of this 1invention SCRI IC]\IG:P ODI VENTS 25 FIG 3
i |l ustrat eéa%?ncah&gaiwmﬂoah“aggéh%t WEBER HNe W ee RESTYSE ChAEILESr m

qual i ty5 ne&ﬁeﬂtﬁyreofrefspon&\mg@f troaghbatnel tededpoth in time domain and in
code domain, sughas;ihe exempl ary waveform 200 framfl G 2

communication system;
FIG. 2 illustrates an idealized waveform of an HDR communication
system and
20 FIG. 3 illustrates a concept of an apparatus capable of implementing
waveform quality measurement in accordance with the principles of this

invention.

DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS

25
FIG. 3 illustrates a concept of an apparatus capable of implementing

waveform quality measurement for waveforms channelized both in time
domain and in code domain, such as the exemplary waveform 200 from FIG. 2.

In one embodiment, actual signal x(t) (representing waveform 200 from

30 FIG. 2) enters compensation block 302. The compensation block 302 is also

provided with estimates of offsets of the actual waveform x(t) with respect to an

ideal waveform s(t) from an optimization block 304. The compensation block

302 uses the offset estimates to provide a compensated waveform y(t). The

compensated waveform y(t) is provided to a down-conversion block 306. The

35 down-converted signal is then provided to an optional sampling block 308. The

sampled waveform z[k] is provided to an optional baseband transformation



I n one enbodi nent, actual signal x(t) (representing waveform 200 from 30
FIG 2) enters conpensation block 302. The conpensation bl ock 302 0§ mh3fy
provided with estinates of offsets of the actual waveform x(t) with respect
to an ideal waveforms(t) froman optim zation bl ock 304. The conpensation
bl ock 302 uses the offset estimates to provide a conpensated waveformy(t).
The conpensated waveformy(t) is provided to a down-conversion bl ock 306.
The 35 down-converted signal is then prgvided to an optional sanpling bl ock
308. The sanpled waveform z9[k] is provided to an optional baseband

t ransf or metlodn 880.JUNTROOSuUtBub| veke®1o: k¢ cuwrputhewvptional zpidebéndm t he

optional basehand  transformation hlqck 310 is pravided to a processing

bl ock 312.“#‘?‘?’%‘?%&%%%%5?5%@1%835? a\%@%ﬁ%%@@’?}g 31% generated by a
signal gener at,or T | dea i r oyl a Lonal
sanpling 5 bl o@koé%%mb@%e%m%%%@ﬁgﬁﬁein% [%@ %sg%}rl%\%?e e%yt% f aé)pti onal

baseband t%e%!é?;it@f Maki oTh i@ Wi Befolies(OUkPsoWNaMEOTA bbkbnhl Sdhbhies
opt i onal aseband transformati on block 318 is provided to a processing

bl ock 312.blhik 3amotTher seenpledi wemeforth e lsli igrnaioviderd tataor optidngeeschtnd t he
di gi tal vef qr r[k], directly. Therefore, in, such enbodi nent, the

sanpl | ngV\%F r?fi@l%dﬂp% 5y ophe oPEPUb aWaKsiea™ TERk e the PRIGEE 318
t E o _ . :
o ol bt o B d DANRLIGEIRINOIROMS RAqlREN B ARBHE A B b

W Il be offregher drfbbdfgentdeiad sigtayebnsms($)4 bondraeguencyigifal Manvaisinphase.
The waveformquality 15 nmeasurenent is deternmned for the best alignnent

bet ween t higklediracly. vidneetiorenircurhwhiestbadifenbethefsaaytling lbleck Rt paddhe

wavef Qrm s(t). nsequent | t he. vef q ual j t surenent is eval uated
f or aqbl ur‘%tgwfg?seggﬂ‘gi ?%a%?%PFggggﬁ%?oé?Wnd phase of fsets, and
t he maxi mum of i b j i unction
of Copt i aat | o EHLoE IR 1% sed BRI Pruld ] o P by s

of frequenrhyractaristicsand phase offsets. The function of the conpensation
bl ock 302 is to operate on the waveform x(t) to provide conpensated

wavef ormy(t), A dessupsedeqiigt pgHal wavefqrya(t). pall dre-aifseb{romathe igeate: 25
A" 7 2N SEHABLS gl A Alglegentk ORPnal. {9y WRleh) gy respect
15 measurement is determined for the best alignment between the actual
waveform x(t) which will be offset from the ideal waveform s(t). Consequently, the
waveform quality measurement is evaluated for a plurality of combinations of
frequency, time, and phase offsets, and the maximum of such evaluations is
taken as a figure of merit. The function of optimization block 304 is to generate
20 the plurality of combinations of frequency, time, and phase offsets.

The function of the compensation block 302 is to operate on the

waveform x(t) to provide compensated waveform y(t), given by Equation 7:

y(t)=x(t—1g)e’ bousd, ®)

where:

25 A® - an estimate of radian frequency offset of the signal x(t) with respect
to signal s(t);

A

%o - an estimate of time offset of the signal x(t) with respect to signal s(t);

AY

b . an estimate of phase offset of the signal x(t) with respect to signal

s(t).



zo - an estimate of time offset of the signal x(t) with respect to signal
s(t), 00 - an estimate of phase offset of the signal x(t) with respggtjyfons
signal s(t). 09 JUN 2005 9 ~ n The Aw, 20 , 00 are provided to the
conpensati on block 302 by the optimzation block 304. As discussed, the
waveform x(t) was up-converted on a carrier frequency, the purpose of the
down- conversion block 306 is to down-caopvert 5 the conpensated wavefofm
y(t) to a baseband waveform z(t). In another enbodi nent, the optional
sanpling block 308 creates discrete version z[k] of the waveform z(t) by
sanpl i ng the wawef &p m 2 t draatprobiriddiasl the arqhpagsationtiodk : 3020 k&1 khe =
z(tk);Vk (9) In another enbodinent, the optional sanpler block 308 is

oni tted armptithizatioamieditP4 s performed by the processing bl ock 312 after

baseband transforpation Aﬁ di scussed, {}Ee waveform 200 j s baseband
filtered befor ¥ r&sHeedi dhe %E)Ws‘e?ﬁ NP, UPREOTHSTIGh AT b sEB AT

¢ ¢ . : il . : ; ;

(&S Pri R ienll 06, pfhs df the IEFL B RTBN 100 She B B Aonh byt ence

transfgr fth@@@ﬁx@@n@&teﬂh@vl@a@exb?aqlt@amsélﬂmmtviaoefd@hoz@alo is an inverse
conpl ex conjugate of the transfer function of the ideal transmtter filter.

20 The pr ocessilngnbthecdnBiiimentethatopsions satplisg bloak 30& flehteadderefek] t o provi de
t he required.wav r ual ity nmeasurenent as scrib in detail below In
one. enbod REPR AARGRE e AGSEIRGRAET SpT 1B E A0k MSORRES HESHL i Kg.  « he
pr ocessi ngabipdivlg (3idtsdr:eat es di screte z[ k] version of the signal z(t) by
sanpling the signal z(t) at the ideal sanpling points tk in accordance with
Equat ign 9. 25 | _siéfe)(\idigg t he above-descri bed appar at us, on(g of ordinary
skills”in the =@k "be able to nodi fy the bl ock schemati 5 to different

representation of the waveforms x(t) and s(t). For exanple, if the waveform
x(t) is répranatheregmipodimennsidpavitiengnsampler blarlyiidl isdomittad and the
down- convey 'E‘xngQC‘pe%@rr%@d By et 'p@@@éssﬁ%”%l'o@ﬁ Bhock: 308 ngeshpt be

present. Furthernore, if the waveform 30 x(t) has not been filtered an
optional BRESHPAREHIansf or mation bl ock 310 need not be present.

Furthernore, ong difcosed, taeywvskafbla 300 it basebahdvilidret &etddectrismig®idnf y t he
bl ok, $CNeRll R Ahd! Jotidr Has¥REn L r IRASHAATEN b18 &k B%0 is wiilized to
remove inter-symbol interference (ISI) introduced by the transmitter filter. To
accomplish this, the transfer function of the baseband transformation block 310
is an inverse complex conjugate of the transfer function of the ideal transmitter
filter.

20 The processing block 312 operates on the signals z[k] and r[k] to provide
the required waveform quality measurement as described in detail below. In
one embodiment, when the optional sampling block 308 has been omitted, the
processing block 312 creates discrete z[k] version of the signal z(t) by sampling
the signal z(t) at the ideal sampling points t, in accordance with Equation 9.

25 Considering the above-described apparatus, one of ordinary skills in the
art will be able to modify the block schematics to different representation of the
waveforms x(t) and s(f). For example, if the waveform x(t) is represented as a
baseband signal in a digital domain, a down-conversion block 306 and an
optional sampling block 308 need not be present. Furthermore, if the waveform

30  x(t) has not been filtered an optional baseband transformation block 310 need
not be present. Furthermore, one of ordinary skills in the art will be able to
modify the block schematics according to a type of measurement to be
performed. For example, if an effect of a baseband filter is to be ascertained, the
baseband transformation blocks 310 and 318 would be omitted, thus, the



performed. For exanple, if an effect of a baseband filter is to be
ascertained, the baseband transformation bl ocks 310 and 318 woul d B3 JUN 1005
‘omtted, thus, the 0 9 JUN 2005 10 processing block 312 woul d be provided
with the actual waveform and the ideal waveform from sanpling bl ocks 308
and 316. Modul ati on Accuracy Measurenent 5 Modul ation accuracy is defined as
a fraction of power in the actual waveform z[k] that correlates with'the

i deal waveformr[k], when the transm tiper is nodul ated by at |east one
channel in the waveform An overall nopdul ation accuracy is defined as a
fraction gfogessieg blonk 8 2woakitheairovided fviththezddtal thaefocmrane g idgalwi t h t he

i deal wav t r is nodul ated by all the
channel s I%\]CI{]ER{ elrI£v\\/ief1"]voé7\f{vg nympgblé%se‘ienp a%@enbodl ment of the HDR

comuni cati on system these channels conprise the Pilot Channel, the MAC

Channel am@o&h@hggw@hgag;@ﬁegg&eg{e&ontroI Channel The first overall
m)dulatlonacc ylsdéTlnedasTIIows g N>JZZ{ kKR 1k, J_ =1

k=] 15°(10) alptipn ggeuggey] i) delipel=as o= racmraf PPYGERI The) afiyal he
first ovewxﬂefémﬂumfy %taeﬁﬂtéﬁ%s w&hamhe Nyl deabelatd Hgkanwkamend ary
unit of a wavef lge£$1m7§£ limt ei ghatl ng. nunber of el enent ary
units; Zga?sﬁ %‘a@ia HARRRGOEE SAtHIe T WeVEI%ent ary unit; Mis a
sumation |im Mesexgﬂatmdgla‘ammmcmhc anqiéfésed ns tifeactioanenpawyr uum}né Zj , ~k

= z[ M - 1), £k ‘%1 zga%féﬁﬂ ﬁﬁw éd% équ‘es! {«chekﬁg?@éailr%a‘yefb{ Offc ; e e el

wavef orm ~an hel"errent ary
unit o t hensoéider iswavetfleated b)Aﬁﬂéhe wbAnaely inmhe w‘asfefn;m nhdt%@sexanmlm rum

wavef orm z’éﬁ%d%feh{‘ bp Qh@mo%%un%ﬂ{wﬁéys%éﬂxu @ﬁéé@echa}ih@s@pﬁn@é gde

summat i on hosen, so nol varjan asurement is
el ow a1 B Foamoeh GG NAOCABRSATGHELBER FOvas! £ ERENaRRF o) whaB0slor 2
forward | TRK figét dsRealiBidbdulation accuracy is defined as follows:

N

N-Y

15 = =

el EE]

j=1 k=1

M

2 ZuR

k=1

(10)

where:
Poverati 15 the first overall modulation accuracy;
j is an index designating an elementary unit of a waveform;
N is a summation limit designating number of elementary units;

20 k is an index designating a sample in the elementary unit;

M is a summation limit designating number of samples in the elementary
unit;

Z; . = z[M(j-1)+Kk] is a ky, sample in the jy, elementary unit of the actual
waveform; and

25 Rix = rIM§-1)+k] is a ki sample in the ji elementary unit of the ideal
waveform. _

An elementary unit is defined as a minimum waveform span defining a complete
channel structure. The value of the summation limit N is chosen so that a noise
variance of the measurement is below a required value.

30 Applying Equation 10 to the waveform 200 of a forward link of the HDR
systemn, the elementary unit is a half-slot, consequently, the summation limit M
=1024. The first sample, z(t1), occurs at the first chip of a half slot and the final
sample, z(tjpan), occurs at the last chip of a half slot. The value of the

summation limit N has been determined to be at least 2.



system the elenentary unit is a half-slot, consequently, the summation
limt M = 1024. The first sanple, z(tj), occurs at the first chip Qf ﬁ &?If
slot and the final sanple, z(t1024N), occurs at the last clip of % Hg ﬂ
slot. The value of the summtion |limt N has been determ ned to be at |east
2. 09 JUN 2005 11 The first overall nodul ation accuracy fails to account
for possible discontinuities of parampjers of the waveformon the borders
of the elenentary wunits. Consequently, a second overall nodul ation accuracy

is defined as Thel ligssoveraN Znoddiabon) abcurkdy , 8Bk - o acedurt=fdd pbsdiblel
overall-: % wjffrlcg)&/?N MEN3+1 | R] k] 2 Iﬁ‘}fE IZIt k, 1=1 kﬂ\f\% erx% l%:MJrl 2 2
wher e:  PoUEFANHRSIHES O pardpeland ob vt Hidv SRy aL PH P hosdsTa Ph s ,e]‘! Y i ndex
desi gnat i ngitan €oeseqieattly, unidecofid aoweaadf atoduldolN dcsumcyuismdefined | agn t

desi gnatip n Sr,rber of elenentary units; Kk is an index designating a sanple
in the el emen ary unit; Mis a summation [imt designating nunber of sanples
inthé elenentary wunit; Z' k = zf(M+ 29 + 1) (j -1) + k] is a kth sanple
inthe jth elementary unit 15 of the agtual waveform and R,k =r[(M+ M+
1) (j - 1) + k] is a kth sanp e%hn the jth elementary Lunt 2 of the ideal

wavef orm Appl yi ng Equati O]Q.Zé gztkr}@ veform 200 of a forward link of the
| -DR system the el ementary _;_H i"_s Y¥lhal f-slot, consequently, the

sumat i on Iim'ﬁ M 20 = 1024. first sanple, z(t531), OCEUNS at the 513th
chip of a hal f 314t a gﬁﬂel Ml A ,
> 2 Rl 2 2 2
7= =2 ==Xy
2 2

where:
O omeran—, 15 the second overall medulation accuracy;
j is anindex designating an elementary unit of a waveform;
10 N is a summation limit designating number of elementary units;
k is an index designating a sample in the elementary unit;
M is a summation limit designating number of samples in the elementary

unit;

Z=dM +—A;/)I—+1) -(j—-1D+k] is a ky, sample in the jin elementary unit

i

15  of the actual waveform; and

R, =rli(M +%+1} (j—=D+k] is a ky, sample in the ji, elementary unit

of the ideal waveform.
Applying Equation 11 to the waveform 200 of a forward link of the HDR

system, the elementary unit is a half-slot, consequently, the summation limit M
20 =1024. The first sample, z{ts31), occurs at the 513y, chip of a half slot and the

final sample, z{t1533N), occurs at the 513y, chip of the last half slot. The value of

the summation limit N has been determined io be at least 2.
A time division channel (TD_channel) modulation accuracy is defined as
a fraction of power in the actual waveform z[k] that correlates with the ideal
25 waveform r[k] when the transmitter is modulated by the particular TD_channel
in the waveform. In the exemplary embodiment of the HDR communication
system, the channels comprise the Pilot Channel, the MAC Channel and the
Forward Traffic or Control Channel. The TD_channel modulation accuracy is

efined as follows:



final sanple, z(t153.7N), occurs at the 513th chip of the last half slot.
The value of the summation |limt N has been determned to be at |east 2. A
time "division channel (TD_channel) nodul ati on accuracy is defined hdUN 05
fraction of power in the actual waveformz[k] that correlates with the ideal
25 waveformr[k] when the transmtter is nodul ated by the particul ar
TD-channel in the waveform In the exenplary enbodi nent of the HDR )
comuni cation system the channels co rise the Pilot Channel, the MAC
Channel and the Forward Traffic or rol Channel. The TD- channel

nmodul ation accuracy is defln@ as fo iows 0 9 JUN 2005 12 N~)MZ IV’
L~ ZJ.k Rilk Pm channel 2(112) {=Z21Z)3.k 1 Jc 1 k- T j=1 k=1 where:
PTD _channel is the nodul atl 0 cuf aé for the tine division channel
identified by &m_ideXxTTD g cna NEk w2 J 1P an i ndex desi gné]t% ng an

el ementary unit of a Emle gunmmation |imt designating nunber of
el ementary units; Kk i gndtijng a sanple in the elenentary
unit; Mis a sumation I imt designating nunber of sanples in the elenentary
unit; 10 “heke:= z[Mj-1)+k] is a kth sanple in the jth elenentary unit of
the actual TD,channel; r .z 1) hhAndihe jth
el enentary uni g’ |§E§Iﬁl‘8&}5ﬁhﬁgn%e Ara%e@o{%%egpg);mggwesm néél

actual waeheifier 4ykd nﬁnﬂaxtm dhdﬂﬂél 15 vvavef ormr[k] to obtain a parti cuI ar

TD-ch neI |s descr| next , t on nnel js defined: m S(k nod
< b seSEbp < Yk i b PrelteS) 100 T (L
L) < i nn le a summation limit de51g,nat1ng number of elementary units; ‘

k is an index designating a sample in the elementary unit;

M is a summation limit designating number of samples in the elementary
urut;

10 Zix = z[M(j-1)+k] is a ki, sample in the jy elementary unit of the actual

TD _channel; and

Rk = r[M(j-1)+k] is a ky, sample in the ju, elementary unit of the ideal
TD_channel.

The concept of processing the actual waveform z[k] and the ideal

15  waveform r[k] to obtain a particudar TD_channel is described next. A function
S1p_chamer 15 defined:

(m, < (kmodL)<m,
m; <(kmodL)<m,

gTD__L‘lmnnel [k} =13 . (13)

m,, S{kmodL)<im,

0 elsewhere

where:
20 m,<(kmodL<m,,) for p=12,..n, defines intervals where the
waveform is nonzero for the particular TD_channel; and
L is an interval of an elementary unit of the signal z[k].

Then, the actual waveform z[k] and the ideal waveform r{k] are multiplied by
the function g, g lk], to yield the particular TD_channels:

ZTk)=2lkY 815 _ahamned K]
o5 - TD _ channel (14)
r ['\”] = r[k] : gTD_c/mnnel {k] :
One of ordinary skills in the art will understand that the implementation of the

concept can vary. In one embodiment, the processing is implemented as a



0 el sewhere where: 20 rn <_ (k nod L<_ rnr,+t) for p =1,2, _..n , defines
intervals where the waveformis nonzero for the particular TD - C*\?@{]ﬁlﬁnﬁﬁ
and L is an interval of an elenentary unit of the signal z[k]. Then,

actual waveform z[k] and the ideal waveformr[k] are nmultiplied by the
function OTD eliR'Rel [k], to yield the particular TD channels: 25 z'[k] =
z[ k] gr-_ehannel (k] (14) r '[k] =r[k]3 - 9TD _channel [k] One of ordi'nary
skills in the art will understand that the inplenmentation of the concept
can vary. hfultipcaidrodf trentvaviehenphbyce sewdipn ifhplelwntied @shon-£krd idUN 2005

13 mul tipligat f th : b functi it l.ue .t hat |
nonfnzjer Iopi h’ctg)i"}ﬁfsgr"v\?%efrg a}]e\gﬁ\éa?%géﬂﬁaﬁ{r}aec&F\ﬁ%dpf’?{%ﬁ“ﬁ@i gsi \é%ﬁ%[%‘gn a‘ﬁ %Iezodefi ned
and zero elssehber e Inlancéhet ketboetiyedt, nihet pradessipg cwespiisey assigiing dbe

i gni f l IS Non- Lo dnt ; th
par t 1 cul ar "o orat S PR RNE IS ok oo R ARHER © hdel ol el ARS

anot her5 entloasioneehannel iedgfingd éad izerg algsvtiere dp yelasathengmbedimenbithe( 12) is

configured, i éﬁl@llw aﬁ&t}i : Ol OVES AW o~ +
+...-- L (R@e%=%¥ﬁ?%[%rﬁt _~°1E3ld er e(%%sgf%fgg?k mdcél\_flrgltk&%irﬁ)erriaér p
=1, 2, ... n SUHEftieas ap fROWS where the waveformis nonzero for the
particular TD - channel; and L is an interval of an elenentary unit of the
signals z[k] and, r[k]. 15 Code,Domai n Measurenent Code dommi n power is
defined as a frgt i:OE of Spower+ the signal z(t,k) that cofsglates with
each code channgl R%(tKJ when fhe transmitter is nodul ated according to a
known coode i%nbol sequence. The concept of processing the waveformto

obt ai ntleact&lde channel R (tk) is described next. 20 First, a particular
TD _channel cont &, i Ggnable § eode EPranmet LR:-(t kjefinesobirdggnvell, where| itheng any
of the above-outlined net h?ds For .ex%rrgJPe, Eﬁ tion 13 is used to obtain
function gtBY ey igignaege o femgrficiiar 1P ehamelneRd “The functi on

grD _~dran, , e, [ kL i sn internalod ed clenenpey unie obihe signalaeildandwbilef orm z[ k] and the
i-th code channel R [k] of the ideal signal r[k] to obtain waveforns:

15 Code Domain Measurement
Code domain power is defined as a fraction of power of the signal z(ty)
that correlaies with each code channel R;(r,) when the transmitter is

" modulated according to a known code symbol sequence. The concept of
processing the waveform to obtain each code channel R,(z,) is described next.

20  First, a particular TD_channel containing each code channel R, (z,) is obtained,

utilizing any of the above-outlined methods. For example, Equation 13 is used
to obtain function gz, umel[k] for the particular TD_channel. The function

81p_ciame L] 15 then used to operate on the actual waveform z[k] and the i-th
code channel R, [k] of the ideal signal r[k] to obtain waveforms:

Z,[k] = Z[k] : gTD__chmmel [k} -
25 , (16)
Ri UC} = Ri [k] ’ gTD_c/zannel {k}

The waveform quality code domain power coefficients PTD channel; for the
particular TD_channel are then defined for each code channel R, (z,) as follows:
N-Y

M
%
225
j=1 k=t

M. o] oM .
iRi,j,k }{ZZ'ZH }
k=i j=1 k=1

N 2

PoM_chammeri = {

L I=w LW

(17)

v

=

=

J

]

where:



z'[kK] = z[k] - gTD_,nnnet [Kk] (16) 25 Ri[kj-R"' i ~I, JTD _chmwet[fl The
waveform qual ity code donmai n power coefficients PTD channel,i for t
particular TD channel are then defined for each code channel R (tk[{‘fé@N 2005
follows: WoevVP221|V - z| kl2 ix .1.k LJ P roMchanel,i N MTWUSRKAHLSS

1 (gq) N~~qgq) M~ WL ,.., W (17) ~IRi.j.k I'~ 1L+b~2J. k) J' “j=1 k=l j=1 k=l
where: 09 JUN 2005 WD 02/49221 PCT/usO /47758 14 PrnMrhnnnel,i is the
code domain coefficient for a tine divi&ton channel identified by an index
TD channel and a code channel R, [k] identified by index i; wl is a first

code channel forpphe,ddes dheicodendemaimepeffitidnt fanmetime giwisiohschanhekt code

ode channel forfibhgubi. e Hanefie 8ivisionschannek
ol amont ar y an st DY e RReK T R YRE LR chdrrle? 2 iR e B o

elementaryunits; k is an index designating a sanple in the elenentary

unit; Mis a sunmation |imt . .designati ng nugber. of, sanpl in, the el errentaryv
10 uni ts: 75k St pepehopre o PERGPRE the et AR THof oSN MR Sunit o
the fibtered sivgnslglasinebd® dhankeHRr tirhd/dfyisioh)chankpl TRM dktibneganpl e i n t he
jth elementary trait: of. the: - . 0 . ' l signal. 15 For
exanpl e, applyi ﬁéﬂrtlél(aae &g{ﬁgggi%eggﬁpﬁqupé{/a 8% Og&%NAC_: ., of the
wavef orm 200 of 1sfa)$wvaﬂd1t1qrﬂmmdqusp@atufgqmng ehelementalyemits ar y unit is a
hal f-slot, consgqugRthyex H@ﬁgﬁéﬁﬁ@&'s%ﬁléiﬂfhé\éléméﬁ%z deiem Equation (13) -
and FIG 2: J401. (k nod _024t) <464 1 | %I\/A k| = 5615 (k nmodl O24) 5
624 (18) M i5a summation limif designating number of samples in the elementary
10 units;
Z,, =z[M(j—1)+k] is a kth sample in the jth elementary unit of the
filtered signal; and

R, =R, [M(j-1)+k] is akth sample in the jth elementary unit of the i-

th code channel of the ideal signal.
15 For example, applying the above-described method to evaluate p,,.,, of

the waveform 200 of a forward link of the HDR system, the elementary unit is a

half-slot, consequently, the summation limit M = 1024. From Equation (13) and

FIG. 2:

.. |401< (k mod1024) < 464
i
561< (kmod1024) < 624 (18)

0 elsewhere

emaclkl=

20  where (k mod 1024) = 1 occurs at the first chip of every half slot. Then,
Equation (16) yields:

Z'[k] = z[k]- g paclk]

' (19)
R;[k]= R, [k]- gy K]

The following code domain power coefficients pyac; are defined for the MAC
Channel by Equation (17):

N 2

N- Z

=
P MAC; = N 1024
{z ¥

j=1 k=1

1024 N

" ”
2 Z5 Rk
k=1

, )| [Nz
Ri,j,k| }{Z 225k 2}

j=1 k=1

25 ,1=2,...,63 (20)




0 el sewhere 20 where (k nod 1024) = 1 occurs at the first chip of everﬁl hal f
slot.. Then, Equation (16) yields: z [k] = z[k] gMAC [k] (19) R [k]09 JUN7005
Ri [ k] - SAG&k)2/bbr f ol | owi ng code domai n power coeffici ent spphhSoi/s7asse defi ned

for the MAC Channel by Equation (17): N 1024 2 n N Zin kR ,i,k 25 _i=1
k=1 PM4C 1 1] N 1024 il Jr 1024 Il ] =2,...,63 (200 N1 R ,J,k 12 r' 1 Z
Y I1Zt,k 12 09 JUN 2005 WO 02/49221 PC‘Ii'ESOl/ 47758 15 The val ue of N for the
rreasurerrent of PMAC,i for i ~ 4 has been deternined to be at |east 16. The
first sanple, ZffllalRCOH'S & tm@ rtnbasi&eﬁ{yr@ &fﬁﬁlﬁgha#ofr '¢04 ﬁ&gﬂ delf Tinal
ose of skill

sanmpl e, z(t1024N) urs at t c
in the artd Wﬂlﬂleﬁlﬁég?es%talﬁas’ft}@at m@rvaﬁainaﬂ@ ?(ltl)ug@crué@ ﬁt'éhe Ifléﬁ»lc(}ﬁéﬂ‘ opRocKks,

modul es, Gid€dlbE $nd ﬂ@ﬁﬁél%@h&ﬁl@fﬂ(%m &@ﬁ@gatbcﬁ@l 144} cBONBEG HaliklotM th the
enbodi ments di scl osed herein may be 1 nplenented as el ectronic hardware,

conputer software, or conbinations of both. The various illustrative

Cormonislnt 510b| OfHese df‘lﬂtﬂf hes, th@'a}[r@ %(%Lﬂd @Q@el @Ee@ﬁﬁt}m%eb@ﬁﬁb@eﬁ%ﬂsh@ﬁ?et
general |y i ms of their functi [ unctionality is

i npl ement 8853 [oloskapeuls® sorvliar & é@éﬁ&i\%ﬁmst (ﬁ%scagreﬁ BuFImeapaNi cat i on
and desi grwltn ottt eaibatiEmenBodadiosadt heredy ahal | bes yﬂlﬁ@meﬁt@d lag dela¢ttdrgans
recogni ze interch (‘g?w'etyo of ard%lzvare @%dt twar e under tFe’se

T cumst At O P S e Ve RSP BONE Lo HeOLEy T FORER LGRERRT S o
each par t icoolpiments bagisi watdudes, cksuis el gsps hhee baen diescriibédigemanily e

| ogi c bl S, l,gor

connedli o Wi TS (R S %ﬁ%”“’f e T b U

per f or med hardwage mrgmfawagq RENG$ gyt dhe (mebyular aappipiaticraerdndesigri f i ¢

i ntegrat ec&oﬁétrrﬁ'.‘ﬂ'té i E&l o the eﬂ)@eﬁﬂogfﬁ&ﬁamﬁkﬂg@d ear%@aﬁ@ raYoddFAhe OF

ot her progra evice, dis re} %at e ransi st or
interc ancrea 11 ardwarﬂ an software un er ese c1rcumstances and

how best to unplement the described functionality for each particular
15  application.

As examples, the various illustrative logical blocks, modules, circuits,
and algorithm steps described in connection with the embodiments disclosed
herein may be implemented or performed with a digital signal processor (DSP),
an application specific integrated circuit (ASIC), a field programmable gate

20  array (FPGA) or other programmable logic device, discrete gate or transistor
logic, discrete hardware components such as, e.g., registers and FIFO, a
processor executing a set of firmware instructions, any conventional
programmable software module and a processor, or any combination thereof.
The processor may advantageously be a microprocessor, but in the alternative,

25  the processor may be any conventional processor, controller, microcontroller, or
state machine. The software module could reside in RAM memory, flash -
memory, ROM memory, registers, hard disk, a removable disk, a CD-ROM, or
any other form of storage medium known in the art. Those of skill would
further appreciate that the data, instructions, commands, signals, bits, symbols,

30  and chips that may be referenced throughout the above description are
advantageously represented by voltages, currents, electromagnetic waves,
magunetic fields or particles, optical fields or particles, or any combination
thereof.

The previous description of the preferred embodiments, using

35  communication systems to exemplify measurement of waveform quality, is
provided to enable any person skilled in the art to make or use the present
invention. The various modifications to these embodiments will be readily
apparent to those skilled in the art, and the generic principles defined herein



| ogi c, discrete hardware conponents such as, e.g., registers and FIFO a
processor executing a set of firmmare instructions, any conventi onal
progranmabl e software nodul e and a processor, or any conbination theP8cfN 2005
The proceggqh By advantageously be a mcroprocessor, but picR 647758
alternative, 25 the processor may be any conventional processor, controller,
m crocontroller, or state machine. The software nodule could , residesin
RAM nenory, flash nmenory, ROM nenory, ﬁggisters, hard di sk, a renovabl e
disk, a CO-ROM or any other formof storage nediumknown in the art. Those

f skill . i at e - NSty et i ds,
ot gnal s, bty be aphiieto BRRGEHBLE AR, oG B ulelT hUThy MiRve SOIIPNCE,
above descPpptifisallarene abtivadinage skdlsyin 8 exewilbanggrsjond dgelsthecgenasin s,

el ect r omagpetic lté@%ﬁs?obseefa_ggﬁw %ﬁhbﬂgg% %ﬁgpﬁké ixgél@e'fonap;égaamefs& edfdﬁ}éﬁ;

particles, “or any conbinati Ter e revious description of

preferred &ABmMeRinthal geapried 4be cuameiorat ﬂ“g\ﬁssshet BFASCRb IRSsea oy fsynot

_m%'af lﬁr ere {lﬁrtn@ﬁdw%\t@fb@nmqﬂet? E«i; ke efrﬂa%cﬁﬁféwcsﬂﬁbeﬁ }@_f;ﬁhltmtas Yo mféra%g@?@l@i It led
in e ar 0 e or use resen i nvent.i on. e various i.fi cations
Lo these efoAHER: SoRF fonSEimUaRTtE, the FamceS Aad Poed TeRhiPedtrgioshe art
and the geherdin. princi pl es defined herein 0 9 JUN 2005 WO 02/49221

PCYUSO1/ 47 Y .ied to other enbodi ments without the use of the.
i nventive ?§§€%€§$€E§8§§F ically, one of ordinary skills in the art wll
understand that the generic principles disclosed apply equally to any |ike
waveformregardl ess of the equipnent that generated the waveform Thus, the-
present invention is not 5 intended to be l[imted to the enbodi nents shown
herein but is to be accorded the w dest scope consistent with the
principles and novel features disclosed herein. WHAT IS CLAIMED I'S: 0 9 JUN
2005 WD 02/49221 PCT/us01/47758 17 CLAIMS 1. A nethod for determning a
waveform quality 2 neasurenent, conprising: providing a plurality of

of fsets of paraneters of an actual signal with 4 respect to an idea

si gnal ;



conpensating the actual signal with the plurality of offsets to generate a
6 compensated actual signal; filtering the conpensated actual signddtéN 2005
gener at e O dtdxer ed signal; 8 nodifying the ideal signal PETESIVERBond to
the filtered signal to generate a nodified signal; and 10 determ ning the
waveform qual ity nmeasurenent in accordance with the nodified ideal signal
and the filtered signal. 2. The nethod ig¢f claim1l wherein the providing a 2
plurality of offsets conprises providing a frequency offset, a tinme offset,
and a phase offset. 3. The method of claim1l wherein the conpensating the

2 actual signal with the plurality otLgﬂvggts conpri ses conpensating in
accordance wth the foll ow ng equation: y(t)=x(t-TOej~~f t 0} where: /
6 y(t) is the conpensated actual signal; x(t) is the actual signal; 8
tistine;, | qs an inmaginary Wl hietllequfofSd%?&nﬁﬁﬁ\%:eﬁc)ﬂvﬁfé‘f&%; u%_ﬁ%*s the
time offset; and n 12 00 iis the phase offset. 4. e met hod of (gal 1

wher ei n* t HBEASUTERINhFOBMENSes 2 assi gni ng the conpensated actual signal a
val ue that is zedRidifg MtpRnxAts dfoofdets bf IjeiedtcadfneNageebsighabvhgie. 0 9
JUN 200 18 5.  The .gethod of claim4 wherein the filtering conprises 2
assi gni iig @Fﬁe%éﬂﬁgﬁg‘%ﬁlé tual signal a value that is non-zero over an

el ement ary uni tcomhpérvatiagtthalactiajsignal 6vitli e plirhlbd, of offdeds o devdretesd n t he

assi gni ag . actual signal value conprises: defining a
functi o@ ﬁoﬁ%%@gq%&pﬁg%gﬁ%l’zero inintervals to be filtered and 4
non-zero el sewndieringithe comnpénsiajechactunksignaljergeaeeaie adilicaed siggakil by t he
functiog. 7. TheouByheouefidehrdighd MhsrRisPohdto B8 fiftéred Refdls bbAlate
a modified signal; and
10 determining the waveform quality measurement in accordance with the

modified ideal signal and the filtered signal.

2. The method of claim 1 wherein the providing a
2 plurality of offsets comprises providing a frequency offset, a time offset, and a

phase offset.

3. The method of claim 1 wherein the compensating the

2 actual signal with the plurality of offsets comprises compensating in accordance

with the following equation:
4 y(t) = x(t—2 o049

where:
6 Y®) is the compensated actual signal; _
*() is the actual signal; |
8 t is time;
j is an imaginary unit;

10 A®@ is the frequency offset;

A

%o is the time offset; and

A

12 % is the phase offset.

4. The method of claim 1 wherein the filtering comprises
2 assigning the compensated actual signal a value that is zero in intervals to be
filtered and non-zero elsewhere.



2 conprises defining a function with a value that is non-zero over a
elenmentary unit of the actual signal. 8. The nmethod of claim1 wherein the
"nodifying the ideal 2 signal conprises generating the nodified i dbyUNs108na
to have a value that is zero in intervals where the filtered signal has a
val ue of zero and non-zero 4 elsemhere 9. The method of claim1l wherein
the nodifying the ideal 2 signal rlses assigning the ideal signal a
value that is zero in intervals r 8the filtered signal has a val ue of
zero and non-zero el sewhere. 10. The nmet hod of claim9 wherein the assigning
the ideal 2 signal a value conprises: defining a function with a val ue that
is zero i3 interval s wher eThbenetholli doft daed 4siviradinhds fﬂtetﬁ{ma)mgrg@go and

non-zer o el.sewher and nul t.he conp nsa act ual nal t he
funct i assj}gnl%éﬁﬁecmer@ﬁge&f&\t’h‘}ag %’%ﬁﬂe?n Meﬁsn’?‘%‘ ﬁaro[ %é[ e zar%avef orm
qual i ty ctementaeguaitiafthatctgl sighil.st overal | rmdul ation accuracy. 12. The
nmet hod of claim 11 wherein the calculating a first 2 nodul ation accuracy
conprises calculating in accordance with the following equation: 0 9 JUN
2005 V\0602/ 49221 PCT/ UsO1Thg 7mettial of wlaimf 4 Zvh«Rin kkhé assighikglthdPuver un- 1
=E IRl %%ga%né%tédza%td‘al &gnallvaﬂue%gﬁlglsés k=1 where: 6 is the first overall -

C e

nodul atl on curac desj gnating an elenentary unit of

signals; 8 N |d§f1a1'sgmﬁm¢ftﬂnwﬂ?qw@ié§|tbh@ﬁmgowmﬁﬁ@ﬁs rbaclliseredtanidy units;

k is ap |n@g%rg%gegn@trérggl@ sanple in the elenmentary unit; 10 Mis a
surrmatlon I|mt desi

a nunb r of .sa s in.the el enentary unit; 12
Zj, k = z[Mj - TY‘ kﬁtc TPLRHE |aﬁt‘%eﬂélﬁr}%¥%¥ltbﬁé%§ﬂ}‘ unit of the

Fil tered Si gnal and

7. The method of claim 6 wherein the defining a function
2 comprises defining a function with a value that is non-zero over a elementary
unit of the actual signal.

8. The method of claim 1 wherein the modifying the ideal
2 signal comprises generating the modified ideal signal to have a value that is

zero in intervals where the filtered signal has a value of zero and non-zero
4 elsewhere.

9. The method of claim 1 wherein the modifying the ideal
2 signal comprises assigning the ideal signal a value that is zero in intervals
where the filtered signal has a value of zero and non-zero elsewhere.

10. The method of claim 9 wherein the assigning the ideal
2 signal a value comprises:
defining a function with a value that is zero in intervals where the
4 filtered signal has a value of zero and non-zero elsewhere; and
multiplying the compensated actual signal by the function.

11. The method of claimm 5 wherein the determining the
2 waveform quality comprises calculating a first overall modulation accuracy.

12. The method of claim 11 wherein the calculating a first
modulation accuracy comprises calculating in accordance with the following

[p]

equation:



14 R,k =r[Mj-1)+k] is a kth sanple in the jth elementary unit of the
i deal. signal. 13. The nethod of claim 11 further conprising cal cul @9 peN AN
2 second weanrabi2zinodul ati on accuracy. 14. The net hod of clpaimoshds4yherein the
calculating a 2 second nodul ati on accuracy conprises calculating in ,
accordance with the follow ng equation: 2 N MMl N EZJ. kR r-1 k:MH 4 2
Paver~n.2 N MfrM+tl MM tI 2 | IRI.klg L EI1Z.kl2/_ 1 k=Mt j | k=K1 2
2 where: 6 0.ve,.11-2 is thg,gecond podul ation accuracy; | is an index
desi gnating an el enentary pg t ﬂg als 8 Nis a summation limt
designating a nunber of ele Z; VU k is an index designating a
sanpl e in the ePecmnt‘a{ i [ {W‘M S a Fummti on limt designating a

t

nunber of sanples in 0 9 JUN 2005 WD 02/49221

PCT/ USO 147758 20 12 [ZzZKo= (J -1) + k] is a kth sanple in

the jth elementary unit of the f||tered signal; and 14 RI k = r[(M+ M+ 1)
(] -1) +uwhkkrd:s a kth sarrple inthe jtj, elerrentary unit of the ideal

si gnal . 615 Theg;séhog tﬁ ]Eétgcj‘}a@rél% {Féﬁﬁbﬁ Q&qué}fér mning the 2 waveform

qual ity corrprls Al 84 Ion accuracy for a tinme division
channel . 16. Th]asmiﬁtlhddxdémghaimghﬁe\lrdmﬂ&hfytlhﬁcifaignaﬂsat| ng a 2 nodul ation

accuracy for a ;18 Qi¥i8hoR R WSS ARR A R ERLEALCHEALhAGy hits;
k is an index designating a sample in the elementary unit;
10 M is a summation limit designating a number of samples in the
elementary unit;
12 Z;x = z[M(j-1)+k] is a ky, sample in the ji, elementary unit of the filtered
signal; and
14 Rjx = r[M(-1)+k] is a ky, sample in the ji, elementary unit of the ideal

signal.

13. The method of claim 11 further comprising calculating a
2 second overall modulation accuracy.

14. The method of claim 13 wherein the calculating a
2 second modulation accuracy comprises calculating in accordance with the
following equation: '

N e
N Z sz,kRj,k
FeMy
4 overall-2 — -
Poveraii2 M+Mag M+¥+1
> 2 Rl 2 2. IZJJ
= K=ontl
2 2
where:
6 Poveraii— 15 the second modulation accuracy;
jis an index designating an elementary unit of signals;
8 N is a summation limit designating a number of elementary units;
k is an index designating a sample in the elementary unit;
10 M is a summation limit designating a number of samples in the

elementary unit;



accordance with the following equation:. NM2 r N ~ Z,,R .k 4 P1DMChannel
ly, EIRJ. kK I1Z I EIZJ.k IZ =1 k=1j=1 k~l where: | J | 6 ProM cmn][)nlgggg;s
‘'t he nodul ation accuracy for the tinme division channel TDM chnnnel; 8 |

an i ndexWéeRrigreati ng an el enentary unit of signals; Nis RCEUSHIETT58N I|mt
desi gnating a nunber of elementary units; .10 k is an index designating a
sample in the elementary unit; Mis a summation |limt designating, a Aumber
of sanples in the 12 elenentary unit;2®j,k = z[Mj-1)+k] is a kth sanple in
the jth elementary unit of the filtered 14 signal; and R,k = r[M]j-1)+k]

i of | oand Rk = r[Mj- 1)
ot hod of el ai o SIGTet TG ot er e it At R IOE BB i et R bnie T

measur enengthcﬁﬂg es, c3a | cul at i ng code domai n power coefficients. 0 9 JUN
2005 21 ? tsh%‘ba 0"1‘n laim 17 wherein the calculating code 2 domain

cquat .%ﬁef 2 N &ﬁeﬂ%{- TR WL 4 DR e g ey R 17

, ﬁaﬁﬁe%r —1 k 12 j=I k=1 111 k I' where: 6 PTDMclnnrzel,t is
the code 88 o8P i ent for a tinme division channel TDM channel and a
code channel i;

15. The method of claim 4 wherein the determining the
2 waveform quality comprises calculating a modulation accuracy for a time
division channel.

16. The method of claim 15 wherein the calculating a
2 modulation accuracy for a time division channel comprises calculating in
accordance with the following equation:

N | M .
N Z ZZJ.kRj.k
4 — =1 |k=t1
p TDM_channel N M ) N M )
PN IARSIWI N
j=1 k=1 j=1 k=l
where:
6 Orom_chamer 15 the modulation accuracy for the time division channel
TDM_channel;
8 jis an index designating an elementary unit of signals;

N is a summation limit designating a number of elementary units;
10 k is an index designating a sample in the elementary unit;

M is a summation limit designating .a number of samples in the
12 elementary unit; |

Z; x = z[M(j-1)+K] is a kg; sample in the jy, elementary unit of the filtered
14 signal; and

Rjx = r[M(-1)+k] is a ki, sample in the jg, elementary unit of the ideal
16  signal.

17. The method of claim 4 wherein the determining the
2 waveform quality measurement comprises calculating code domain power
coefficients.



8 W is a first code channel for the tinme division channel TDM channel;
,t,r.is a last code channel for tinme division channel TDM channel; %0 Mﬂf
‘an i ndex designating an elenentary unit of signals; Nis a surmati% Jy
designating a nunber of elenmentary units; 12 k is an index designating a
sanple in the elenentary unit; Mis a summation limt designating a nunber
of sanples in the 14 elenmentary unit;»1ZJ k = z[M(j -1) + k] is a kth
sanple in the jth elenentary unit of the 16 filtered signal; and R R, [M
(jh -1) + 18 ihS adktlh sanpl lﬁ’lie?_gtehl?dltdﬁ cﬁiﬁﬁﬂﬁt?h)ér%iﬂitheoc_falc‘_hﬂ@tiﬂxg c@)ﬁe;h code
channel, of the ideal si - . An _apparat ys,.for.determning a eform
qual 9 it e oo ien o rrg bR R e AP RS b b e

pl ural i t yfolbwah¢ sqtistiafi: paraneters of 4 an actual signal with respect to an
i deal signal; a second neans configured to conpensate the actual signal with

the 6 plurality of offsets t rat.e|a conpensated actual signal; a third
means configured to filter Jtvﬁ. 10 efisated actual signal to 8 generate a

filtered signapy,,a. fous 5€ oimndi fywthe ideal signal to

correspond to 10 the f{%i@g jr: | erate a nodified signal; and a
fifth means configured {g~delerim formaquality 12 neasurenent in
accordance with the nodi‘fi &d ide rgnal and the filtered signal. 0 9 JUN

2005 22 20. The apparatus of claim 19 wherein the first neans, the 2
second mednsi®the third nmeans, the fourth nmeans, and the fifth means

conprise a tegt equipmn +0forCl M 19 wher si e first
means §2 provi d@“a""’b’f’ﬂ?glnt?ﬁtey&%c“e §§§§a21?§6%§i el n%)rco?fni gurg%{&?oa%%e?de a
f r equencylr'iod sketrnel and aredefchashel ;and a phase offset. 22. The apparatus of

1 §9WHer 544 e SRR TRAS: B FARETORNL T it i gl w1 (e
equation: 4 y@Yy s atastgpdeicheonekdoatimeviisrisgion channel TDM_channel;
10 jis an index designating an elementary unit of signals;
N is a summation limit designating a number of elementary units;
12 kis an index designating a sample in the elementary unit;
M is a summation limit designating a number of samples in the
14  elementary unit;
Z,,=ZdM(j-D+k] is a kth sample in the jth elementary unit of the

16 filtered signal; and
R, =R,[M(j—-1)+k] is a kth sample in the jth elementary unit of the i-

Lk

18 th code channel of the ideal signal.

19. ' An apparatus for determining a waveform quality
2 measurement, comprising:
a first means configured to provide a plurality of offsets of parameters of
4 an actual signal with respect to an ideal signal; ’
a second means configured to compensate the actual signal with the
6 plurality of offsets to generate a compensated actual signal;
a third means configured to filter the compensated actual signal to
8 generate a filtered signal;
a fourth means configured to modify the ideal signal to correspond to
10  the filtered signal to generate a modified signal; and
a fifth means configured to determine the waveform quality
12 measurement in accordance with the modified ideal signal and the filtered
signal.




6 y(t) is the conpensated actual signal; z(r) is the actual signal; 8t is
time;» ] is an imaginary unit; A 10 (r)cv is the frequency offset; QZ)QJW
the tine offset; and n 12 00 is the phase offset. 23. The apparatus gﬂ%n
19 wherein the third nmeans filter 2 by being configured to assign the
conpensat ed actual signal value that is zero in intervals to be filtered
and non-zero el sewhere. 24. The apparatus of claim 23 wherein the third
means filter 2 by being configured to &sign the conpensated actual signal
value that is non-zero over a elementary unit of the actual signal. 25. The
appar atus & cl ai m 23 wher eilhe tppatatmsapisclaisilgrvherain éhe dwplemeansdhact ual

signal a V:?écHﬁdthe%?ﬁi, e %ﬁﬂé h%%%f’thfe%gﬂﬁfzhﬁ&s? ahHNGE I WehAs BoM@ride T hat
S e I

is zero inintervals' to Iltered an 4 non-zero el sewhere; and nmultiply
t he conperdsisbad@PAN- signal by the function. 0 9 JUN 2005 23 26. The
apparatus of claim25 wherein the third neans 2 define a function by being
configured . to define a funct&ﬁilon with a v?l e .t he ig non-zer.o over an

el enentary*lunit of the actudiesPRRATAID P émag%)a‘f” £17dn ofhec fisgt e Gher ei n
the fourt hprwadisa p2umidy by offdetsiebdingicgnfibutnd heprgideafirajueady oefsggner at e
t he rmdifieg i d si gha toggave a value that is zero in intervals where
the filter® Hheicgﬁsgf’ah 2 Rhase QpSle of zero and non-zero el sewhere. 28. The
apparatus of claim 19 wherein the fourth neans 2 nodify the ideal signal by
bei ng conf4gured to assign i i . ! oL i ro.d

interval s %ere the filter egﬁ]lgi %&?%%sggéﬂ\?gﬁug@o zr‘é%{c:aj_gen écr?é(réli- &Af}agtsero

el sewhe? e.copgperbhate heparaalsigedl withithe pRiralibeekoffsathiay being ¢prvigansd t2 assi gn
the ideal &i,0nak e MAMEINRYeqRIHIG: configured to: define a function with a
value that is zero in intérvals where the filtered 4 signal has a value of

zero ang non- zq(@)zek&eyﬂggd,m-&ﬁ&l

where:
6 Y is the compensated actual signal;
(1) is the actual signal;
8 tis time;
jis an imaginary unit;
10 A® ig the frequency offset;
%o is the time oifset; and
12 % is the phase offset.
23. The apparatus of claim 19 wherein the third means filter

2 by being configured to assign the compensated actual signal value that is zero in intervals to
be filtered and non-zero elsewhere.

24, The apparatus of claim 23 wherein the third means filter

N

by being configured to assign the compensated actual signal value that is non-zero over a
elementary unit of the actual signal.

25. The apparatus of claim 23 wherein third means assign

N

the compensated actual signal a value by being configured to:

define a function with a value that is zero in intervals to be filtered and
4 non-zero elsewhere; and
multiply the compensated actual signal by the function.



mul tiply the conpensated actual signal by the function. 30. The apparatus of
claim24 wherein the fifth neans 2 determ ne the waveformquality Ey H%Ug}g
configured to calculate a first overall nodulation accuracy. 31. Q’ elU
apparatus of claim 30 wherein the fifth nmeans 2 calculate a first

nodul ati on accuracy by being configured to evaluate the follow ng equation:
NN - N'" EZ.kR .k 4 = ;=1 k=i P ovegau-1 ~-+ ~Z IR7.kl2~ tL~Llz kI2 f |
-i k=l J I j=1 k=1 where: 6 Poverau-1 is the first overall nobdul ation
accuracy; 26 an index desi giaki m%atatmﬂ efreridian Y2 Sunviterein shgrthirsl, n@aNsi s a

summat { on K o RERhANT] i DRSO L ATRIL L HA) Lo oo ATi00ex

desi gnafing a sa
PCT/ USOL/ 4ibs8r@4verbd eﬂﬂm@tﬁywﬁﬂﬁthecﬂ@wai sigraldesi gnati ng a number of sanpl es
inthe elenentary unit; 12 Zj,k = z[Mj-1)+k] is a kth sanple in the jth

elementary unit of the filtered signal; and 14 R le(t] %Jk] is a kth
sanple in%he jth el enentar yhamppastitushef icliéa 19§Nbﬁ1‘a3|m the fomrd mpBPat Us of

claim 39 WasafY kHeNRiehl fsfrgm TEANDeRlg coﬁﬁ%}l&roﬁhﬁf gRABIAG e dnbaified] CdUAL e a

second overal |.” modul ati o cur.ac he appAr at cl ai.m 3 wher ein
Che fifth S0 Baved valug 813 ig 6‘?1&“ REEY e BT r‘gi’f?r egysigagl
confi gua;edfeﬂ@e evadroairel ﬁ@ezef@élb@omhe;@ equation: z N MM+l N EZj, kR] k=1

k=Mt 4 =
28. The apparatus of claim 19 wherein the fourth means
2 modify the ideal signal by being configured to assign the ideal signal a value
that is zero in intervals where the filtered signal has a value of zero and non-
4  zero elsewhere.

29. The apparatus of claim 28 wherein the fourth means
2 assign the ideal signal a value by being configured to:
define a function with a value that is zero in intervals where the filtered
4 signal has a value of zero and non-zero elsewhere; and
muliiply the compensated actual signal by the function.

30. | The apparatus of claim 24 wherein the fifth means
2 determine the waveform quality by being configured to calculate a first overall
modulation accuracy.

31. The apparatus of claim 30 wherein the fifth means
2 calculate a first modulation accuracy by being configured to evaluate the
following equation:

N- ?1 j\szkRJk
PP
4 Poveran1 = N M N M )
b33 SHERPIY M
j=l k=l j=1 k=1
where:
6 Loerar 18 the first overall modulation accuracy;

jis an index designating an elementary unit of signals;
8 N is a summation limit designating a number of elementary units;
k is an index designating a sample in the elementary unit;



i Poverall-2 M((i M ~M 1IR'k I'" - 1M jjzZ11.1J j=1 k=Ml j=1 k=Mm+1l 2 2
where: 6 is the second nodul ation accuracy; j is an index designati Iﬂﬁgr@

el ement ar un|t of signals; 8 Nis a summation limt desi natln er “of
el enent ar%’ k is an index designating a sanple in t gr‘r@ﬁ’f ary
unit; 10 |V|IS a surrmatlon limt designating a nunber of sarrples in the,

el enmentary unit; 12 Zj :Z[(M+2+2§L' (j -1) + k] is a kth sarrpleln
the jth elerrentary unit of the filter signal; and 14 R k =r[(M+ M+ 1)

+ k] is,a kth sanple i e .ith elenentar unlt he.id al
si gnal QO\M The a?aﬁfggg?hoa g}rﬂ*}% éli‘%%?téﬁ‘m ?h%u’%lr\ Ft hOfm§ eSZ RBet®r mi ne
the wavef orelarmr&h umlby being configured to calculate a m)dul ation accuracy
for a tyyre divi Kli 05 + 3 & 3k Hs g aim 34
wher ei n the fift ns f%éa?c%ﬂéte é }%i |%%m-aggc acy ?or a ?rr%g
di vi si on ch@mﬂblandy being configured to evaluate the follow ng equation: 2
N ZIYM ) kR - kR A= (1i-1 FOGNS GPRANGInge h iHell *ee et kil 2 nlifedt). K I n
where: | 6 PTDnr” rhnnlr(l/g{ j|:3rs t he n%‘du ion accmlf'racy or@t] he time division :
channel TBEBhnnel ; 8 j is an index deS| ghating an eI enentary unit of
signals; Nis a surrmati on limt designating a nunber of elenentary snits;

10 k is an,,ndex designatin asa in the e tary.un Mis a
summat i on I3:2mt desi gnati ng ngrraﬁbsf gﬁﬁﬁeﬁg‘ﬁ‘ Wéﬁ‘éﬂ%ﬁaﬂrﬁ unit;

2 further configured to calculate a second overall modulatlon accuracy.

33. The apparatus of claim 32 wherein the fifth means

o]

calculate a second modulation accuracy by being configured to evaluate the

following equation:

M
N [MEH

N Z sz'kR;k

My
2

4 p overall-2 =
e et

> 3 Rl Y 3 Izl

77l =2 k=—+1
2 2

where: :
6 Poveran—> 18 the second modulation accuracy;

j is an index designating an elementary unit of signals;
8 N is a summation limit designating a number of elementary units;
kis an index designating a sample in the elementary unit;
10 M is a summation limit designating. a number of samples in the

elementary unit;

12 Z,, =AM +~A§—+1) -(j—=D+£k] is a kg, sample in the jg, elementary unit
of the filtered signal; and

14 R, =rl(M +§—24—+1)-( j—D+k] is a ky, sample in the jg, elementary unit

of the ideal signal.
34. The apparatus of claim 23 wherein the fifth means

2 determine the waveform quality by being configured to calculate a modulation

accuracy for a time division channel.



Zj,k = z(Mj-1)+k] is a kth sanple in the jth elementary unit of the
filtered 14 signal; and R,k = r(Mj-1)+k] is a kth sanple in thenﬂ%gUNZU%
el enentary unit of the ideal 16 signal. 36. The apparatus of cl ai
wherein the fifth means 2 determ ne the waveform quality neasurenent by
bei ng configured to cal culate code domain power coefficients. 37. The
apparatus of claim 36 wherein the fifthsmeans 2 cal cul ate code donmi n’power
coefficients by being configured to evaluate the follow ng equation: N M
~L) zl. kRiﬂS k j=I k=i t W Thedapdihchatndhion 34N whétedy) tldlelﬁffhlmkahslz
~ CIR4 I ode
dOI’TB.I n coe]Fl tﬁu(f:al% %lﬁtrﬁ?ggﬁnbp ]acléuéaé\%@IE §r¥1 r%:l %ﬁ%og%ﬁgﬁkgﬁﬁé 84 flgﬁg%cg
channel i ;to@valuaisthe Pllpwingedeathannel for the time division channel
TDM channel ; 0 9 JUN 2005 26 |s a | ast code channel for tine division
channel TDIVI channel ; 10 j is <4 % designating an elenentary unit of
signals; Nis a sumratl on | m e Jrkg)ri |ng a nunber of elenentary units;
12 k i & an i NdeX%ndaskona ' he el enmentary unit; Mis a
summtlon limt designatt 61 ples in the 14 elenmentary Ludt;
t
filtered signal; and R /1 ,K =

Zj k =z[M(] -1) + K] e jth elementary unit of the 16
; 1) + k] is a kth sanple in the
jth el emeqpary. unit of the i- 18 th code channel of the ideal signal. 38. An
appar aiis TOr det er M i 10:5e SnSMHELRRAANEM} Yor 2nIoASY" TRN0, SOTRL{ STng: @
TDM_channel;

8 jis an index designating an elementary unit of signals;

N is a summation limit designating a number of elementary units;
10 kis an index designating a sample in the elementary unit;

M is a summation limit designating a number of samples in the
12 elementary unit;

Z; . = z[M(j-1)+K] is a ky, sample in the jy, elementary unit of the filtered
14 signal; and

Rjx = r[M{j-1)+K] is a ky, sample in the jy, elementary unit of the ideal

16  signal.

36. The apparatus of claim 23 wherein the fifth means
2 determine the waveform quality measurement by being configured to calculate
code domain power coefficients.

37. The apparatus of claim 36 wherein the fifth means
2 calculate code domain power ceefficients by being configured to evaluate the
following equation:

1~

N iM "
N Z, RO
_ =L k=1 _

4 Prom_channeli = T . % "y R 1=Wee, W,

ZZIRLJ'.R ’ @Z}Zﬂ’

j=L k=1 j=t k=1

where:

6 POross_chamer; 15 the code domain coefficient for a time division channel

TDM_channel and a code channel i;
8 . Wiis a first code channe] for the time division channel TDM_channel;



4 a storage nmedium coupled to the processor and containing a set of
instructions executable by the processor to: 6 provide a plurality of
*offsets of paraneters of an actual signal with respect to an iddbd JéN §bal ;
8 conpensate the actual signal with the plurality of offsets to generate a
conpensated actual signal; 10 filter the conpensated actual signal to
generate a filtered signal; nodify the ideal signal to correspond to the
filtered signal to generate a 12 nodiéi ed signal; and determine the

wavef orm qual ity neasurenent in accordance with the 14 npdified ideal

signal and the™¥ iif pdzstgodp ghanneldor timediyppan shemnef Va8l wher ei n t he

Itor Oceﬁﬁp(rj 2 Ij)isoé&lﬂﬁf’exdida% aaitrtgta/n t@I_ferrf&Lftf BniPYf & alst;lhng th]gefl ntstrzgtl ?RS

o provide a _frequency offset, . a.tine offset, and, a phase offset. : e
appar at us of gﬁ’eﬁW@@n{?ﬁ’é?rbflﬁ“tt@?l%?%g&%BPmﬁ’frégrﬂféﬂg%tﬁ@é“%‘%% actual signal
wi th 1Zhe pl ur &lik by indleotibsighatiby agwaglé imghd dementatrugt;i ons to: 4
y(t)=x(t-i10)e,> r+ea] where: Ig%%étc? is‘%.he conpe sateg actr#gl signal; x(t)
is the actual h@i’ﬁn&l ,m@“@a’%‘@?\l corglne; @ { e} L SRE s(gilﬁa Ludt; 10
00 i sl4t heldmegeasnoyitof fset; r, is the tine offset; and n 12 00 is the phase

offset. 41. The apgayaiup-of] o ai Bh3ShMPRY Bl Bhé he, PIReaRssf uhid s 2 by
executing the i'istructions to assign the conpensated actual signal a val ue
t hat liés fidleved sighabendal s to be filtered and non-zero el sewhere. 42. The

appar atus of qfai 8 #lmher Bi+k | e RhoRessietin the jrdemanhyy execoftthag t he
instructions to"assign the conpensated actual signal a value that is

non- Zér o thhoede dinralebpbthaidealisicnabf the actual signal. 43. The apparatus of
claim41l wherein processor assigns the 2 conpensated actual signal a val ue

by executing the instructions to: o )
38. n apparatus for determining.a waveform quality

2 measurement, comprising:
a processor; and
4 a storage medium coupled to the processor and containing a set of
instructions executable by the processor to:
6 provide a plurality of offsets of parameters of an actual signal with \
respect to an ideal signal; |
8 compensate the actual signal with the plurality of offsets to generate a
compensated actual signal;
10 filter the compensated actual signal to generate a filtered signal;
modify the ideal signal to correspond to the filtered signal to generate a
12 modified signal; and
determine the waveform quality measurement in accordance with the
14 modified ideal signal and the filtered signal.

39. The apparatus of claim 38 wherein the processor
2 provides a plurality of offsets by execufing the instructions to provide a
frequency offset, a time offset, and a phase offset.

40. The apparatus of claim 38 wherein the processor
2 compensates the actual signal with the plurality of offsets by executing the
instructions to:

4 y(t) = x(t— 7)o 0]

where:
6 () is the compensated actual signal;

() is the actual signal;



define a function with a value that is zero in intervals to be filtered and
4 non-zero el sewhere; and nultiply the conpensated actual signal by the
‘function. 44. The apparatus of claim43 wherein the processor defjhgin 208 a
function by executing the instructions to define a function with a val ue
that is non-zero over an elenentary unit of the actual signal. 45. The
apparatus of claim 38 wherein the procgssor 2 nodifies the ideal sigmral by
executing the instructions to generate the nodified ideal signal to have a
val ue ghat is wetigng;n i ntervals where the filtered signal has 4 a value of
zero and non-zerg eligg_ﬁhﬁgfe. €16 The apparatus of claim 38 wherein the
processor 2 noguft 885 iFde4l s gnal by executing the instructions to
assi gE t he ideglg, siﬂn?l a val He that is zero in intervals where the
filterBd signal hRd e PGB HP58Y 0 and 4 non-zero el sewhere. 47. The
appar at us of c{.“ai_m46' wherein the processor assigns 2 the ideal signal a
val ue by execut’ iigheliene pefsetuarflons to: 09 JUN 2005 WO 02/ 49221
PCT/ USOL/ 4775828 define a function with a value that is zero in intervals
whereizhe fil t@r gdhedhab@oibetnas a val ue of zero and non-zero el sewhere; and
mul tiply the conpensated actual signal by the function. 48. The apparatus of
claim42 wherein the processor 2 determ nes the waveformquality by
execut i ngtlt he instructi onsThe applacaiuated clainf 88 sthareier did prowdssoatfiliens
accuragy.;..4 e : [ I : cul ates
i o e K B e e A B SRALo 3eE R o e
f ol | owi nghatjisserin ingervrly fo g Zieredpnd Bon-zpeaelgevhexsreran-i {11 N 11y {I(
I} ITLr~IR,k 123" JIZi .k j=1 k=1 =1 k~l where: | | /) 6 POVeo"-, is the
st Ogvgzg'ngl rodul At on g B hkaths of clatm 41 hetein fhe procdssor lters o Y
2 by executing the instructions to assign the compensated actual signal a value

that is non-zero over an elementary unit of the actual signal.

43. The apparatus of claim 41 wherein processor assigns the
2 compensated actual signal a value by executing the instructions to:
define a function with a value that is zero in intervals to be filtered and
4 non-zero elsewhere; and
multiply the compensated actual signal by the function.

44. The apparatus of claim 43 wherein the processor defines

2

a function by executing the instructions to define a function with a value that is

non-zero over an élementary unit of the actual signal.

45. The apparatus of claim 38 wherein the processor
2 modifies the ideal signal by executing the instructions to generate the modified

ideal signal to have a value that is zero in intervals where the filtered signal has
4  avalue of zero and non-zero elsewhere.

46. The apparatus of claim 38 wherein the processor
2 modifies the ideal signal by executing the instructions to assign the ideal signal
a value that is zero in intervals where the filtered signal has a value of zero and

4 non-zero elsewhere.

47. The apparatus of claim 46 wherein the processor assigns
2 theideal signal a value by executing the instructions to:



8 Nis a summation limt designating a nunber of elenentary units; k is an.
i ndex designating a sanple in the elenentary unit; 10 Mis a SUMtﬁﬁ)qUhith
‘desi gnating a nunber of sanples in the elenentary unit; 12 Zj,k =
z[ Mj - 1) WO 02/48224 kth sanple in the jth elementary unit ofPGIAESHMHIIBred
signal; and 14 R,k = r[Mj-1)+k] is a kth sanple in the jth elenmentary unit
of the ideal signal. 50. The apparatus of claim48 wherein the procesgsor is
2 further configured to execute the inStructions to calculate a second
overall nodul ation accuracy.. 51. The apparatus of clai m50 er.ein the
processor 2 CZIFE‘H? 4t BQC%O%%;PBIHBV %%til%ﬁe%%wag?w&é% § ‘E\Gerteﬂe
i n’s'; ruclt}ergs\alhas @vallm&ifezetchenﬂ@iohewioglsﬁméz;md 0 9 JUN 2005 V\iDI 02/ 4?221
PCT/ US01/ 47738 _29,. VEMEL N-E, EZJ. . 71 k=Mrl 4 = 2 Povern 2 ~)N
MEMEL N M y-2ﬂ@ﬂpﬁy ﬁeﬁ?ﬁ’e’}?afe%z?%‘;] 5“@?”%2’5&%]“%?0?':%1 2 2 where: 6
POve, a,| _, is the second nodul ation accuracy; j is an index designating an
el enent aryqunit of signals, | u I l,hm i t] unt er of
el enent ar %auni ts; Kk is an leﬁéde’\égéé%ugngf?%éﬂg égmheeqlgﬁ{ %ﬁg gp(gcﬁgsr??ary
uni t; 20 Nefemineyutheawiagafarmpriqualitss byrrxerndng therbeiruetiorsipicalsulate ahe
el enent ar ¥irgitiverall aoBuldtion Zdduvhdy.M + 1) - (j -1) + k] is a kth sanple in
the j th elenentary unit of thefiltered signal; and 14 Rk = 1-[(M+ M2 +
1) (j -1) + k] is a kth sanple in the jth elenentary unit '
49. The apparatus of claim 48 wherein the processor

2 calculates a first modulation accuracy by executing the instructions to evaluate
the following equation:

2

N I M .
NZ sz,kRj,k
4 poverall-l = N M = :—l N M R
S8Rl HE
j=1 k=1 J=L k=1
where:
6 Poveran—s 15 the first overall modulation accuracy;

jis an index designating an elementary unit of signals;

8 N is a summation limit designating a number of elementary units;
kis an index designating a sample in the elementary unit;
10 M is a summation limit designating a number of samples in the
elementary unit;
12 Z; . = z[M(j-1)+k] is a ky, sample in the ji, elementary unit of the filtered
signal; and
14 Rjx = rfM(-1)+k] is a ky, sample in the jy, elementary unit of the ideal
signal. |
50. The apparatus of claim 48 wherein the processor is
2 further configured to execute the instructions to calculate a second overall
modulation accuracy.
51. The apparatus of claim 50 wherein the processor

2 calculates a second modulation accuracy by executing the instructions to
evaluate the following equation:



of the ideal signal. 52. The apparatus of claim 41l wherein the processor 2
determ nes the waveformquality by executing the instructions to caf§uyRyRsa
"'nodul at iwo oagexracy for a time division channel. 53. Thepeppgiginss of claim
52 wherein the processor 2 calculates a nodul ation accuracy for a tine

di vi si on channel by executing the instructions to evaluate the follow ng
equation: NMN ZIIZl,kR).k 4 1=t k=199PTDM chanmel ~) 11 , ~M EIRJ, k{2 r-|
G1Z2).k 12 where: | J | 6 ~TDM channel is the nodul ati on accuracy for the
time division channel TDM chgppel:; 8 |* is an index designating an

el enentary unit of signals; aﬁ E}ja tion limt designating a nunber of
el enentary units; 10 k i Y éxie ignating a sanple in the elenentary
unit; 0 9 JUN 2005 30 Mis & sa;‘t}matlo limt designating a nunber of

sanpl e4 in thepPodi: &l — Mj-1)+k] is a kth sanple in
the jth elenentary u |ﬁ”6‘f7”’the i 145 signal; and R,k = r[Mj-1)+k]
|sakthsarrple|nte [&Q g ftheldeal 16 signal. 54. The
apparatus of claim4 M/(}E[Eﬁ!l n the pr,gﬁelssor 2 determ nes the waveform

qual ity neasurenment by exécutin he nstruetions to calculate code domain
power coefficients. 55. The apparatus of claim54 wherein the processor 2
cal cul at e¥€bde domain power coeffl cients by executing the instructions to
eval uafe: N M Nozb- I}RIT]WSGF@OM RewlatiopEgrEdsay nel ,i f N gM ~ N Mzj,k j=1

D T ot Al g™ cot 16 on T o

N is a summation limit designating a number of elementary units;

kis an index designating a sample in the elementary unit;

10 M is a summation limit designating a number of samples in the
elementary unit;

12 Z,, =AM +—A9£+1) -(j=1D+k] is a kg, sample in the ju elementary unit
of the filtered signal; ;nd

14 R, =rl(M +%+l) (J-D+k] kis a ki sample in the ji, elementary unit
of the ideal signal.
52. The apparatus of claim 41 wherein the processor

2 determines the waveform quality by executing the instructions to calculate a
modulation accuracy for a time division channel. '

53. The apparatus of claim 52 wherein the processor
2 calculates a modulation accuracy for a time division channel by executing the
instructions to evaluate the foliowing equation:

"

N

N-Y
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T B R} ]

=] k=l j=l k=l
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k=l

where:

6 Prom_aame 18 the modulation accuracy for the time division channel
TDM_channel;

8 j is an index designating an elementary unit of signals;

N is a summation limit designating a number of elementary units;
10 kis an index designating a sample in the elementary unit;



8 w is a first code channel for the tinme division channel TDM channel; w'
is a.last code channel for tinme division channel TD11M _channel; ﬁ(ﬂ JMNi ﬁ[] an
i ndex designating an elenentary unit of signals; Nis a sunmationVi t2 b

designating a nunber of elenentary units;
sanple in the elenentary unit;

12

14

16

N

18

imit designating a number of samples in the
elementary unit;

Zix = z[M(j-1)+k] is a ky, sample in the jy, elementary unit of the filtered
signal; and

Rjx = r[M(j-1)+k] is a kg sample in the ju, elementary unit of the ideal

signal.

54. : The apparatus of claim 41 wherein the processor
determines the waveform quality measurement by executing the instructions to
calculate code domain power coefficients.

55. The apparatus of claim 54 wherein the processor
calculates code domain power coefficients by executing the instructions to
evaluate:
N | M 2
N'Z ZZM.R}:-,k
P oM _channeli = Ty 1 = kjl N M 3 =W, W,
{ZZIRIH _}'{ZZ'ZMI_}

j=t k=1 j=1 k=i

where: |

Prow _chamer,; 15 the code domain coefficient for a time division channel

TDM_channel and a code channel i;

W1 is a first code channel for the time division channel TDM_channel;

wy is a last code channel for time division channel TDM_channel;

j is an index designating an elementary unit of signals;

N is a summation limit designating a number of elementary units;

k is an index designating a sample in the elementary unit; ‘

M is a summation limit designating a number of samples in the
elementary unit;

Z,, =z[M(j-1)+k] is a kth sample in the jth elementary unit of the
filtered signal; and

R, =R, [M (j-1)+ k] is a kth sample in the jth elementary unit of the i-

th code channel of the ideal signal.

12 k is an index designating a
Mis a sunmation limt designating a nunber
of sanples in the 14 elenentary unit; Zf L =z[M (] -1) + k] is a kth’
sanmple in the jth elenentary unit of t3€ 16 filtered signal; and R Kk
[M(j -1) + k] .is.a kth sanglein thc?jth elementary unit of the i- 18 th
code channel ofMt ffe & GEEIMATIGRa

R,



