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SYSTEM PERFORMANCE 5 BACKGROUND OF THE I NVENTION 1. Field of Invention:
This invention relates to conmunications systenms. Specifically, the 10
present invention relates to systens for predicting the signal to
interference and noise ratio (SINK) of a rekceived signal to facilitate
data rate control in wreless communications systens. |l. Description of
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wireless communications systems.

I1. Description of the Related Art:

Wireless communications systems are used in a variety of demanding
applications including search and rescue and business applications. In
addition, wireless communications systems are increasingly employed to
transfer computer data in office network and Internet applications. Such
applications require efficient and reliable communications systems that can
effectively operate in electrically fading and noisy environments and that can
handle high data transfer rates.

Cellular telecommunications systems are characterized by a plurality
of mobile stations (e.g. cellular telephones or wireless phones) in
communication with one or more base stations. The communications link
from a base station to a mobile station is the forward link. The
communications link from the mobile station to the base station is the reverse
link.

Signals transmitted by a mobile station are received by a base station
and often relayed to a mobile switching center (MS5C}. The MS5C in turn
routes the signal to a public switched telephone network (PSTN) or to another
mobile station. Similarly, signals are often transmitted from the public

switched telephone network to a mobile station via a base station and a
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comuni cate via the base station. In typical nobile conmunication systens,
information is encoded, nodulated, and trandmitted over a channel and

recei ved, denpdulated and 5 decoded by a receiver. In many nodern
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15 providing error correction coding and decoding of data. Turbo encoders
employ turbo codes, which are serial or parallel concatenations of two or
more constituent codes such as convolutional codes.
Mobile communications systems are typified by the movement of a
receiver relative to a transmitter or vice versa. The communications link
20 between transmitters and receivers in a mobile communications system is a
fading channel. Mobile satellite communications systems, having a
transmitter on a spacecraft and a receiver on a ground based vehicle, cellular
telephone systems and terrestrial microwave systems are examples of fading
communications systems. A fading channel is a channel that is severely
25 degraded. The degradation resuits from numerous effects including
multipath fading, severe attenuation due to the receipt via multiple paths of
reflections of the transmitted signal off objects and structures in the
atmosphere and on the surface, and from interference caused by other users
of the communications system. Other effects contributing to the impairment
30  of the faded channel include Doppler shift due to the movement of the

receiver relative to the transmitter and additive noise.
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of For voice communication, the capacity of a CDMA system is
maximized by having each user transmit only as much data as is necessary.
This is because each user's transmission contributes incrementally to the
interference in a CDMA communication system. A very effective means of

20 reducing each user's burden on capacity without reducing the quality of
service to that user is by means of variable rate transmission. The use of a
variable rate communication channel reduces mutual interference by
eliminating unnecessary transmissions when there is no useful speech to be
transmitted.

25 Due to the characteristics of voice communication, power control is
typically utilized in a CDMA system to guarantee each user a reliable link for
certain fixed data rates. Vocoder can provide variable rate source coding of
speech data, using the technique described in U.S. Patent No. 5,414,796, May
9, 1995, entitled "Variable Rate Vocoder™. Once vocoder generates a sequence

30 of information bits at certain rate, power control will try to adjust the user to
transmit as less power as possible that can reliably support the rate. Power
control, thus by suppressing each user's contribution to the total interference,
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her ei n. Typically, the overall one-way delay of speech frames must be less than
100 msec. In contrast, the data delay can become a variable parameter used to
optimize the efficiency of the data communication system. Specifically, more
efficient error correcting coding techniques that require significantly larger
20 delays than those that can be tolerated by voice services can be utilized. An
exemplary efficient coding scheme for data is disclosed in U.S. Patent
Application Serial No. 08/743,688, entitled "SOFT DECISION OUTPUT
DECODER FOR DECODING CONVOLUTIONALLY ENCODED
CODEWORDS", filed November 6, 1996, assigned to the assignee of the
25 present invention and incorporated by reference herein.

Another significant difference between voice services and data services
is that the former requires a fixed and common grade of service (GOS) for all
users. Typically, for digital systems providing voice services, this translates
into a fixed and equal transmission rate for all users and a maximum tolerable

30 value for the error rates of the speech frames. In contrast, for data services,
the GOS can be different from user to user and can be a parameter optimized

to increase the overall efficiency of the data communication system. The GOS
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As a conclusion of the above characteristics of data communication, a
data communication system designed to optimize the average throughput
will attempt to serve each user from the best serving base station and at the

20  highest data rate R, which the user can reliably support. The above conclusion
is disclosed in U.S. Patent Application Serial No. 08/963,386 entitled "Method
and Apparatus For Higher Rate Packet Data Transmission”, which is assigned
to the assignee of the present invention and incorporated by reference herein.
As a result of the above conclusion, in the modern high-data-rate (HDR)

25  system, base station transmits always at maximum power to only one user at
each time slot and uses rate control to adjust the maximum rate that the user
can reliably receive. As a characteristic of data communication, throughput is
more important to the forward link than reverse link.

A proper rate control algorithm contains 2 loops, inner loop and outer

30 loop. The inner loop controls the forward-link data rate based on the
difference between the average SINR of the next packet and the SINR
thresholds of all the data rates, while the outer loop adjusts the SINR
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The predictor will predict the next packet SINR for all packet lengths.
The mobile will attempt to request the highest rate by comparing the
predictions with the SINR thresholds. For convenience, the prediction of the
next packet SINR for a given packet length will be simply refereed to as

20  prediction.

In the HDR system, the data rate request information is sent to the BS
over the reverse-link data rate control (DRC) channel once every slot. The BS
includes a scheduler that schedules forward link traffic packets in accordance
with a fair and efficient priority algorithm. Once the scheduler decides to

25 serve a mobile, the mobile is served at the rate it requested over the DRC
channel (the actual rate may be lower if the BS does not have enough
information bits)

Upon receipt of the data rate request message, the base station adjusts
the rate of a transmitted signal. The adjustments are performed for the next

30 packet in response to information provided about the channel by a previous

packet. A base station broadcasting at insufficient or excess data rates results
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| NVENTI ON a prev10us packet and the application of the rate control signal to a
15 subsequent packet. There is a further need for a system for adjusting the data
rate of a transmitted signal in accordance with the changing SINR.

SUMMARY OF THE INVENTION

The need in the art is addressed by the system for providing an
20  accurate prediction of a signal-to-interference noise ratio of the present
invention. In the illustrative embodiment, the inventive system is employed
in a wireless communications system and includes a first mechanism for
receiving a signal transmitted across a channel via an external transmitter. A
second mechanism generates a sequence of estimates of signal-to-interference
25 noise ratio based on the received signal. A third mechanism determines a
relationship between elements of the sequence of estimates. A fourth
mechanism employs the relationship to provide a signal-to-interference noise

ratio prediction for a subsequently received signal.
In the illustrative embodiment, the inventive system further includes a
30 mechanism for generating a data rate request message based on the signal-to-
noise ratio prediction. A transmitter transmits the data rate request message

to the external transceiver. The external transceiver includes rate control
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interference noise ratio facilitates generating accurate rate requests.

20 BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a diagram of a wireless communications system transceiver
constructed in accordance with the teachings of the present invention and
employing a signal to interference and noise ratio (SINR) predictor.

Fig. 2 is a more detailed diagram of the SINR predictor of Fig. 1.

25 Fig. 3 is a more detailed diagram of the SINR predictor of Fig. 2.

DESCRIPTION OF THE INVENTION

While the present invention is described herein with reference to
illustrative embodiments for particular applications, it should be understood
30  that the invention is not limited thereto. Those having ordinary skill in the art

and access to the teachings provided herein will recognize additional
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represents a CD[\H!Nfb)bpfeehsﬁoatll_onThkSS}Ste;ﬂal(B répeeenisda DM hobile Geitiei.

system 10 ahg §C6|a segec%}/v%rd gy tlgle trandscelver system 10 are received over a forward
communications link between a base station (not shown) and the system 10.
Signals transmitted by the transceiver system 10 are transmitted over a
reverse communications link from the transceiver system 10 to the associated
base station.

20 For clarity, many details of the transceiver system 10 have been
omitted, such as clocking circuitry, microphones, speakers, and so on. Those
skilled in the art can easily implement the additional circuitry without undue
experimentation. |

The transceiver system 10 is a dual conversion telecommunications

25 transceiver and includes an antenna 14 connected to a duplexer 16. The
duplexer 16 is connected to a receive path that includes, from left to right, a
receive amplifier 18, a radio frequency (RF) to intermediate frequency (IF)
mixer 20, a receive bandpass filter 22, a receive automatic gain control circuit
{AGCQC) 24, and an JF-to-baseband circuit 26. The IF-to-baseband circuit 26 is

30 connected to a baseband computer 28 at a despreading/decovering circuit 64

in a baseband computer 28.
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15 decoder 48 is connected to an input of a controller 50 that is also connected to
the rate request generation circuit 44 and to an input of the encoder 40.

The antenna 14 receives and transmits RF signals. A duplexer 16,
connected to the antenna 14, facilitates the separation of receive RF signals 52
from transmit RF signals 54.

20 In operation, RF signals 52 received by the antenna 14 are directed to
the receive path 64 where they are amplified by the receive amplifier 18,
mixed to intermediate frequencies via the RF-to-IF mixer 20, filtered by the
receive bandpass filter 22, gain-adjusted by the receive AGC 24, and then
converted to digital baseband signals 56 via the IF-to-baseband circuit 26. The

25  digital baseband signals 56 are then input to a digital baseband computer 28.

In the present embodiment, the receiver system 10 is adapted for use
with quadrature phase shift-keying (QPSK) spreading and despreading
techniques, and the digital baseband signals 56 are quadrature amplitude
modulation (QAM) signals that include both in-phase (I) and quadrature (Q)

30  signal components. The I and Q baseband signals 56 represent both pilot
signals and data signals transmitted from a CDMA telecommunications

transceiver such as a transceiver employed in a base station.
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The baseba g uter i nclu e such func s as signal to data
CONVer Si ong andd o \Hkgéev é)utput signals 58 are input to digital-to-analog converters

(DACs) (not shown) in the analog baseband-to-IF circuit 38, where they are
converted to analog signals that are then filtered by lowpass filters (not
shown) in preparation for mixing. The phases of the output signals 58 are
adjusted, mixed, and summed via a 90° shifter (not shown), baseband-to-IF

20  mixers (not shown), and an adder (not shown), respectively, included in the
baseband-to-IF circuit 38.

The adder outputs IF signals to the transmit AGC circuit 36 where the
gain of the mixed IF signals is adjusted in preparation for filtering via the
transmit bandpass filter 34, mixing up to RF via the IF-to-transmit mixer 32,

25 amplifying via the transmit amplifier 20, and eventual radio transmission via
the duplexer 16 and the antenna 14.

Similarly, the IF-to-baseband circuit 26 in the receive path 64 includes
circuitry (not shown) such as analog-to-digital (ADC) converters, oscillators,
and mixers. A received gain-adjusted signals output from the receive AGC

30 circuit 24 are transferred to the IF-to-baseband circuit 26 where they are
mixed to baseband via mixing circuitry and then converted to digital signals
via analog-to-digital converters (ADCs} (not shown).
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15 In the baseband computer 28, the received I and Q signals 56 are input
to the despreading/decovering circuit 64 where a pilot channel comprising
pilot signals and a data channel comprising data signals are extracted from
the received I and Q signals 56. The pilot channel and the data channel are
provided to the SINR circuit 66 and the path weighting and combining circuit

20 42 from the despreading/devovering circuit 64.

The SINR circuit 66 outputs a SINR signal comprising a sequence of
SINR values, i.e., samples, to the SINR predictor 12 and the LLR circuit 46.
The SINR circuit 66 also outputs the reciprocal of the interference energy
(1/N) to the path weighting and combining circuit 42.

25 The despread and decovered data channel signal, provided by the
despreading/decovering circuit 64 to the path weighting and combining
circuit 42 is also provided to the decoder 48 where it is decoded and
forwarded to the controller 50. At the controller 50, the decoded signal is
processed to output voice or data, or to generate a reverse link signal for

30  transfer to the associated base station (not shown).

The path weighting and combining circuit 42 computes optimal ratio
path combining weights for multipath components of the received data signal
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and 36, and frequency conversion circuits 26 and 38 are standard

conponents and nmy easily be constructed by those having ordinary skill in
the art and access to the present teachings. 15 In the baseband conputer
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15 decoding of the received data channel signals. The controller 50 then

ta

processes the decoded data channel signals to output voice or data via a
speaker or other device (not shown). The controller 50 also controls the
sending of speech signals and data signals from an input device (not shown)
to the encoder 40 in preparation for transmission.

20 The rate request generation circuit 44 generates a rate control message
based on the predicted SINR value for the next packet as provided by the
SINR predictor 12. The SINR predictor 12 employs a filter bank (as discussed
more fully below) to facilitate SINR prediction, which enables the rate request
generation circuit 44 to provide accurate rate control messages.

25 The rate request generation circuit 44 compares the predicted SINR
with a set of predetermined thresholds. The rate request generation circuit 44
generates a rate control request message based on the relative magnitude of
the predicted SINR signal with respect to the various thresholds. The exact
details of the rate request generation circuit 44 are application-specific and

30  easily determined and implemented by those ordinarily skilled in the art to

suit the needs of a given application.
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20  present invention and incorporated herein by reference.

The transceiver 10 of Fig. 1 is easily adapted for use in a base station
instead of a mobile station, in which case, the transceiver 10 will contain rate
and power adjustment functionality built into software running on the
controller 50. The appropriate software is easily constructed by those having

25  ordinary skill in the art and access to the present teachings.

While in the present specific embodiment, the predictor 12 provides
SINR predictions to the rate request generation circuit 44, those skilled in the
art will appreciate that the SINR predictions may be employed by another
type of circuit such as a power control circuit without departing from the

30  scope of the present invention.

Fig. 2 is a more detailed diagram of the SINR predictor 12 of Fig. 1.

The SINR predictor 12 includes a sliding window averaging filter 70 that
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base 5 station (not shown) over a data rate request channel (DRC} via the
transmt path 66, duplexer 16 and antenna 14. Wen the base station
receives the rate request nessage, the basks station adjusts the rate of

the transmtted signals accordingly. The accurate SINR esti mtes and the
total interference noise chip 10 energy N, estimates fromthe SINR circuit

66 inprove the mesives BEANREsBhplebdrothathe mmueﬁtua%@%ﬁtigom a%iiﬁPUﬂt.t A41nrd

| nprove the perforriance of the decoder, 48, thereby inpravi n& he

t hr oughput and @fIRes &%&%fco{lﬁértﬁf anschlterr2)se atreivey HhedSHNRownaples as

t el ecommuni cat iig?ﬁt.syst em SINR estimation circuits are known in the art.
In a preferred 15 inplenmentation, the SINRcircuit 66 is constructed in
accordance with the Ah@a¢pihektheravesagiagdilirg 70 is.cornedad tappl inpat obn fBeri al

No. 09/ 310, @53 f i 1 ST FOR. | :
ACCLURATE ESTI NATPEN S5 L CEP VRS ) CHiaL T NPEREERENCES FEat DEE P SR e
COMVUNI CATI ONS cevigeert, irapaiadiebdo vo inpet asfaptdadiog SINR p2diqtoe§6ndn input

I nvention and i rpQr LN . ence. The transceiver 10 of Fig.
| is easily adadgfagapqq%?égg‘eé] {g?ﬁg Bgésﬁéétg%:?{&r %H% ?Iﬁé?g'é{iogfa O%BF?‘S‘C?&E{ 'gn,
i n which case, Quiputs afishefasefadifgGINR prexdicaon76,ahe slcaandacﬂm‘geﬂ’ll\ﬁvpﬁaiimmt
functionality i1t into.seftware running on th contraol l.er. 50. The
appropri ate s01El)t§\7\/«’;f'ﬂn(‘-,;f :ﬂ%e é"é’gﬁ@,feélb‘ﬁg{ %@c?%d%?“‘?q%%géohaa\ﬁrﬁamt% selartos g7
skill in tHe arAncthdr aacpsisoft thetfhst fadirgehINR gaedicag w6 i¥ltohfedtad} epaatisent
speci fic enbodi,nent., the t i de S redi ctions t

rate request geReéarPat of %‘ggﬁw %fml‘é t‘?gé@vgfﬁ i¥ioy Eygl‘ghté’ arL Py ¢ Pe'nbf
appreci at e t hatpretiztéd 80R Aneditptit ohthe SINR@areplel dgeBeibrarefehand filkrer2qé
oLICuTL Sueh a5 AGBRUETOnLe] (CLaCUbl, DL FERRILIOG LLOMNG 30,
SINR predi ctor ikgupdf thethold prediaor30NR predictor 12 includes a sliding
W ndow avergging filter JOuon the avetaging hiter 20 and tha SINK samplos decivel. -
converter and filter 72 receive the SINR samples from the SINR circuit 66 of
Fig. 1. The averaging filter 70 computes an average of the received SINR
samples over a predetermined number of samples. The predetermined
number of samples is application-specific and easily determined by those
20 ordinarily skilled in the art to meet the needs of a given application.

The averaged SINR samples output from the averaging filter 70 are
converted to decibel scale via the filter output decibel converter 74. The
resulting filtered decibel scale SINR samples are then provided, in paralle], to
the fast fading SINR predictor 76, the slow fading SINR predictor 78, and the

25  hold predictor 80.

The SINR samples decibel converter and filter 72 filters the received
SINR samples and produces the decibel values of the SINR samples as output,
the mean of the decibel values being adjusted to zero. The SINR sample
decibel converter and filter 72 is application-specific and easily determined by

30 those ordinarily skilled in the art. The resulting converted and filtered
samples are provided to the slow fading SINR predictor 78 and the hold

predictor 80.



receives SINR sanples fromthe SINR circuit 66 of Fig. 1 as input. ATSN&R 200i
sanpl es dec{ipdineagverter and filter 72 also receives the SR seERh&as as

i nput. An output of the averaging filter 70 is connected to an I nput of a
filter 5 output decibel converter 74. An output of the decibel converter

74 is connected, in.parallel, to an input gf a fast fading SINR predictor
76, an input of a slow fading SINR predictor 78, and an input of a hold
predi ctor 80. CQutputs of the fast fadi ng SINR predi ctor 76, the slow

fading SINR predict t C cte
prediction sel ect orogl}e. ?E%Bf%%ggh% k ?{0??6 kl-?e ?lastfa"fdeﬁ %@Q 1 RIR 9t859§t or
76 i s connect edynd rthgahald qj:redicttora&ﬂ |fnpmt aofiltehebatlow Iadiany ot iV 51 nal

51 NR sanpl s dcarbarheneHie s et YR Besichorclsnnatastined 1t B ci wecthe 1
an i nput of thesmlwgtfsmmd&“dd\lﬁﬁtwredf pmilctzanazmﬂaraa@ outpRyt sghllhh Bk
predi ctor 8 0 and the SINR sanpl es

eration, the avera ilter
deci bel co er %‘P’ Tad ?‘S%]re“?“?qné‘&%ﬂtéet%?ﬁg) Néqnsa%ﬁl%grqda@ﬁf?ﬁ@rgdms

circuit 66 of theGmallestNlardfidadbNGtioh! éfegrécﬁcﬁaﬁw;&sasaeugyﬂ 398 Alirinlge
received SINR sanples over a predeterm ne nber of

predet ermi ned HeABER Bdingmigral enyvisgynents: ithe Iyﬂécpmd@tancﬁoenmdtyces the
determ ned by Udiosifest $Anakrd BRvalin It AlbA oHAE 2BbLgh@t, et the needs of

a given application.  The averaged sanrp es output Tromthe averaging
filter 70 are conveThfédJr?dIQ!m b@llectfrUaB% selects Heomi theeoudpupubf dbei BBVR

orovi ded, 8 pal I 1 orhed B B e e e el L SRR R PRy
fadi ng SINR pr e}thedtmorvsrroamhluhewh% imh@sprrepresemmtn&@ of Tihe Slrl‘dmisémilhgs
or aduces e acera) cayhens “Tht skftded BRediBABh 1€ Dot Hobf e Rladiton, 1o
deci bel val ues debichey &Zijvdsrthds ez{sll_yamplefﬁeateﬁ bfit]smrﬂrdmaiﬂy |shﬂ1edcmrl\herdrt=.r
o T 7 AR PSR, B o U N R By
sanpl es ar é5or owiedetertraned efastorsvtd qﬂengnﬁbh&shbedngt@frtlﬂﬁsmﬁ pReeiftidtl as
predictor 80. 1;2. MR 305 fully below.

Those skilled in the art will appreciate that a single filter having
transfer function coefficients that are selectively changed in accordance with
changing fading signal environments may be used in place of the filter bank

20  comprising the SINR filters 76, 78, and 80 without departing from the scope of
the present invention. In addition, different filter coefficients and/or
additional filters may be employed, without departing from the scope of the
present invention.

The SINR predictors 76, 78, and 80 are linear prediction filters and are

25  designed to mimic Wiener filter behavior.

In general, a signal y(n) often contains a signal component x(n) and a
noise component w(n) such that y(n) = x(n) + w(n} where n is the sample
number. A desired signal is always a linear function of x(n) and can be
estimated from y(n). In the present case, x(n} represents the SINR samples.

30 Prediction is a special case of estimating the desired signal is in
advance of a current observation. The desired signal d(n + D) is D samples
ahead of y{n), where D is a predetermined number and is greater than or



WO 01/20789 16 PCT/ USO0/ 24955 The fast fading SINR predictor 76, the s a0
fadi ng SINRywsefigser 78, and the hold predictor 80 forma ‘tﬁ{bg@gggﬁg . In

fast fading signal ~ environments, the fast fading SINR predic
designed to produce the smallest standard deviation of prediction error as

output. Simlarly, during 5 slow fading si gFﬁI envi ronments, the slow
e

fading SINR predictor 78 produces the snallest standard deviation of
predi ction error as output, and during nediumfading signal environnents,
S devi ation of

Lhe ol precl clat PR BLafkiee e AR Slpslander dlonalion O e
ol oot st andaPreasiTn ] Yihe RetRa sl R, Sl G St sianel flhueison
r ep(r]I _este_nt ative efrorrngultr ;’-mWeﬂakmp@P_ i @'naahll'tetlh:('t ml%gpﬁmuﬁﬂﬁngﬁeggbqu a

rediction I's Ouk, 4L o0m e re crtlon el ector , | | |
Prrpl emented by ﬁ‘%ﬁéf %I:} ilﬁ'é\g? P&%&hﬁ’é&eﬁlﬂgt”ﬁé TR MUNTFREAGCIPIATS eFPT %e
Co br ovent overshoot na ot he ot N b ot e e BRI B aAapt BRIR' S
bel gw. Those skPV'Freghq ﬂa?kra @Pgﬁw ﬁﬁéﬁw%E?‘ﬁieéalﬁﬁ&&hSaC@rw@d ite tckifferenti ng
transfer functi dasie@bkigdnalenThettbaiscanersel 89?1@! ql w@ﬁ{bggfedi@tiﬁﬁggﬁp?ﬂf(ée

e In e

wi th changi ng f,adi ng signal envjronnments may used ace o

filter bank 20 é@?ﬁﬁ?ﬁ%}i’%@(ef fizes( R i Bt ad 19 slot packetsl Blponi nebeipt ofieprathi ng
fromthe scope @dmbided SINTEEHmAaTRY QNP ' ﬁt,,o]q\a i L T.er '
coefficient and/rg_r addi t] onzﬂ] filter sﬁn%&%gg@g% oyel{:l,gio\;\ﬁ t eou%nsfééﬂgtaer??fjng
fromthe scfppe of Fignd (vhich cpirepponds toa. mrhide staRnprads the psedigtor7 finad
80 are linear p§igdisCid ' [ t hd.c W ener
filter behavior .lﬁfyrsf (tdé?\% ngﬁrgg 2? S‘ﬁ%%‘?ﬁ %c%fe tg gﬁ @bﬁ?’gi%% rp:!tcg?ssi 6%%&8%1}"

conponent x(n) HEBCR thegrediceanipotrdatesihs pryessingishowrin Fig)d fiye tinvisripr
of x(m) and can po ater RO pRGke CICKRRR i 9Bferen? U Cof pariiffers RE 7
represents the Bexictagdgley anddilter eaeféicients.i s a special case of estinmating
the desiredssignal ifgl 8 s a more detailed diagram for the SINR prediction of a given
packet length implemented via the SINR predictor 12 of Fig. 2. The SINR
samples decibel converter and filter 72 includes a first decibel converter 90, an
input of which receives the SINR samples from the SINR circuit 66 of Fig. 1,
and an output of which is connected to a positive terminal of a subtractor 92
20 and an input of a filter (F,) 96. An output of the filter 96 is connected to a
negative terminal of the first subtractor 92.

In operation, the SINR samples decibel converter and filter 72 converts
the received SINR sampiles to decibel scale via the decibel converter 90 and
filters the decibel signals via the first filter 96. The filtered decibel samples are

25  subtracted from the decibel samples output from the decibel converter 90.
The output of the SINR samples decibel converter and filter 72 is described by
the following equation:

u,(n} = u(n) - my(n), (1]
30
where u,(n) represents the output samples of the SINR samples decibel

converter and filter 72; u(n) represents the decibel-scale samples output from



advance of a current observation. The desired signal d(n + D) is D sanp900i

ahead of y(Rygoihtage D is a predeterm ned nunber and is greappipishgdyossy VO
01/20789 1 2 I\/AR 2004 PCT/ US00/ 24955 17 equal to 5 sanples in the present

enbodi ment. The difference between a prediction d (n) of the desired
signal d(n) and the desired signal d(n) is ag error e(n). It is well known
in the art that the optinumlinear filter is a Wener filter in the sense
that it results in a nininun1nean-square error, 5 The desired signal d(n)

in the present ‘i'ﬁqlﬁgh mor{v%r{ej?a)[}a gﬁnffrgﬁresgﬁfs htehrﬁe %K%e |0 E—%cale

D fferent packet engt S corresp on e5| re gnal's.
transcei ver 10 &impies. Otmpuufrgn’tﬁ’efpﬁéﬂltcti?@ns for five dlfferent packet

sizes (1, 2, 4, 8, a on. .r a path ..c i ned
SINR estimate, whi chﬂe]t(?%l?iéf?lteél?@(&gﬁ%?ﬁ #!H st?s'gt ? Icsft\h@tt?rr éﬁs‘ée %?6?"&@'%’0%6?
Fig. 1 (which céolimsimgndmationa nmobile station) runs the predictor 12 five
times corresponding to the packet sizes of 11,2,4,8,16) slots,

respectivelys Hence, the predictor {1:- daLe%Jﬂe processing shown in fE]g
3 five times for five different packet’ | pagtdpy:wi'th different val ues o[
paraneters like prediction delay and filter coefficients. 15 Fig. 3 is a
nore detailed diagramfor the SINR prediction of a given packet |ength

i npl emented Vi ayihee Sl N&@&%@ e el eftf afh 9-i %% cohtifeVMRab nﬁkeeéoéiﬁab{r?'

converter and filter 72 inclu rst deci nverter I npu
whi ch recei ves theagphRtgangpessfid aminSt&ﬁallgldHEmImedlbytﬁ6se)brcﬁngnly15klllaj1m an

out put of which ) of a subtractor 92 20

and an i nput of tﬁes%g?(?er E%ﬁ%@l@oﬁ%%ﬁ% Pﬁﬁ#ﬂ{ é filter 96 is connected

to a negati@e termn Bhe recfeitrétbeNRs?anqﬂbs ot the SENRIaircogeé@iof Big. 1tdre aBId\NR

o teci bel scal e HE Gt bRl A ERRRE diter A7) RS Y FRaRaIEr )

signals via t hecémpatesfad a\mrageﬁof thecSINR $anplis deer hahngsey velserari erepbesents

subtracted fro he deci ! | es output fromthe deci bel converter 90.
I%%gr[g

The out put of t &V RkPaY eci bel converter and filter 72 is described
by the follow ng egqAatowput of the averaging filter 70 is connected to the filter output

15  decibel converter 74 that converts the output of the averaging filter 70 to
decibel scale in accordance with methods well known in the art. The resulting
decibel values which represent the desired signal are input to the fast fading
SINR predictor 76, the slow fading SINR predictor 78, and the hold predictor
80.

20 In the fast fading SINR predictor 76, the output of the filter output
decibel converter 74 is connected to a negative terminal of a second subtractor
106. An output of the decibel converter 74 is connected to a filter (F;) 100. An
output of the filter 100 is connected to a first delay 102, a first back-off circuit
104, and to a first adder 120 and a second adder 150 in the hold predictor 80

25 and the slow fading SINR predictor 78, respectively. An output of the first
back-off circuit 104 is connected to an input of the prediction selector 82. A
second input of the second subtractor circuit 106 is connected to an output of
the first delay 102. An output of the second subtractor circuit 106 is connected
to a first squaring circuit 108, which has an output connected to an input of

30 the first filter (F,} 112. An output of the filter 112 is connected to an input of a



u.(n) =u(n) - mu(n), [1] 30 where uo(n) represents the output sanpl d< MAR 2004
the SINR sawplygsergeci bel converter and filter 72; u(n) reppesarisbondobe

deci bel -scal e sanpl es output from WD 01/20789 18 1 2 MAR 2004

PCT/ US00/ 24955 t he deci bel converter 90; and m'(n) represents the nean of

t he deci bel -scale sanples output fromthelBirst filter 96. The transfer
function F,(z) of-the first filter 96 is described by the follow ng
equation: 5 [2) where Ais a constant coefficient and z is a conpl ex

variabl e. The gpef {juir€nbot Ardit APP! IAGRLLRAISHCHE! St SoBRSirblit 114
determ ned by thoseCJ or di n%rl Iry skilled maﬂ{ he art togﬁ%ﬂf toseérll.eeldsloflsa

gi ven appl i cat ,cgﬂnqu:l fthan prgagquéhe Sretrbaskaff @scuit d94-t he SINR circuit 66 of
Fi I | |
ig. | are also Wtogtre}g%t%%‘g fHe 'ﬁkﬁﬁhdﬁhg%ﬁwlﬁéﬁ-‘%@%é hllc%ﬁfesvtge dL&?oel-

averaging filter 70 an average
sanpl es, wher e stale sprgdenfrom the f@ﬁewemtpatdeclbbbngnwmrmﬁ&)wﬂwtfxbér Fheoo

averaging felt S f d n ter
74 that con\lz’;ert?1 éd c][eél Sﬁggﬁ?g%%ﬁgh“ea‘?é’s/fg?‘gg%eﬁ%g@.ﬁ"{%%‘%cg?f iﬂ% g@sb@tﬁ CE’CX‘F
accordance w t bomphutexds loved -terkna;wn-age of hee dedibe!Tredueesnd id m?res@}ﬁaacblej/ the

val ues whi ch r?&%)esent thg desired signal are input to th ast fading
SINR predictor ading SINR predictor 78, and the hold
predictor 80. 20 In the fast fading SINR predictor 76, the output of the
filter output decibel converter.74 is connected to a negative termnal of a
second subtractor 106. Am‘,(n,Dchint(n@fD)H'(é —-gooi, et Voard(e)ter 74 is connddj ed
to a fllter (F) 100. An output of the filter 100 is connected to a first
del ay 102, 19 first back-off circuit 104, and to a first adder 120 and a

second adder 15048 ﬁmfgo 1 Bhedbih dhedioftheiiflel g Rlchth-badk Bmpldit 2

predi ctor 78, respec ut put
particular sample n and represents a mean SINR prediction d,(n+ D), which
is D samples in the future, where D is a predetermined delay based on the
given packet length. & is a predetermined coefficient of the transfer function
15 (F;) of the filter 100; d(n) is the current output from decibel converter 74, and

m,{(n—1) long-term average one sample ago. The transfer function F3 of the

filter 100 is also described by the following equation:

RE)-=

_('l_a)—T , (4]
20
where z is a complex variable, and & is a predetermined coefficient as noted
above. & is easily determined by those ordinarily skilled in the art to meet the
needs of a given application.
An the resulting long-term average my(n) output from the filter 100 is
25 delayed by D samples via the first delay circuit 102 and provided to a positive
terminal of the second subtractor 106. The second subtractor subtracts d(n)
output from the filter output decibel converter 74 from the long-term average
my(n) and provides a prediction error signal e,(n) in response thereto. The
resulting error signal e;(n) is squared and filtered by the squaring circuit 108
30 and the first filter F, 112, respectively. The first filter F, 112 is an infinite



back-off circuit 104 is connected to an input of the prediction sel ecl @rMAR 2004
82. A secomdol/mist of the second subtractor circuit 106 i sSPCBASem24988 t 0 an
output of the first delay 102. An output of the second subtractor circuit
106 is connected to a first squaring circuit 108, which has an out put
connected to an input of 30 the first filté® (F.) 112. An output of the
filter 112 is connected to an input of a 1 2 MAR 2004 WO 01/20789 19

PCT/ US00/ 24955 first square root circuit 114. An output of the first square
root circuit 1impuise resporeset @R)tftltarhavipgt toindflvefurictioh Hy@g idesdribedd bguhé
104. In operatingwt he fa?.t fading SINR predictor 76 receives the decibel -
scal e sanpl es 1&? e out put deci bel converter 74 at the filter F3
100 5 and at a negative termnal of the second subtractor 106. The filter
F. 100 conputes a |long-term average of the decibel values and is
represented by the follow ng equat iFo(?PI:m g@) =d, (ntD)=(1-a)m, ]
(n-1)+ced(n), 10 131 where m (n) is’ e ibqng gyer rh nean of the recei velg
deci bel -scal e sanples at a particular sanple n and represents a nean SINR
prediction 8, (n + D), which is Dsanples in the future, where Dis a

predet erm ned del ay based, on t . give acket length. a is a predeterm ned
oot 11 o ont - of "HHFEe i S UPF FistBciedl “ha BRof e PRt aF edsibeaaows « ne
current output fromreggiiieebd GQNVASr@Eed)4quartd vaes ke miahtlt@!i'lgélé dred¥%gt age
one sanpl e ago. The transfer functiopn F3'of the filter 100 is also

descri bed by t RECHS1&vivhirheeRTaPIS: the squareropt mean sguare (useiligt theerreoy | s
s oabi 1y dot or BaLel The EoR GRS Al 2Rt WP REAET ORIk @
10 off circuit 104, where rmse, is multiplied by a predetermined constant k,. The
exact value for k,; is application-specific and may be a constant or may be
dynamically updated in accordance with a changing signal environment by
another circuit (not shown) or software routine.

The root means square error rmse,(n) is described by the following

15  equatior:

rmse, (n) = /(- B)- mse,(n—1)+ Ble, ()T , [€]

where § is as given for equation (5); mean square error mse,(n-1) represents

20  the output from the first filter F,112 one sample ago.
The first back-off circuit 104 reduces the first prediction d,(n+ D) by

k,*rmse, to reduce prediction over-shoot. The reduced first prediction is

denoted &l' (n+ D) and is described by the following equation:

25 d;(n+D)=d, (n+ D)-k, - rmse,(n), [7]
where the variables are as given above.

The structures of the slow-fading SINR predictor 78 and the hold

predictor 80 are similar to the structure of the fast fading SINR predictor 76.

However, the slow-fading SINR predictor 78 includes an additional filter F,

30 116, and the first adder 150. The hold predictor 80 includes an additional hold



needs of a given application. An the resulting |ong-term average rml(nB2 MAR 2004
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deci bel converter 74 fromthe |ong-term avetlage md(n) and provides a
prediction error signal e,(n) in response thereto. The resulting error
signal e, (n) is squared and filtered by the squaring circuit 108 30 and

the first filtefiltes 118 2ndrespentiadeler. 120n&Fhéifirst adddrt 190 dnd Hesé®ndNadder
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circuit (not shown) Dbropefativa éhe diltarnke. 11 éilteopbutmpansosqties BINRr samples

rnmse, (n) is desgriped by the follow-ng 15 equation. rnrse = .
(15 e, (- 1) sprabgonvert? and Pa®E 722 e RO 8t B8 Bhtesecond difer
squar e err ol) nsE, 118-id des@jreedpntie folOwtihgequitpntt: fromthe first filter
F, 112 one sanple ago. The first back-off circuit 104 reduces the first
prediction d, (n + D) by k,*rnmse, to reduce prediction over-shoot. The

reduced first prediction is
FE=—t—, 18]
1-(1~-u )z

where M a predetermined filter coefficient. The output 30 (n+ D) of the

15 second filter F, 116 is described by the following equation:
dy(n+ D)= (1~ p My (n+ D= 1)+ pu, (n), [9]

where # is as given above; dy (n+D-1) is the output d, (n+ D) delayed by
20 onesample; and u, (7} is the output of the SINR samples decibel converter and

filter 72.

The output of the filter F, 116 as described by equation (9) is input to a
terminal of the first adder 150, which adds the output of the long-term
average my(n), which is provided from the fast fading SINR predictor 76. The

25 resulting sum is denoted 4.(n+ D) and is described by the following

equation:

c;*'2 (n+ D)=c§0(n+D)+m‘,(n)f [10]



denoted di (n+ D) and is described by the follow ng equation: 25 dI' (72%4R 700
D=d, (n +vdesdorss rnse, (n). [7] where the variables are!’gffl%bt‘//ﬁﬁs

above. The structures of the slowfading SINR predictor 78 and the ofd
predictor 30 are simlar to the structure of the fast fading SINR predictor
76. However, the slowfading SINR predictor278 includes an additional

filter Fz 30 116, and the first adder 150. The hold predictor 80 includes

an additional hold 1 2 MAR 2004 WD 01/20784 21 filter 118 and a second
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sanpl es dect bel® GoROEPYVEteEING]; ¢4 Lhe $hirdrRubtragtars 12, ¢ third Fqbiyacker
the second filtubtrddls FRe blibputsd@eseribbefiitdy ot @bdiveli A RIRL 4R orNhe
PCr/ LI SOO' 24955 ééglzgr = .F 1-(}-,4 ) -, - [8] where p a predeterm ned
filter coeffici SHipYeqrReswhibuteldis seranderisr sighal ef)svduel is descaber by thei s
descri bed by thg,lmjhgwq{]gti@quat ion: do(n+D)=(1-p)Ifl(n+D 1) +pu, (n), 19]
where P is as given above; d o (n + D-1) is the output do (n + D) del ayed
by 20 one sanple; and uo (n) is the output of the SINR sanpl es deci bel

converter ajyl e,(n)=d,(n)-d(n), [11]

where (}2 (n) is the delayed output of the first adder 150, i.e., is the output of
the second delay 132, and d(n) is the output of the filter output decibel
converter 74.

15 The resulting error signal e,(n) is squared and filtered by the second
squaring circuit 124 and the second filter F, 128, respectively. The transfer
function of the second filter F, 128 is as described in equation (5). The square
root of the output of the filter F, 128 is computed by the second square root
circuit 130 and yields the following output:

20

rmse,(n) = J(l - B)mse, (n-1)+ Ble, (n)]T, [12]

where rmse,(n) is the root mean square error of the signal e,(n); mean square
error mse,(n-1) is the output of second filter F, 128 delayed by one sample;
25  and the other variables and constants are as given above.
The resulting root means square error rmse,(n) is multiplied by a
predetermined factor k, and the result is subtracted from the output of the
first adder 150 to yield the following output:

30 Jz(n-f-D): c?: (n+D)- k. - rmse,(n), [13]



filter 72. The output of the filter F. 116 as descri bed by equation (é)2 M&R 1004
i nput to a wheisssesl of the first adder 150, which adds the pphizgdrts t he

| ong-term average nd(n), which is provided fromthe fast fading SINR
predictor 76. The 25 resulting sumis denoted d, (n + D) and is described

by the follow ng equation: d2(n+D)=d, (n+D2Bnr(n), [10] 1 2 MAR 2004 WO
01120789 PCT/ US0Q/ 24955 22 where the variables are as given above. The

output of the first adder 150 as given by equation (10) is input, in

parallel, to th@h@ﬁecwceﬁkfayltsl%adaoslrlsBFéSS&%OQQ d@@@hb@éf Jecu'm 41'[pu-[he

del ay 132 del ays the output of first adder 150 by pr ovi

result 5 to a pdsinteot &rerwerr@mdobatkr@fﬁ Riteditsask rSaQt’@‘rldEQZtO mPrﬂlcuOn
subt ract or Su%e'ié”&?c{[]r%zt he output d(n) of the filter output deci bel
converter 74 fromt del ayed result to yield a second error signal e2(n),
whi ch is described Bfhe peeddtetrhimeidntpatquist itbat 151@pphc£ml()n sp@clf(cnandi(ea)uly

wh d2 t.he del t put i

oot Car e LB R S5 i ity skl oin B8R T8 ooty Py Be
out put ddec :j bfel I? qavaent &5 t}7e4facﬂcﬁsmaﬂce$yémp1@yeer Trogh(-‘.‘ilegﬂaiacﬁagf\):lrtﬁlt 104
squar e an | e rrn Cl rcul e se

f?ner F4 128, w@ﬁ&ﬁf rfihbgckﬁ le?%iﬁggg C?m?é’t%ﬂyaﬁnwﬂ@?%éhswé wﬁﬁ?péat F4

128 is as descraéﬁ(ﬂtmgmg{dﬁa é@}mél’iagesgﬁua{v@nubﬂot of the output of the
filter F4 128 is co ut ed the second s uarﬁ_§ ?‘t'fﬁ circuit 130 and yields

the fol | owi ng out putk ezboméedmr 80 includes) to yight, ppdefyomyjop to

[12] wher e 1075 eRdtiim) § fbih@h 'sQBirabRR N 380 HaRfrdedduiriry cikAft %3&%&{111%6.&)2; Fm?an
square error mse2(n 1). is the output of second filter F4 128 del a

one sanple; 25'%nd thid sudee roal €1§°5F‘é§4énél thyAsdelay sirgpit 146, ghe/bﬁYdaf}&eé
The resulting rQRLiIMBANheSHHGH 8860120, HRE A(Rird BacIBff Lirkliedady a

In the present specific embodiment, the hold predictor 80 is only
employed when the packet length is less than or equal to 2 slots. The hold
15  predictor 80 is selectively activated by a circuit (not shown) that determines
when the packet length is less than or equal to 2 slots and selectively enables
the output of the hold predictor 80.
In operation, the hold filter circuit 118 filters the output of the SINR
samples decibel converter and filter 72 and provides the result to a terminal of
20  the second adder 120, which adds the output my(n) of the filter 100 of the fast
fading SINR predictor 76. The output of the adder 120 is described by the

following equation:
dy(n+ D)= u,(n) HoldWeight +m,(n) [14]

where the HoldWeight is provided by the hold filter circuit 118, and u,(n) is
the output of the SINR samples decibel converter and filter 72.
The resulting output is delayed by D samples by the third delay 146 to

yield 0"3 (). The output d(n) of the filter output decibel converter 74 is then

30  subtracted from the delayed samples d.(n) to yield a third error signal ey(n)

described by the following equation:



predeterm ned factor k, and the result is subtracted fromthe out put1 BMAR A
first adder YM®01/2038%i el d the followi ng output: 30 d, (n+D)=d, EOFDSG24955
rmse, (n), [13] 1 2 MAR 2004 WO 01/ 20789 PCT/ US00/ 24955 23 where the
constants and variabl es are as descri bed abgve. The output d2'(n+D) of the
second back-off circuit 134 is provided to the prediction selector 82. The
predeterm ned factor k, that is application specific and easily 5

determ ned by those ordinarily skilled in the art. The factor k2 may be
equivalent to the factors k, and k3 enployed in the first back-off circuit
104 and the third back-off circuit 148 and nay be dynamically altered

W thout departing fromthe scope o?;(ﬂ)ﬁ%dpaésdﬁt),i nvention. The hold [15]
predi ctor 80 includes, fromleft to right and fromtop to 10 bottom a
fourth subtractor 136, a third squaring circuit 138, a third filter F,

142, a third squdeee fieOtartdbleldre at4dverdabdler d delay circuit 146, the hold
filter ci rc%it 118, Ehe second adder 120, and a third back-off circuit

148. In the bresent $PeErPreuent sairpesauaringeciroiit 18 cdiechind Blten B, b4, yand
enpl oyed when t{i #afKebud@N@ob cirsulens LR RO I%Qargsilhﬂ%%rr@sqgﬁgﬂ d
not own ha

15 predictor 80 is selecCtively activated by a circuit

det er ni nes whenm#da(tpaekdhe| emgr 1sigrall efs) t winchoris edgsakibed By sthet ©llnvding
sel ectively ena@chﬁiof{..he out put of the hold predictor 80. In operation, the
hold filter circuit 118 filters the output of the SINR sanples deci bel
converter and filter 72 and provides the result to a termnal of 20 the
second adder 120, which adds the output—nd(n)_of the filter 100 of the fast
fadi ng SINRGredictor 76. The mousepin) m,ﬁ(l%lﬁéna«j@eﬂ)ﬂ-m[e;(si)ﬁescri bed by [téle
foll owi ng equation: d3(n+D)= uo(n). Hold Wi ght+nd(n) 25 [14] where the

Hol dWei ght is provided by the hold filter circuit 118, and uo(n) is the

output of the SHBrsaMBhRIudRCERE! nfRIUEN S thBGtdu: | rhirdFilter F, 142 delayed

by one sample, and the other constants and variables are as given above. The
transfer function of the third filter F, 142 is as given in equation (5).

15 The resulting root mean square error rmse,(n) is multiplied by the
predetermined constant k; via the third back-off circuit 148. The result is

subtracted from the output dy(n+ D)of the second adder 120 to yield the

following output:
20 3;(n+D)= (3’3 (n+D)—k3 -rmse;(n), [17]

where the constants and variables are as given above. The result given by
equation (17) is provided to the prediction selector circuit 82.
The prediction selector 82 chooses the prediction with the smallest
25 rmse value as a final prediction for the given packet length. For 1 and 2 slot
packets, the prediction selector 82 chooses from the fast fading predictor 76,
the slow fading predictor 78, and the hold predictor 80. For 4, 8, and 16 slot
packets, the prediction selector 82 chooses from the fast filter 76 and the slow
fading filter 78.
a0 The delays 102, 132, and 146 provide delays of D half slots, where D is
prediction latency for the given packet length. The predictor 12 receives SINR



The resul ti ng output is delayed by D sanples by the third del ay 146 t‘lo2 MAR 2004
yield d, Wy % pput d(n) of the filter output decibel conygii&

t hen 30 subtracte fromthe delayed sanples d, (n) to yield a error
signal e, (n) described by the follow ng equation: WO 01/ 20789 24 e; (n)=d;
(n)-d(n), 12 MAR 2U 4 PCT/ US00/ 24955 [ 15] aghere the vari abl es are as given
above. 5 The subsequent third squaring circuit 138, the third filter F4

142, and the third square root circuit 144 conpute the root mnmean square

~error signal r escriped by the
f ol | owi ng equa@%ﬁétmﬁ%rﬁg}% 8‘};&05‘(%‘)} (Er r se@ q?éﬁ‘gf F %‘{ nc)eg pachgﬁwv‘\ﬁ‘é‘;e
mean square er rSiNRme@:@mtlmms iogice htefeuultwoth:df simsrdnfaddleonFmelﬁBedﬂ aved
by one sanpl e, the ot her n e above.
The " transrer (Ao ehs Fe el e ARPraLfd, 37 cT1l 18 1 Baing e
(S)d t15 The resmdamgifelg{urﬁtgiomﬂatnﬁs,q?ﬁd §d eagreoai plﬁEcBi‘)(rm: dxferjiﬂﬂ hhlilhslsf:é bsrhtehe
predetermn nst.a ia the thir ac [ e result is
Dbt act d B orfPREPBUED of Y PR LHOFioRG! {2k JuF) cler RS04 TRelea Thhe
fol I owi ng out ptléffec%%fdfe(cikh@laﬂfﬁ)(rﬂd@%ml@ Howesén thodelviik BF@ink AP sKIBNA{RAL S
and vari ables are as giyven, aboyve. Qéﬁ' result given by equation (17) is

provi ded to theaer@H?Q?EIV(ﬂﬁil‘éséltE%F@P fungtiorgaccandinglyedi ct i on sel ector 82

chooses the predi Ct'ﬂ{bs@ﬂskhlefdhﬁt hevirt @8l a %Sediﬂ%echxa{ﬂéesm grédxeﬁl:lr 12 [may
prediction for the gjiven packet | engt h. For 1 and sl ot kets

prediction sel k& BRPigMeatbirsoftwars m@waéiﬁpﬁamgw&om i s,qqme ofghe Ptrﬁ%mél ow
fadi ng predigct GhyédhiodnH WiscHeAg raneeﬁlt@%soge 800, o, ﬁ?ast gﬂe 1 %51y

packets, the prediction selector 82 chooses from't Ilter 7 t he
slow fading fifwisthedgn ouoffjragrordgreergith tm@zbowwlg% provi de del ays of D

hal f slots, where Dfrys, the present invention has been described herein with reference to
a particular embodiment for a particular application. Those having ordinary
skill in the art and access to the present teachings will recognize additional
15 modifications, applications, and embodiments within the scope thereof.
It is therefore intended by the appended claims to cover any and all
- such applications, modifications and embodiments within the scope of the
present invention.

20  What is claimed is:




prediction | atency for the given packet |ength- The predictor 12 regﬂsgﬁﬁmm
SINK 1 2 MAR 2004 WO 01/ 20789 PCT/ US00/ 24955 25 estinmation sanpl es

every half slot but only produces packet average SINR predictions once
every two half slots. In addition, the filter F, 96 is applied once every
half slot, the filters 100, 112, 116, 188, and 142 having the transfer
functions Fzi F,, and F4 are applied once every 2 half slots. The 5
descriptions of the transfer functiopg fngg). F2(z), F3(z), and F4(z)
neglect the effects of decimation processing. However, those having
ordinary skill in the art can easily adjust the transfer functions

accor di ngly Thoswélled Ln the art will appreciate that the SINR

predi ctorl Oﬁﬁcéﬁﬁﬁ%ﬂgw CQBPHiSEEe wi t hout departing fromthe
scope of the

110 128, 142 EnGAh s St B i”% selferiP of Corseafive sliialtoLinfiiRedle nf0: |

t he aboveratlulesmnat&"s*;us t he present |nvent| on has been described herein vmth
reference to artlc | ar _enbodi artl | ar | icati Those
havi ng or di nar@“‘:P |?£’11 N a?@r@Ha t%@&‘el'é laopI typ?%?&ﬁ'?tef‘@@&&r}ﬁ‘ﬂggw | |
recogni zeerRgldhikmSalo fafﬁlrav 1 tbp@é uchBR bf odi brLfo-irddHbrETEROHH 8 Tafto
within the scope thereof. heref re I ntendéed by the appended cl ains
to cover pragictions, atherein wath aﬁpmdcplur&httbs of seqliehcesasf sigsalandnterfiredcarpoise

2004 26 RIS VRTICAT o TERPINE FRcBiv ] fg ic TREIO: o R HETRadidinhg t he

si gnal t cerffvitoenisequence of consecutive SI gnal -to-interference noi se
ratio estimates; filteri ng said estimates according to each of a plurality
of predet er ni reoenasiag gach ehsaid ohmlﬁwftsequenwwf spgml—m uttcgrfmnosexqvwen@e@ of

signal -to ere & 0. S ch of. sai
pl urali t ljeéﬁgégsug n%glgasgf n§| gé“%’ h’t mt C% e’i‘%% %’tl.ﬂ é@a{% Fequﬁ?t g’ %‘r"t“i1 ons
Cor r esponsgguénee oo efodin 86]bldraﬁbubﬁ|préd{cﬁn Bfrﬁﬁ?t\ﬁidﬂmﬂeﬁcﬁaﬂl Bdd plurality of

prediction errors corresponds to one of said plurality of predetermined fading

environments;
forming a predicted signal-to-interference noise ratio based on said plurality of
sequences of signal-to-interference noise ratio predictions and said plurality of prediction

CITOrIS.

2. The method of claim 1 wherein said plurality of predetermined fading

environments comprises a slow fading environment,

3. The method of claim 2 wherein said plurality of predetermined fading

environments further comprises a fast fading environment.

4. The method of claim 1 wherein said plurality of predetermined fading

environments comprises a fast fading environment.

5. The method of claim 1 wherein said filtering comprises performing an average of

said estimates,



12 MAR 2004

environments; conparing each of said plurality of sequences of
signal -to-interference noise ratio predictions to at |east one
signal-to-interference noise ratio estimte subsequent to said sequence to
forma plurality of prediction errors, wherein each of said plurality of
prediction errors corresponds to one of27said plurality of predeterm ned
fading environments; formng a predicted signal-to-interference noise
rati o basgd onrgah I ' r noi se
ratio pr edl ctions gﬁghgﬁcﬁl ﬁ‘ﬁylurwgﬁe?{;gdg‘?%g?éﬁgg?@gﬂggeﬁlﬁegng%@.JSE%%{kgrrgt hod
of cl ai m dceddene witls aifiditp irapulbé teypaise filtedet er m ned fadi ng environnents
conprises a slow fading environnment. 3. The nethod of claim2 wherein said
plurality of predeterm ned fading environnents further conprises a fast
fading enyir OnRnetitdd ofR%:ifiF OEref] sl HitBhihg VBHRDALA Mdkitlg Rhidl @liaies Gh
predeterm ned fading environnents conprises a fast fadi ng environnment. 5.
The net hoatcofdandeavith an ifeute impsla¢ tesporise ilteng conpri ses performi ng an
average of said estimates. 1 2 MAR 2004 27 6. The nethod of claim!l
wherein said filtering conprises filtering said estimates in accordance
with a figite ThOWeNRd 88RARET WhdrSih: sa?d fTi%ﬁngeﬁﬂﬁgr ebmprigs HikerMpes/d N
said filtering conprises filtering said estimafes in accordance with an

i nfinite éstipatesdn neopdansewithlatfinite igpulsheespensaditenf cl ai m 7 wherein sai d
filtering further conprises filtering said estimates in accordance with a
finite inpul se response filter. 9. The method of claim| wherein said

form ng ag.predikd afttddosetiaim-1 Rhefde 4acR | § Predidted siARPIO-inRFfetceCt | Ng
one of said plurality of prediction errors. he met hod of claim!]l
further centsiatp aemagisesselestingsenied! said plurality 0§ PEMIFtion@ITorst er f er ence noi se
ratio by a back-off value. 11. The nethod of claim 10, wherein said
back-off value is constant. 12. The nmethod of claim 10 further conprising
adj usti nglsai dTactetlaid of aldim ilnfurtae:comdpnsmg vidiustiag clarh predictal gigakl-to-

environnent.  13. An appar.at us ceiving a signal conprising:
interference noise Part)lo bya bacI( off va? g g P g

11.  The method of claim 10, wherein said back-off value is constant.

12. The method of claim 10 further comprising adjusting said back-off value in

accordance with a changing signal environment.

13.  An apparatus for receiving a signal comprising:

a signal-to-interference ratio circuit for measuring the signal to form a sequence of
consecutive signal-to-interference noise ratio estimates;

a bank of filters for filtering said estimates according to each of a plurality of
predetermined fading environments to form a plurality of sequences of signal-to-
interference noise ratio predictions, wherein each of said plurality of sequences of signal-
to-interference noise ratio predictions corresponds to one of said plurality of
predetermined fading environments;

a prediction selector for comparing each of said plurality of sequences of signal-to-
interference noise ratio predictions to at least one signal-to-interference noise ratio
estimate subsequent to said sequence to form a plurality of prediction errors, wherein each

of said plurality of prediction errors corresponds to one of said plurality of predetermined



a signal-to-interference ratio circuit for nmeasuring the signal to forma
sequence of consecutive signal-to-interference noise ratio estinateg;mga 0
bank of filters for filtering said estimtes according to each of

plurality of predetermned fading environments to forma plurality of
sequences of signal-to- interference nagigse ratio predictions, wherein each
of said plurality of sequences of signal- to-interference noise ratio

predi ctiops. corresponds to, gne. of said urality of redet erm ned fading
Brvi 1 onmetoe VEPBARES: 4 Rtk  PRAHEL Shitnb PR SRS bopardnt § o
sequencessa@f phirgli® of Requent&y LETBRRPIIMGRIERE | Roif PsliF prali&idne Afd kAast
one signal-to-interference noise ratio estimte subsequent to said
sequence Pleralist of pregirigmerrary. of prediction errors, wherein each of said
plurality of prediction errors corresponds to one of said plurality of
predeterm ned 12 MAR 2004 28 fading environnents, and formng a predicted

si gnal - t ot4,nt eTheeagide/uof SRih a3 Whérebeshi® Bani6 of dltetsUscthprisks af sigwduginges of
signal -to-interference noise ratio predictions and said plurality of

predi ct i ongralterinerferancemoisepestietat-us of cl ai m 13 wherein said bank of
filters conprises a slow fading signal-to-interference noise predictor.

15. The apparatus of claim 14 wherein said bank of filters further

conpri sesifa f dblie afpagitog of iclival I oherire sdid rbank of filtede fipftrdicoinPrisesl$ fasthe
apparatus_qf cl|laim 14 erein said bank of filters further conprises a hold
filter pr@aingtstﬁ“?ﬂﬁ‘m EENgS Bai PIFEICHIT ¢l ai m 13 wherein sai d bank of
filters conprises a fast fading signal-to-interference noise predictor.

18. The apparatus of claim 13 wherein said bank of filters conprises a hold
filter pléedi cThoer appkeatusThe clppddatvheremf said dank &8 filtbsr fartherseomprizenia lafld
filters c :pic?cﬁs a finite inpulse response filter. 20. The apparatus of

claim 13 80 d bank of filters conprises an infinite inpulse

response filter. 21. The apparatus of claim20 wherein said bank of filters
further conprises a finite inpulse response filter. 22. The apparatus of
cl ai m 13 Faur t hEhe appapatiiss of glaimbei khefein sdid dink dfdfiltersijcamptisey & dast fading

signal-to-interference noise predictor.

18.  The apparatus of claim 13 wherein said bank of filters comprises a hold filter

predictor.

19.  The apparatus of claim 13 wherein said bank of filters comprises a finite impulse

response filter.

20.  The apparatus of claim 13 wherein said bank of filters comprises an infinite

impulse response filter,

21.  The apparatus of claim 20 wherein said bank of filters further comprises a finite

impulse response filter.

22.  The apparatus of claim 13 further comprising a back-off circuit for adjusting said

predicted signal-to-interference noise ratio by a back-off value.



predicted signal-to-interference noise ratio by a back-off value. 1 27N&R MM
204 29 23. The apparatus of claim 22, wherein said back-off circuit is
configured to provide a constant back-off value. 24. The apparatus of
claim 22 wherein said back-off circuit is configured to adjust said
back-of f value in accordance wth a ch&9gi ng signal environment. 25. A

met hod for receiving a signal conprising: neans for neasuring the signal to
forma s enc i [ TR e PRt : j ratio.:

cat i mat ooy oo ppBARSEE UNEYE \IDRLR ST Lol BFf B SE TSR o Trfige o

pl ur al i t ycombtapt iedkio€f valued fadi ng environnents to forma plurality of
sequences of signal-to-interference noise ratio predictions, wherein each
of said plurality of sequences of signal-to-interference noise ratio
predicti ogg_ comiEaRARUR d1ARCPknaRindaRl BRI it IPEGARKFLTIRR adung
envi ronnments; nea or conparing each of said plurality sequences of

si gnal - t obachiodf faduccinaecordaceovitlad clmnpingdignal envirohment | east one
signal-to-interference noise ratio estimte subsequent to said sequence to
forma plurality of prediction errors, wherein each of said plurality of
predicti oy er r&mmﬁﬁ&gmgggﬂy%ﬁgﬁgg' d plurality of predeterm ned
fading environnents; neans for Tormng a predicted signal-to-interference
noi se rati o baveahsofor smeaduripg thalsigngl ¢ fowy e sepsnaf of icgnsdcutive isignelk-foer ence
noi se rati redictions. and said plurality of prediction errors. 26. The
appar at usTBFCENEE PSS AIRST R A Sai d plurality of predeternined fading

envi ronment s cagasifeefiemaGid StinfatdstREddthgSaictclest 4 ﬂﬁ}ﬁﬁ%aﬁﬁﬁﬂéﬂeﬂﬁin&@ a
slow fading environment. 27. The apparatus of claim 26 wherein said.

pl ural i t ylagmgeneitenmaenis e foringel phigality of iseanenesstad signat-treinterfargnce gwiserred@ds f or

2008 30" SeRlorB ATRAE 38 B shldl hubslic] of 38duent BT Gabll h OB bce AEiLET
pr edet er nfatie dpfedititiogs EsivEspOIRIBENS S 0RO NG isaRls plealisy fofr prddetemineg Ladifg

estimates according to a fast fading
environments;

@O

means for comparing each of said plurality of sequences of signal-to-interference
noise ratio predictions to at least one signal-to-interference noise ratio estimate subsequent
to said sequence to form a plurality of prediction errors, wherein each of said plurality of
prediction errors corresponds to one of said plurality of predetermined fading
environments;

means for forming a predicted signal-to-interference noise ratio based on said
plurality of sequences of signal-to-interference noise ratio predictions and said plurality of

prediction errors.

26.  The apparatus of claim 25 wherein said plurality of predetermined fading
environments comprises means for filtering said estimates according to a slow fading

environment.

27.  The apparatus of claim 26 wherein said plurality of predetermined fading
environments further comprises means for filtering said estimates according to a fast

fading environment.



environment. 29. The apparatus of claim 25 wherein said filtering coqpr
means for performng an average of said estinmates. 30. The apparatus o
claim25 wherein said filtering conprises filtering said estimates in
accordance with a finite inpul se response filter. 31. The apparatus of
claim 25 wherein said filtering conpri an infinite inpulse response

filter.

conpri ses finite inpul se, respagnse filter, 33. The apparatus of claim25
2.4 b 2PPRALSopf GlRjme grp hstein it plerglity of | Bredetermuned fadinga; d

wherein s

32. The apparatus of claim 31 wherein said filtering further

pluralit Yersziroﬁﬁl%ﬁitifs gércjngzgis‘é‘g Mafis fOF gllt-gﬁﬁ% %Qﬂaéﬁ'fn&h?eso Efcff)![r%ibg" 16 fé’krtttgrﬁhg

conpri si ng neans

justing sal preudi cte S| gna nterference

rati o by enviraninent f val ue. 35. The apparatus of claim 34, wherein said
means for adjusting is configured to apply a constant back-off val ue.
The apparatus of claim 34 further conprising neans for adjusting said

back-of f z9/al Ughd BrREARS SPRGR D6 theReif RERYIRGing' BAMrisE M LR TR Berforming

an average of said estimates.

30.  The apparatus of claim 25 wherein said filtering comprises filtering said estimates

in accordance with a finite impulse response filter.

31.  The apparatus of claim 25 wherein said filtering comprises an infinite impulse

response filter,

32, The apparatus of claim 31 wherein said filtering further comprises a finite impulse

response filter.

33.  The apparatus of claim 25 wherein said means for forming comprises means for

selecting one of said plurality of prediction errors.

34.  The apparatus of claim 25 further comprising means for adjusting said predicted

signal-to-interference noise ratio by a back-off value.

35.  The apparatus of claim 34, wherein said means for adjusting is configured to apply
a constant back-off value.

36.  The apparatus of claim 34 further comprising means for adjusting said back-off

value in accordance with a changing signal environment.





