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invention relates to comunications systens. Specifically, the 10 present
I'nvention relates to systens for predicting the signal to interference and
noise ratio (SINR) of a received signal tojfacilitate data rate control in
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Simlarly, signals_are often transmtted fromthe pub
wireless communications systems.
1I. Description of the Related Art:
15 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

20  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

25 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 (MSC). The MSC in turn

30  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



swi tched tel ephone network to a nobile station via a base station and a WO
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the base station. In typical nobile comunication systens, information is
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demodul ated and 5 decoded by a receiver. In many npdern communication
systens, such as Code Division Miltiple Access (CDVA) cel |l ul ar networKks,
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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 results 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.



of the communications system Oher effects contributing to the inpairnent
30 of the fadadneannel include Doppler shift due to the pawsdmabssof the
receiver relative to-the transmtter and additive noise. WO 01/20789
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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,



certain fixed data rates. Vocoder can provide variable rate source coding
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CONVOL UTI O\IAEL\YI 3! SO;-\II-era one-way of spegg:)games 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 wvalue 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 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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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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the filters inthe filter bank.” The selected output-- 1s associated with a
filter havi$fjected rfmftg‘le quiRuts %ﬂiﬁ)g texg, bank hased ongthe smallest error

standard deviation. The resulting accurate prediction of the signal-to-

" 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. o

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 erdinary skill in the art
and access to the teachings provided herein will recognize additional
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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 ftransceiver 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
(AGC) 24, and an IF-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.



15 Signals received by the transceiver system 10 are received over a

f orward W‘@i gations |ink between a base station (notps. %Wgénd t he
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system 10 | s transmtted by the transceiver system are
transmtted over a reverse comunications link fromthe transceiver system
10 to the associated base station. 20 HOr clarity, many details of the
transcei ver system 10 have been omtted, such as docking circuitry,

m crophones, speakers, and so on. Those skilled in the art can easily
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bandpass fil tsel?q%hfe%éag}t ir%ﬁfé@tPﬁ&& %%6 and a %ﬁéﬂ& rfgoar}%‘)ﬁat?]ﬁﬂgt 38.

The transmt ¢izséARnd-to- |IF circuit 38 is connect ed to the baseband

conput er at an ag@g&r dle Tat® %@E@ %er&frattict}ﬁ HEGRs qggagﬁgcg%&ﬁg ra!nng

circuit 64 in the comput are connecte circuit 66

and a pat h we?yput aftherdANRepredictomt?. cAn eutputaf theolagdlikelibopdirhgo LN ci rcui t

66 are conneckigilgs ib tnesietRoRHaRpE! A o ddodehfs, Wifittisiattilo ddbodeifh ¢ he
pat h wei ghtln&sand conbining . circuit 42. 10 An input of a rate request

generation ci feqresent specificrnbedimentoAginpeipfihe LIR circuitdbrigeonnegtest or 12.
An out put of o hitfut bikhe pbﬁmefgahhgaﬁab&lbuﬁhg givddit 40 ASotutesied to an

' nput. of f5 deggc%g(rer 3'88 1s c\gﬂxIIgchA to an }nlf)%li? of g ggr(t)tg&.{er '50 that i 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.



the present specific enbodinment. An input of the LLR circuit 46 is
connected we@edrg@ut put of the path weighting and conbi nipggugsodssst 42. An
out put of the 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
i nput of the encoder 40. The antenna 14 rldceives and transnits RF signals.
A dupl exer 16, connected to the antenna 14, facilitates the separation of
receive RF signals 52 fromtransmt RF signals 54. 20 In operation, RF
signal s 52 recei vediibthe trensamit patha66, 4igita tdsehantemmmputet hetpluetsxg'nu}s Fgth 64
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The baseband c{DAGse fnoZ&hown) 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).



10 may include such functions as signal to data conversions and/or vise
versa. Twedasspand-to-IF circuit 38 includes various ecrwsomass (not
shown) such as digital-to-anal og converters (DACs), m xers, adders,
filters, shifters, and local oscillators. The baseband conputer out put
signals 58 include both in-phase (1) and gquadrature (Q signal conponents:
that are 90 15 out of phase. The output signals 58 are input to
digital-to-analog converters (DACs) (not shown) in the anal og
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respectively, nte se-1 ocked | 00 out put
Si gg als fr 0%/1 tgn;ﬁﬁéfeéprela ﬁwermg cupcu?t 64 wgere a pilot ghannel comprising Py
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, prov1ded 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




oscillator signal (not shown). Those skilled in the art will appreciate
that other types of receive and transmt paths 64 and. 66_nay be enpl oyed
i nst ead wi t¥¥ ﬁ}”'“a’é"parti ng from 10 the scope of the presé’ﬁ?’qsﬁ%ﬁisi on. The
vari ous conponents such as anplifiers 18 and 30, .m xers 20 and 32, filters
22 and 34, AGC circuits 24 and 36, and f{zquency conversion circuits 26
and 38 are standard conponents and may easily be constructed by those
having ordinary skill in the art and access to the present teachings. 15
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15 decoding of the received data channel signals. The controller 50 then

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.



The LLR circuit 46 enploys netrics fromthe path weighting and 5 conbining
circuit 43vovirbrsbhe SINR estinmation provided by the Sl NRcruscon#ss 66 to
generate an optinmal LLR and soft decoder decision values. The

constructions of applicable LLR circuits are known in the art. In a
preferred inplenentation, the LLR circdft 46 is constructed in accordance.
with the teachings of co-pending U S. Patent Application Serial No.
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May 11, 1999 SYSTEM AND METHOD FOR PROVIDING AN ACCURATE
ESTIMATION OF RECEIVED SIGNAL INTERFERENCE FOR USE IN
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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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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 parallel, 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.
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discussed more 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
Ppresent 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
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15 Fig. 3 is 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 samples 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) - m,(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
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Whl ch

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




filters the decibel signals via the first filter 96. The filtered deci bel
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72 is described by the follow ng equation: uo(n) = u(n) - mu(n), [1] 30
where ua(n) represents the output sanpled9of the SINR sanpl es deci bel
converter and filter 72; u(n) represents the decibel -scal e sanpl es out put
from------------- WO 01/ 20789 PCT/ US00/ 24955 18 the deci bel converter 90;
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wi ndow averaging filter, 70, The averaging filiter 70 0 rage of
the SI'NR saml SemByise Slofgterm e g tan Aol oBlyed and 7 HRERAIANE
| engt h. An out fieltowihgleheatiorer aging filter 70 is connected to the filter

out put 15 deci bel converter 74 that converts the output of the averaging
filter 70 to decibel scale in accordance with nmethods well known in the

art. The resulting deci b,e(n)ea&(m;sp g b €Deadi(i)he desired sigmyl are
i nput to the fast fading dISI NR’pred?ﬁtor )?2 t he sl ow fadi ng SINR predictor

78, and thd0hold predictor 80. 20 In the fast fading SINR predictor 76,

the output of tw@x%re]; imldt(n%ris o 1%3& term mean of the received decibel-scale samples at a

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:

o

E'(z)=l_-——(.i-——a§:'—'

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 fo 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 ey(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



deci bel converter 74 is connected to a negative termnal of a second
subt r act owo olfdrse An out put of the deci bel converter 74 permsinssied to a
filter (F) 100. An output of the filter 100 is connected to a first del ay
102, a first back-off circuit 104, and to a first adder 120 and a second
adder 150 in the hold predictor 80 25 a¥d 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
subtract or ciimpuise reg®rise (BRhfiker laying a dransfer punctioh F,(z) eefdribet! tjethay 102.
An out put of ﬂt,m%g%glg Gubtractor circuit 106 is connected to a first
squaring circult ich has an output connected to an input of 30 the
first filter (F4)112. An output of the filter 112 is connected to an i nput
of a WD 01120789 PCT/ US00124955 19 firstpgsquare root circuit 114. An
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and and (n -1) lon termav sanpl e e trans unction F3
of the filt&ynamica daded) s accopdanceywitha glamsp@aéqnmrpmentby(z) -1-.

a (1- a)z-' anbdmleraecwﬁb%ﬁowm&ss&mk@fbuﬂ@l able, and ais a

redeterm ned coefficient as noted
P 'H\e root means square error rmse,(n) is described by the following

15 equation:

rmse, (n) = J(l _ B)-mse,(n—1)+ Ble,(m} , [6]

where B 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 J. (n+D) by

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

denoted d, (n+ D) and is described by the following equation:

25 d,(n+D)=d, (1+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



above. a is easily determned by those ordinarily skilled in the art to
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delay circuit 102 and provided to a positive termnal of the second
subtractor 106. The second subtractor sullracts d(n) output fromthe
filter output decibel converter 74 fromthe |ong-termaverage nd(n) and
provi des a prediction error signal ei(n) in response thereto. The
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square error nse,(n-1) represents 20 the output fromthe first filter
F4112 one sanple ago. The first back-off cigcuit 104 reduces the first
prediction d, (n + D) by k,*rnse,Fi(a)?quce—-%)nadi ction over-shoot [8IThe
reduced first prediction is denoted d; | —# and is described by the
fol |l ow ng equati on:

where 4 a predetermined filter coefficient. The output d,(n+D) of the
15 second filter F, 116 is described by the following equation:

d,(n+ D)= Q- pY,(1+ D—1)+pu,(n), 191

where M is as given above; d, (2+D—1) is the output d,(n+D) delayed by
20 one sample; and u,(n)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 d,(n+D) and is described by the following

equation:

c?z (n+ D)= c?o (n+D)+ m,(n), [10]



25 (n + D=d, (n +D- k, rnmse, (n) , [7] where the variables are as

gi ven abo gStructures of the slowfading SINR pre (ﬁf(&? nd the
hol d pregﬁ:?lépﬂ% are simlar to the structure of the ﬁlas '13{174?%53 SI NR
predictor 76. However, the slowfading SINR predictor 78 includes an
additional filter F2 30 116, and the fi 28t adder 150. The hold predictor 80
i ncl udes an additional hold WD 01120789 PCT/ US00/ 24955 21 filter 118 and a
second adder 120. The first adder 150 and the second adder 120 receive the
| ong-t er m meawhem(the vatidljled arkrag givenaabbivét er F3 100 of the fast fading SINR
predi ctor 76. The .3l ow. fadi | NR predigctor. 78, from]eft to.right and
fromtop to 5 bot rﬂ“‘B&{j‘ﬁf‘?‘a%%ﬁféﬂgﬁ ag given bysequation{d0) s il?i@ﬂclf‘r cui t
124, a secondpdralléleto Bde sécdfd delay d8hdnd ghasecor@bbadki-68 Witcudt3B4. t1we fil ter
Fz 116, the fjnst [ \ secon e nd,a second back- of f
circuit 134. %a%bgigﬁ?ﬁﬁgfﬁg‘#ﬂ?&erHﬁga‘ﬁ% I%ﬁl%yﬁ and proyies thepesale si NR

sanpl es decitoed positiser teeminaldof the etird Zubfraetor r22sf The fthne subtrdcdgz) of

t he second fi E ' i.bed by the follow ng e tion: F.
(D102 - Sl fhe bl UiAIREE AR outpid docy PSRt Bortisut bt do
(n + D of thielayes meeltio yield acecdirtl ¢ri6r signalles (i) whithhip deberitied byottieng
equation: do(dfy i—-r}éje’l%u]aggﬁ;r[} 1) +yuo(n), [9] where / is as given above; d4
(n + D-1) is the tput do (n + D) delayed by 20 one sanple; and ud(n) is
the output of the SINR sanpl es deci bel converter and filter 72. The out put
of the fii&er F2116 as descri bed %r ti%&'(g) is input to a termnal of
the first-adder 150, which adds %N&= ’amd the long-term aver[?aHe md(n),
which is provided fromthe fast fading SINR predictor 76. The 25 resulting
sumis denoted d2(p+D) and is described by the follow ng equation: d, (n+
D)= d4 (n+ D)whenetd,(m)is thd @layed 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

rmsey(n) =~ B)mse, (—1)+ Ble, 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 d,(n+D)=d,(n+ D)k, - rmse,(n). [13]




WO 01/ 20789 PCT/ USOQ 24955 22 where the variables are as given above. The
out put of t%o{}do’i@t adder 150 as given by equation (10) ipgrThRiusasssi N
parallel, to the second delay 132 and the second back-off circuit 134. The
del ay 132 del ays the output of the first adder 150 by D and provi des the
result 5 to a positive termnal of the tH3rd subtractor 122. The third
subtractor subtracts the output d(n) of the filter output decibel
converter 74 fromthe del:ayed result to yield a-‘second error signal e2(n),

whi ch is descrivpRétebihet dtfistdn®d hadi nigiablgsasiteomns désribed(aboved, The)outpgh) ,
[11] where d2 | del ay. ut put ofn#gefirst dge 150, ..i,.€., 1S
t he out put of ‘{ZR%"'IQE(?&) Rﬁe a%?OéXS‘e‘?%‘%,ﬂfgﬁHCH’(‘ i %8 Rrﬂgld(?@t ou?‘eof’ TRdictan | ¢ o
out put deci bel sekofy8eter 74. 15 The resulting error signal e2(n) is
squared and filtereg,by the second ari ng.circuit. 124 ond
filter F4 128, res pgbfzin@Tq?/t?m?’ngtﬁaﬁ%g;i‘érthaﬁfn%?@gcﬁkgﬁ St%eﬂ%e%:%ﬁgg‘%l | ter
F4128 is as 5desistédpeitied rbyethoat iondingRly sKilledsiputheeart.r dite faktorHq mayhe of
the filter F4 128..i ted by.th re root i - and
yiolds the fol icoualens e p .?a%%#hsagﬁﬁ?%}‘%i"%%%@f r@%zbaf%—otf%&&?éﬁ%et (n)f
, [12] where ramsletherthirdbackeff dotuitrbdhand oamydedymamisally hbersdgmithoe2(n) ;
nmean square ery.Qr lﬂ:ﬁg@ - ' : ond filter F4 128 del ayed
by one sanpl e; c{e%gr a é‘ﬂeﬂ]{% éﬁg(rebgglreﬁg%%gman ﬁ(%gnst ants are as given
above. The resulti nghedwid meedistor fifainsludesofromriasp thyighs apd| froml fopdtaby a
predet er m f Pt bRACctor 358, éﬁr@%ﬁa thduftn8s) 4 herPHkUE, Of the
first addepm(iSOb%'(t&tgﬁg/’iago t%él P‘gﬂbovmyén 3 out put : 3% d_2?r3+D :d2(1;1+D -_k,‘ rnse2
(n), [13] Wc) @2120msd sporeveobaranshs, zéﬁwﬂékéax fiEcuEb HG, dhe Bokdnflter
vari abl es are a$. 898, thesbcaRPY&der 16, MdlaMird back-off circuit 148.
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:

d,(n+D)=u,(n)- HoldWeight +m(n), [14]

25
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 ‘?3 (7). The output d(n) of the filter output decibel converter 74 is then

30 subtracted from the delayed samples d,(n) 1o yield a third error signal ey(n)
described by the following equation:



d2' (n+D) of the second back off circuit 134 is provided to the prediction
sel ector S o1Rm9predeternm ned factor k2 that is appli catorwsemmess fic and -
easily 5 determined by those ordinarily skilled in the art. The factor k2
may be equivalent to the factors kl and k3 enployed in the first back-off
circuit 104 and the third back-off ciréflit 148 and may be dynamically .
altered without departing fromthe scope of the present invention. The
~hol d predictor 80 includes, fromleft to right and fromtop to 10 bottom
a fourth subtractor 136, a third squaring circuit 138, a third filter F4
142, a third square root circuit 4, asthird delay circuit 146, the hold
filter circuit 118, the second eaé”éérd3@5,d(’é)gd a third back-of f c{ilgkuit
148. In the present specific enbodinent, the hold predictor 80 is only

enpl oyed when %ehe acket length js 1?§ss than or equal to 2 slots. The hold
15 predi ct or ‘$oeredhe ¥ariahlesarp os gMen@RP¥Y by a circuit (not shown) that

det er mi nes when t IfheRabl@iuene dukd shﬁarﬁn@i&ir%ﬂlﬁlﬁ%éfthf%?% g‘lt@f 2, m;ta%tdand h
(0] predi ct or . n operatl on, e

sel ectively enabl e t he out put .of the

ol 0 fi1er ORpabid saysrersopt Bircuif 14k Smptie U Rk mspRreavasarebsignet hol
conver ter andnisel(hjrof theagdop siptiall s (r)h evHiek b Iddseribed HyMtHrakolRwingd t he
second adder 120,. which adds the output nd(n) of the filter 100 of "t he fast
fadi ng SINR petqélafle ‘or 76. The output of the adder 120 is described by the
foll owi ng equation: d3 (n + D)= ua (n) Hold Wight + ma (n), [14] 25 where
the Hol dWeight is provided by the hpld filter circuit 118, and un(n) is

the outp0 of the SINR sanpines,(deeiiel fpoeyier)Blagaf j | ter 72. Ti6
resulting output is delayed by D sanples by the third delay 146 to yield
d3 W The output d(n) of the filter output decibel converter 74 is then 30

. subtracted froherehReahequinferdeiinb€n-UPis(the oligout iof kitrd filth: F149'deRiyedi gnal

es(n) descr Ib?leodnebgérﬁpqe, afn%I (e) \tl)mtl{]e cgr(iléjtg}ltls ?uqd varia I:GL:é azu(:)e]assggi\fgl]- éb%%e. 'I%igSS 24
transfer function of the third filter F, 142 is as given in equation (5).

15 The resulting root mean square error rmsey(n) is multiplied by the

predetermined constant k; via the third back-off circuit 148. The result is

subtracted from the output dy(1+D)of the second adder 120 to yield the

following output:
20 d,(n+D)=d;(n+D)-k, -rmse, (), [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. _
30 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



e,. (n)=d3 (n)-d(n), [15] where the variables are as given above. 5 The
subsequent h| quarlng circuit 138, the third filter R ngad the
third squar %ﬂv circuit 144 conpute the root mnean squargﬂéﬁﬁ%r Si gnal

rmee3(n) of the error signal e3(n), which is described by the follow ng

equation: 10 rmse3 (n) _ 0 - J3)nse3 (n =281 )+ J3 [e3 (n)] , [16) where
mean square error nse3(n-1) is the output of third filter F4 142 del ayed
by one sanple, and the other constants and variables are as given above.

The transfer fimbtion s Flééeox{c@'e'vgr)f hhtf%nof%tlcﬂﬁ% o&é’ce@' Retl dve@gpeat i On
(5). 15 The resulting root nean squdre error rnse3(n). { plLied by the

pr edet er ni ned (,SéNBt%FﬁEhCRIQnQ/PQC‘% ﬁgery Hghalh slotst In a ﬁhé"t‘j’int the,fi terl'ﬁe% Esult is
subtracted f VOTEthé‘d BHéPMfery Ralf Blot, Ak Hitekd'RO0S SLON Y6, A0GSUndL 24 hvityg &led t he
u

foll owi ng outp 0a3(n+ 3(n+) k3 r n), [17] et

constants and \EaRieE feRctiong arsggl Ra Pq?’ﬂﬁ'eg?-‘?sﬁ‘ktry Pévﬂsg‘i; tion
(17) is prowi d%!ésé tIdih@ o@&l@é‘hﬁhéf@ﬁf&f&h@ﬁé P{(z)f;‘ !F{(Q)J E(zﬁ%ndﬂ*l@z)ﬂfegwc@iﬂeon

sel ector 82 cho 3 iction . w tﬂ@ ri% ‘ﬁ ﬁ‘l ug}gg

final predicti& e?*BP %‘Q‘QP%HI‘%FS% W&Y‘Ff't ) i“&&?r‘é"‘é%?kl

tlhe p][ egl ction agt&iaﬁ@hﬁl ugtdlﬂ@ﬁmsférrfeﬁtﬁdig atasi ing predict ord?€156 Ithe
sl ow a|ngpre|ct t sl ot
packets, the predi c 58?5@?5? @% :P?é%m? gt?‘ﬁ %sﬁ\ggﬂ’r?qlftpﬁ??@yand t he
slow fading fbbhﬁipl&ﬂent@d)mTMtwha'bayﬁhdL&ﬁeﬂﬁﬂmgdminlﬂﬁs@p@wfdbe]'jfdse:yls of D
predi ot or 197 EEnioh e RESGH Eseofhe sBEDSE 0P B0 RASKE M B S sl
sanpl es once ewswitghérhor osoffin dweordanky withdbie ebevepatesget average SINR

prech i ons once Vgt Lokl hllpn 0L A B A lonccl |

havi ng t he trambﬂﬂmbrpctm@nt:;orFaeparan@llampldrcehalppll’hest havieg exdangry? hal f
slots. The 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:



5 descriptions of the transfer functions F,(z), F2(z), F3(z), and F4(z)
negl ect th@opbfsgcts of decimation processing. However, ﬁ«ﬂ?ﬁﬁoﬁ@é’é ng
er

ordinary skill in the art can easily adjust the transf unct1 ons
accordingly. Those skilled in the art will appreciate that the SINR
predictor 12 may be inplenmented in sof&are w thout departirhg—f+romthe -,

scope of the present 10 invention, in which case, t i 00,
112, 128, 142, and 116 are easily sm%on or of”"‘"””,”i@ﬂijﬂﬂl‘/\nth
t he above rules. Thus, the present i has beert descri ein wth
reference to a particular enbodinment for a particular application. Those
having ordinary gkill in the art apnd access to the present teachings will
recogni ze additi oial A gystergqior; REQVIGAE, ary gerwiate paeriction Picarisighabtert s
wthin the scm@gfeféi@éggfsermoécﬁnphgﬁggf ore intended by the appended cl ai ns
to cover any and all such applications, nodifications and enbodi nents
within the scope eral“ﬁe%‘]’r p'ieég'g{f'ﬂg i2n¥ena| H?.I‘SEE“%%?;&C“P%G 8| chiamag! via anp
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1. A system f i di t dj cti f i gnal -to- 2
nterference noi SEWIR IO BORGHIA hoedusbin el Fimalesel Siene e siagfpaence

transmttéd awvisesatiabadedroredaid rereived4dignahnsmitter; neans for generating a

sequence of esti of..skgnal -t.o-interf.erence. 6 noise.rati o based on
sai d received si g%‘ﬁ%?‘sn%én%&f’%?md%% et i ﬁ%ﬁﬁselgp r RRYYSeDneFHTptss %"Hs
esti mat es 8of segianhce 8f estipoates;@ndf esti mates; and neans for enpl oyi ng said

rel ationship to pppuide | i@ 0z,: 10 Ji o enc gise_ratio prediction
for a subsequent]|y %ggef%e%gl r{gé Saé& ﬁéf%ée]ﬁgé/%fqém%o Y léislemalslsﬂﬂ' er
i ncl udi ngdOneangriprenceapise smticprediction for Psuhsequendlyrestiverbsigaale based on sai d
signal -to-noise: ratio prediction. _

2. The system of Claim 1 further including means for generating a data

2  rate request message based on said signal-to-noise ratio prediction.

3. The system of Claim 2 further including means for transmitting said
2 data rate request message to said transmitter.

4. The system of Claim 1 wherein said relationship is based on an
2  average of elements of said sequence of estimates.

5. The system of Claim 4 wherein said means for determining includes
2 abank of filters for computing said average.

6. The system of Claim 5 wherein said bank of filters includes finite
2 impulse response filters.

7. The system of Claim 5 wherein coefficients of transfer functions
2 associated with each filter in said bank of filters are tailored for different
fading environments.




3. The systemof Caim2 further including neans for transmtting said 2

data rate r‘gglrdgfug#ressage to said transmtter. 4. The sy$iceristizaéssai m 1

wher ei n sai ionship is based on an 2 average—ef—elenents of said
sequence of estimates. 5. The systemof Claim4 whamﬂ EE

B Sakd. neans for
determ ning includes 2 a bank of filter&7for conp ﬁﬂ ! ﬂﬂaﬂjgﬂe 6.
The systemof Claim5 wherein said bank of filters c 2
i mpul se response filters. 7. The systemof Caim5 wherein coefficients of
transfer functions 2 associated with each filter 'in said bank of filters
are tailored for di8f&hesystethadiGigineRwheseinsaiddiffaferd fAR0Z 2D viPGTMESB0/ 24955

27 1111111131121113111.8, T S of Claim7 erein sai ' . f adi ng
envi ronmentg flq}'ﬁ%ff Hﬁ-’éer‘a“r{re@%&ﬁff%ﬁeﬁ“a’ R P g °8 \?fl}ugﬁhn%ﬁ&sgsg‘%g@h

envi ronment assith atapidlywhoving systgr i secomd emgranmsergmpsogiatetwittl astowlyonnent
associated with a.s] 4 _mavj _ | OCL at ed

W th & systam mstying Sha oA B ErE G e 5 BURT R AREE R S
further includiomgliamseleedtyi on circuit connected 2 to each of said filter
banks for selecting an output fromone of said filters in said filter
bank, said output associated with a filter having a transfer function 4
most suitable to a 2ufhesystdmdf Glaimd\urtbemindudinga selectionfcirewibpannected
communi Cat | NS ;3 Yshedp df ARRECbHAG bPEIRIAR A AetpuP FBEFIALEafPBIERlinS T Ol 5

to an external transceiver In accordance Wi Interference characteristics
of a channel ovaid filier bankanid ewprtassednted vitya fijtst Baying afwefey SINCHRR sai d
ext ernal tr@ns%yﬂimﬁngfwéﬂﬁ}%eman antenna; 6 a duplexer in
comuni cation wth said antenna; a receive path in communication with said
dupl exer for receiving a 8 signal over said channel and providing a

digital signal in respesesfideiRimanlaseRanea patisevEsfor poridingy and

rocessing gaid digital signal; . : .
P 9 3% Gecurdte Zontrol sfagnals to an external transceiver in accordance with

interference characteristics of a channel over which said communications
4 system transceiver and said external transceiver communicate comprising:
an antenna;
6 a duplexer in communication with said antenna;
a receive path in communication with said duplexer for receiving a
8 signal over said channel and providing a digital signal in response thereto;
a baseband computer for receiving and processing said digital signal;
10 a signal to interference and noise ratio predictor for providing a signal
to interference and noise ratio prediction for a subsequently received digital
12 signal; and
rate request means for generating a rate control message and providing
14 said rate control message to said external transceiver in response to said
signal to interference and noise ratio prediction.

11. The transceiver of Claim 10 wherein said rate request means is

2  implemented in said baseband computer.



10 a signal to intermuo predi ctor for providing a
signal twomRemsseren Mﬁ'i ﬂ’! prediction for acswseexessnt|y :
received digital 12 sk Lﬁl C!Oequest nmeans for generating a rate
control nessage and providing "1455ar ate control nessage to said

external transceiver in response to sai signal to interference and noi se;
ratio prediction. 11. The transceiver of Caim10 wherein said rate request

means is 2 inpl emntﬁsi- irﬁn@@rmﬁ@mlfmf&ﬁf saifQd Qé-/rg@]c% _
LThitrrr/ £l hi/Efj 1111 PCT/ USQO0/ 2495 1111 S 28 12 ranscelver

of Claim#f1 WHARds srfnseﬂ oF 4e3prrading spi sﬁgl S@aﬂmﬁnmgmmew s;gnal

despreadi ng s@irfledé@hécrvalté (irahid d&preadidiplalaigml /i er signal to
interference value for said despread digital signal. 13. The transceiver of

Caim 12 wherein said signal to interference and 2 noise ratio predictor
i ncl udes a predi cmr'ﬂﬁe tramscelvensf Chiaii 2fWhérein said Sighsl toRhRefdrRb ahill t €r

bank havigg a S|gn t er.f nce an t dictor 4 far

predi ct i ng ané’fs(jn’éﬁ 1% 8“341&8“18&8 ‘3 gqﬁf‘? aglg é?"aa‘ﬁ‘cﬁa‘dﬂ th a

pr edet er mi ne@réchduon@liehbmlchevmgtal s:gmél to antdrferemas ahd nbike rdfis prédiogirei ver of
Claim 13 er d si 0. rferen e and 2 .noi se red| ctor
further i %QI lﬁ%legrE%aétmggda 9%%3#03% ? 51§ 87 wlstfcﬁtlt‘?gmﬂcﬁ?ﬁd’agﬁ% Kbt asai d
signal to |ntpe¢d®emmned @dinadnasactemucooﬁxamﬂcmk a signal to 4
interference and noise ratio nost suitable to a current fading

characteristic of said channel. 15. A systemfor accurately predicting a
signal to interfeténthe t;:mﬁcex!ehof@blmelﬁlvohéremsaldsslgndltoméemade anér a

channel conp 'hbfsb Riio %&édﬁ&tome:f iAfludedY! é&ﬂh&ﬁ 8] &Br r%@?e'ctﬂ\g Fhghse ratio

val ues from sai.d ecel ved signal; sec means I'tering said
carrier sign&hch gf ﬁéldsélgﬁa}c f Intgrigeence @ndﬁng@ecmaamredwmm & signal to

charact er 4st isxerfelentélhfid RBRE RSt AtEt RGBT WcAeMUhding characteristic of
said channel.

15. A system for accurately predicting a signal to interference and
2  noise ratio for a signal received over a channel comprising:

first means for providing carrier signal to noise ratio values from said

4 received signal;
second means for filtering said carrier signal to noise ratio values in
6 accordance with fading characteristics of said channel and providing outputs
in response thereto for a slow fading, medium fading, and a fast fading
8 channel; and
third means for selecting from said outputs a predicted signal to
10  interference and noise ratio.

16. The system of Claim 15 wherein said second means includes back-
2 off circuitry for adjusting each of said outputs by a predetermined factor.




I n response thereto f medi um fadi ng, and a fast fading 8
fromsaid outputs | £t ed signal
,m The system of Gpg:l]ﬂifs?%erei n

channel ; a | nmeang ctin
to 10 interPEgp%dr’? e anﬂlﬂwgﬂmﬁ L
sai d second neans i ncl ud€S; gt circuitry for adjusting each of said

outputs by a predetermned factor. J Wcpg01/20789 111J1iChjjjjljijii

PCT/ US40/ 2495 | 11* 29 17. The systemof O aim 15 wherein said Second
means includes an 2 averaging filter for providing an average of said
carrier signal to ndisEhg gistan of Silgies 15 yeherqinesaify 8icond aneansdngludes wher ei n
sai d aver ag) NQaddrk i fller FONRRGIdAg 2R akz@ra?ectﬁ%hilaedarﬁ&ry AltBhofdelGHbt for
converting said _average of said ca%rler Ignal to noise ratio values to
deci bel scal e ¥HHe$rovi di ng deci bel scale values 4 in response thereto.
19. The system of C aim 18 wherein said second neans includes a filter 2
bank that includes a first filter, said first filter for_receiving said
deci bel scale val U€s TSyseRoidilain 47 syhprein sail averaging filtar is connested se

ratio predizti@na lienel cdnviision ThreuitifoslicBvaBaBngld avllagd be saustapep! O aim
19 wherein said first filter i.ncludes,_ a, 2 decimation c¢rrcuit for

deci mating sai H8eRdP Baise Sty wrlyey toslecihslissalepndrmayiding decibal seple xalyes | n
response t her eincespbhse fitgetoyst em of C ai m 20 wherein said first filter
includes a long- 2 termaveraging filter for averaging said deci mated

val ues and providing said averaged values to a delay circuit, an output of
said delay circuit 10oMhesysteintofClaim HBubhéreinf satd scodiieahOinchides i &gtk Ng

del d decj f ' deci.bel I | i di
sub 1 ot or? oLt M el A RS Her AT B g R Gestfring Sefdehel pogle 0
comuni cat i on vilués andd prdetiding a signalieriatprfecerice khé noa datio pepdivtionbasdd
circuit, sgd &9&'915@/1‘2189&&5&?&] t providing output to a first back-off

20. The system of Claim 19 wherein said first filter includes a
2 decimation circuit for decimating said decibel scale values and providing
decimated values in response thereto.

21. The system of Claim 20 wherein said first filter includes a long-

2 term averaging filter for averaging said decimated values and providing said
averaged values to a delay circuit, an output of said delay circuit connected to

4 a subtractor circuit for subtracting delayed decimated values from said
decibel scale values and providing a subtractor output in response thereto to a

6 squaring circuit in communication with an additional averaging filter and a
square root circuit, said square root circuit providing output to a first back-off

8  circuit, first back-off circuit also receiving as input said averaged values and
providing said signal to interference and noise ratio based on said slow fading

10 channel in response thereto.

22. The system of Claim 21 wherein said filter bank further includes a
2 second filter and a third filter for providing a carrier signal to interference



8 circuit, first back-off circuit also receiving as input said averaged

val ues an |ding said signal to jnterference and ngj in based on
said sl owapa@#ﬁ’ég Betfushiadsd

1Q channel _in r sionse thereto. 22. The system of Caim

e
21 wherein said fiItﬂ!lI iﬂl r"ll lhcl udes a 2 second filter and a third
filter for providing'§

‘tzpinterference ------- ----- W -
01/ 20789 PCT/USOQO 24955 C L MS * 30 predictions suitable for a sl ow

fadi ng channel and a nedi um fadi ng channel, 4 respectively. 23. The system
of O ai m 15 miediiionssutitabledtos sl facding shannel aad jagedipm ﬁ:eiyl gaannel,j | t er
bank havi gg @egﬁekﬁ@]y.for each of said slow fading, nedium fading, and fast
fadi ng channel "characteristics. 24. The system of C aim 23 wherein said
filter bank includes a first 2 filter for approximating a Wener filter,

sai g_fi rst ;ilter 2?.r %F%Wlﬁnﬁoﬁtﬂﬁﬂt: 1nghefef|i_%%ﬁfde§é%6ﬁ@ :ﬁéhd\f srf_@'rﬁgteﬁagi o
prediction for a, slow fading,channe : Syst, 0 aim24 wherein
said fil tgr pasindes e flige da gé@(‘,’lﬂﬁja fijter ?‘P‘E %ar‘:?‘f?ﬁlsaé Mf%?gnﬁ‘eén‘mener
filter, said fsdifg uhd fabtfeding’cdhaélebaractrigh@. to interference and noise
ratio prediction for a fast fading channel. 26. The system of C aim 25

wherein said filter bank includes a third 2 filter for providing a signal
to interference apdl Mhesgsteat ob Chimd23 wihereih @aidafilterebankririchidesta fikannel |

said third fidter inmplepented a hold fil.t.er. A system f.or .qccurately
oredi ot i ng o fufeE o AR CRRHef Yidalihifer i Aifer PoVIGER 48 3P
recei ved ovelintarfeteanaahd poisp ratis prgdiction $or aslawsfadlimg cbbaélni ng signal to

noi se ratio values based on said 4 received signal; second neans for
filtering said carrier signal to noise ratio values in 6 accordance with a

fast fading chann@$. EheisysterpiofiCGlejmn24 wherein gaiddilteribank ingjudes a sasondi se
ratio predi thl@i’fdrrégﬁa?&ﬁﬁﬂﬁﬁ LWRIREPAI, b1 %Qcoﬁﬁafﬂ&r\fﬂ%viﬁh{gt £hpRg 182 d
carrier signal to norse ratio values in, accordance wth a sl oW fading
channel and pntgterenaeand Biseratigeredictipn for a fast fading channel.

26. The system of Claim 25 wherein said filter bank includes a third
2 filter for providing a signal to interference and noise ratio prediction for a
medium fading channel, said third filter implemented as a hold filter.

27. A system for accurately predicting a signal to interference and
2  noise ratio for a signal received over a channel comprising:
first means for obtaining signal to noise ratio values based on said
4 received signal;
second means for filtering said carrier signal to noise ratio values in
6 accordance with a fast fading channel and providing a fast fade carrier signal
to noise ratio prediction in response thereto;
8 third means for filtering said carrier signal to noise ratio values in
accordance with a slow fading channel and providing a slow fade carrier
10 signal to noise ratio prediction in response thereto;



10 signal to noise rati esponse thereto; WO 02120789
1PCTI USCO 3¢8%9020789 S 31 ﬂﬁ@ﬂfﬂ!&%u’&r filter in saidpgpukbaessi gnal to
noi se ratio values in h a medi um fadi ng channel and
providing a nediumfade carrier signal to noise ratio prediction in
response thereto; and 14 fifth neans for3%electing fromsaid fast fade,

slow fade, and medium fade carrier signal to noise ratio predictions and
Preg\rgloﬁlsggt ﬁ ePre'? gl th%gn't%l rﬂ@%'.s for Jilke? 11'1 R Eaei‘{'xgr (s:%nappo rrllgljses Fatic' Evla ue.ls I
12 accordance with a medium fading channel and providing a medium fade
carrier signal to noise ratio prediction in response thereto; and
14 fifth means for selecting from said fast fade, slow fade, and medium
fade carrier signal to noise ratio predictions and providing a predicted signal

16  to interference and noise ratio in response thereto.



