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ADAPTIVE RESOURCE ALIOCATION IN A MOBILE TELEPHONE SYSTEM
BACKGROUND OF THE INVENTION

The present invention relates to resource allocation

in a mobile telephone system and more particularly to a

5 method of efficiently allocating processor time in the
mobile services center or base station of a mobile
radiotelephone system.

Because of the mobility of transceivers in a mobile
radiotelephone system, the transmission quality of calls in

10 progress is continually varying, as with increased
distance, chaﬁges in terrain, etc. 1In order to ensure
adequate transmission quality and ultimate satisfaction of
the subscriber, it is necessary to continually mcnitor the
transmission quality of calls in progress, switching calls

15 from one channel to another if transmission quality would
thereby be improved.

Another factor affecting transmission quality is the
transmission power of the various mobile stations.
Transmission power is set at the mobile stations in

20 response to commands relayed through the base station from
the mobile services center or possibly originating at the
base station. The power must be set at such a level as to
ensure a clear signal but at the same time avoid undue
interference with transmissions of other mobile stations.

25 The job of call monitoring to ensure high quality
service is performed by the processor of the mobile
services center or the base station and becomes very time
consuming, especially at peak load hours when a multitude
of calls are simultaneously in progress. Because of the

30 great demands placed upon the processor's time by the call-
monitoring functién, it may not be feasible to realize
other desirable functions and subscrlber services without
exceeding the- processor's capa01ty.; U51ng the present
invention, the time demands of the call—monitoring function




nnbi]@ services center or base station of a nobile radiotel ephone system
Because of the nobility of transceivers in a nobile radiotel ephone system
the-transm ssion quality of calls in progress is continually varying, as
wi th increased distance, changes in terrain, etc. In order to ensure
adequat,e transm ssion quality and ultinmate satisfaction of the subscriber,
It Is necessary to contipnually nonitor the transm ssion quality of calls in
progress, swtching calls fromone channel to another if transm ssion
quality would thereby be inproved. Anot her factor affecting
transm ssion quality is the transm ssion power of the various nobile
stations. Transm ssion power is set at the 2mobile stations in response to
commands rel ayed through the base station fromthe nobile services center
or possibly ociag et negusted isudhadhah additioned pawsesaing fdmeetlsatthanch
a level as 10greeq up to implement other desirable processing functions.
Another advantage of the present invention may be
described as "optimal performance at overload peaks".

5 Although the aim of system design always is to dimension
the system in such a way that overload peaks during busy
hours are avoided, almost inevitably there will sometimes
be overload situations, since traffic is stochastic. 1In
mobile telephony, the demands on software have increased

10 . more rapidly than hardware has been developed with the
result that overload situations seem to be more and more
frequent. Without the benefit of the present invention,
all connections are caused to suffer equally from the lack
of CPU power during an overload situation. Using the

is5 invention, overloads disturb the overall radio supervision

performance to a much lesser extent.

SUMMARY OF THE INVENTION
According to the present invention, transmission
quality of an ongoing call in a mobile radiotelephone
20 system is monitored by measuring parameters indicative of
transmission quality, evaluating transmission quality
according to the measured parameters, repeatedly measuring
the aforementioned parameters at intervals, and repeatedly
evaluating transmission quality according to the measured
25 parameters at a time interval wvariable according to the
results of the previous evaluation. Effectively, the calls
in progress are divided into different classes according to
transmission quality with some classes requiring monitoring
relatively frequently and other classes requiring
30 | monitoring relatively infrequently. Alternatively, the
waiting interval according to which a call is monitored may
be determined on an individual call-by-call basis.
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ensurg a clear signal but at the same tine avoid undue interference with
transm ssions of other nobile stations. The job of call nonitoring to
ensure high quality service is perfornmed by the processor of the nobile
services center or the base station and beconmes very tinme consum ng,
especially at. peak | oad hours when a nultitude of calls are sinultaneousty -
I n progress. Because of the great denands placed upon the pr.ocessora.s

by the call- nonitoring function, it may ngt be fegsible tih5§w§§ﬁ%Bﬁﬂ dplded
desirabl e functions and subscri ber services w thout exceedi VMI HMIE L
processor's capacity. Using the present invention, the tine

call-nonitoring function -3 -

BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1 is a block diagram of the hardware interface

between the mobile services center and the base station in
a mobile radiotelephone system;

5 Figure 2 is a detailed block diagram of a mobile
station that may be used in conjunction with the present
invention;

Figure 3 is a detailed block diagram of a base station
that may be used in conjunction with the present invention;

10 Figure 4 is a block diagram of measurement handling
processes in the central processor.

Figure 5 is a plan diagram of a éervicg area cell and
its neighboring cells;

Figure 6 illustrates a measurement result message sent

15 from a mobile station to a base station;

Figure 7 is a flowchart representation of a routine
used to locate the best channel for carrying an ongoing
call according to the prior art;

Figure 8 is a flowchart representation of such a

20 routine modified according to the present invention.

Figure 9 is a flowchart illustrating how a monitoring
interval for a call connection may be adaptively set
according to several different factors; and

Figure 10 is a timing diagram illustrating operation

25 of measurement handling with a monitoring interval being
adaptively set.

DETAIIED DESCRIPTION OF THE PREFERRED EMBODIMENTS

Referring now to Figure 1, control communications
between the mobile services center and a base station of a
30 known mobile radiotelephone system are carried out across a
predetermined channel (in this instance, channel 16) of a
larger number of channels (in this instance, 32) defined by
respective time slots in time-division multiplex fashion
and comprising a communications frame exchanged between the



;2- can be reduced such that additional processing tine is then freed up
to |nplenent ot her desirable processing functlons Anot her advant age
of, the present invention may be described as "optimal performance at
overload peaks"”. Although the aimof system design almays IS to dlnen3|on
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mobile services center and the base station on a four-wire
line 11. Slot communications functions are handled by an
exchange terminal circuit ETC on the mobile services center
side and by a multiplexer MUX on the base station side.

5 Data communications are formatted according to the CCITT 7'
standard by a signalling terminal central STC on the mobile
services center side and a signalling terminal regional STR
on the base station side. Overall control of the mobile
services center and the base station is performed by a

10 central processor CP of the mobile services center. Voice
communications,. however, are not directly handled by the
central processor CP but pass uninterrupted through the
multiplexer MUX and the exchange terminal circuit ETC to a
group switching subsystem GSS for proper call routing.

15 The base station consists principally of a number
of autonomous channel units typically including a radio
transmitter TX and a radio receiver RX controlled by a
control unit CU. In addition to a number of voice
channels, N, there is provided a control channel, a channel

20 tester and a signal strength receiver, the last having a
control unit and a radio receiver but no transmitter. The
control channel is used, among‘other things, to set up
calls across the various voice channels. The channel
tester allows trouble-shooting and diagnostics to be

25 performed under control of the mobile services center.

The switching of messages among the various control
units is performed by a regional processor EMRP 13
("extension module regional processor") in cooperation with
a message distributor MD. The EMRP 13 calculates control

30 unit addresses and scans the control units to see if a
message is waiting. The message distributor puts messages
into HDLC -format and converts messages from parallel on the
channel unit side to serial. An additional EMRP 15 is used
to provide a human interface including a simple I/0

35 terminal and various external alarms.



result that overload situations seemto be nore and nore frequent. Wthout

the benefit of the present invention, all connections are caused to suffer

equal ly fromthe |ack of CPU power during an overload situation. Using the

i nvention, overloads disturb the overall radio supervision performance to a

much | gsser, extent. SUMVARY OF THE | NVENTI ON

According to the present invention, transm ssion qualitylhsfShanHas mmall

in a nobil e radiotel ephone systemis nonitored by neasuri

i ndicative of transm ssion quality, evaluating transm ssi

according to the neasured paraneters, repeatedly measuring

af orementi oned paraneters at intervals, and®repeatedly evaluatlng

transm ssion quality according to the neasured paranmeters at, a tine

interval variabl e 3@@09&%&3 tign pf the signal strength receiver will now
be described in detail. The function of the signal
strength receiver is to allow active mobile stations in
neighboring cells to be "located"™ in the event that call

5 quality is so impaired as to require hand-off of the call.

"Locating" may also be considered to be the process of
locating the best base station to handle a call
experiencing quality problems. The signal strength

! receiver cyclically scans all of the system frequencies.

10 The mobile services center, however, specifically instructs
the signal strength receiver to accumulate data concerning
frequencies of active mobile stations in neighboring cells.
The control unit of the signal strength receiver averages
successive samples of these frequencies and sends

15 measurement results to the mobile services center. In the
event hand-off becomes necessary, the mobile services
center can select an appropriate successor base station,
typically the base station measuring the strongest signal
strength on the call frequency.

20 Referring now to Figure 2, an embodiment of a mobile
station that can be utilized in a cellular telephone system
that operates in accordance with the present invention is
illustrated. This particular example pertains to a mobile
station that can be used in a digital communications

25 system, i.e., one in which digitized voice information is
transmitted between base and mobile stations. Furthermore,
the operation of the system is explained in the context of
full-rate transmissions in a time division multiple access
(TDMA) system, in which each packet of'digital information

30 is interleaved over two spaced time slots in a frame of
data. It will be readily appreciated, however, that the
invention is equally applicable to other types of cellular
radio systems, such as those in which information is
transmitted in an analog format, transmitted digitally at

35 half rate, or transmitted in other access modes such as



results of the previous evaluation. Effectively, the calls in progress are
divided into different classes according to transm ssion quality with sone
cliasses requiring nonitoring relatively frequently and other classes
requiring nonitoring relatively infrequently. Alternatively, the waiting
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frequency division multiple access (FDMA} or code division
multiple access (CDMA).

In the mobile station depicted in Figure 2, a speech
coder 101 converts the analog signal generated by a

5 microphone into a binéry data stream. The data stream is
then divided into data packets, according to the TDMA
principle. A fast associated control channel (FACCH)
generator 102 generates control and supervision signalling
messages that are transmitted from the mobile station to

10 the land-based system. The FAACH message replaces a user
frame (speech/data) whenever it is to be transmitted. 2
slow associated control channel (SACCH) generator 103
provides signalling messages that are transmitted over a
continuous channel for the exchange of information between

15 the base station and the mobile station and vice-versa. A
fixed number of bits, e.g., twelve, is allocated to the
SACCH for each time slot of a message train. Channel
coders 104 are respectively connected to the speech coder

) 101, FACCH generator 102, and SACCH generator 103 for

20 manipulating the incoming data in order to carry out error
detection and correction. The techniques used by the
channel coders 104 are preferably convolutional encoding,
which protects important data bits in the speech code, and
cyclic redundancy check (CRC), wherein the perceptually

25 significant bits in the speech coder frame, e.g., twelve
bits, are used for computing a seven-bit check.

A selector 105 is connected to the channel coders 104
associated with the speech coder 101 and the FACCH
generator 102, respectively. The selector 105 is

30 controlled by a microprocessor controller 130 so that, at
appropriate times, user information over a particular
speech channel is replaced with system supervision messages
over the FACCH. A two-burst interleaver 106 is coupled to
the output of the selector 105. Data to be transmitted by

35 the mobile station is interleaved over two time slots. A



-3 BRI EF DESCRI PTI ON OF THE DRAW NGS Figure 1 is a
bl ocK di agram of the hardware interface between the nobile services center

and the base station in a nobile radiotel ephone system Figure 2 is a
detai l ed bl ock di agram of a nobile station that may be-.used in _conjunction
with the preSent jnvention; Figure 3 is a detailed block diagramof a
base station that may be used in conjunction with the pr et sed
Figure 4 is a bl ock diagram of neasurenment handling proce u l ]i
central processor. Figure 5 is a plan diagramof a s |
and its neighboring cells; Figure 6 illustrates a neasurenent result

nessage sent froma nnblle station to a basé 3tation;

packet of 260 data bits, which constitute one transmitting
word, is divided into two equal parts and is interleaved
over two different time slots. The effects of RAYLEIGH
fading are reduced in this manner. The output of the two-.
5 burst interleaver 106 is provided to the input of a modulo-
two adder 107 so that the transmitted data is ciphered bit-
by-bit by logical modulo-two-addition of a pseudo-random
bit streanm.
The output of the channel coder 104 associated with
10 the SAACH generator 103 is connected to a 22-burst
interleaver 108. The 22-burst interleaver 108 interleaves
data transmitted over the SACCH over 22 time slots each
consisting of 12 bits of information.
The mobile station further includes a Sync Word/DVCC
15 generator 109 for providing the appropriate synchronization
word (Sync Word) and DVCC (digital verification color code)
to be associated with a particular connection. The Sync
Word is a 28 bit word used for time slot synchronization
and identification. The DVCC is an 8-bit code which is
20 - sent by the base station to the mobile station and vice-
verse, for assuring that the proper channel is being
decoded.
A burst generator 110 generates message bursts for
transmission by the mobile station. The burst generator
25 110 is connected to the outputs of the module~two-adder
107, the 22-burst interleaver 108, the Sync Word/DVCC
generator 109, an equalizer 114, and a control channel
message generator 132, to integrate the various pieces of
information from these respective units into a single
30 message burst. For example, according to the published
U.S. standard EIA/TIA IS-54, a message burst comprises data
{260 bits), SACCH (12 bits), Sync Word (28 bits), coded
DVCC {12 bits), and 12 delimiter bits, combined for a total
of 324 bits. Under the control of the microprocessor 130,
35 two different types of message bursts are generated by the



Figure 7 is a flowhart representation of a routine used to |ocate the best
channel for carrying an ongoing call according to the prior art;
Figure 8 is a flowhart representation of such a routine nodified according

to the present invention. Figure 9 is a flowhart 4++ustraling how a.
nonitocting Lmterval for a call connection may be adaptiv set accordlng
to several different factors; and Figure 10 is a t| w*d
illustrating operation of neasurenent handling with a nDn I
bei ng adapti.vely set. DETAI LED DESCRI PTI ON OF THE

EMBODI MENTS Referring now to Figure 1, control connunlcatlons betmeen

the nobile services center and a base statl%n of a known nobile
radi ot el ephon%u%sé eégr?éreaé;& rif&lz Oc%n&%f “chahnel message bursts from
. the control channel message generator 132 and voice/traffic
message bursts. The control channel message replaces the
SACCH as well as the speech data normally generated in a
5 voice/traffic burst.

The transmission of a burst, which is equivalent to
one time slot, is synchronized with the transmission of
other time slots, which together make up a frame of
information. For example, under the U.S. standard, a frame

10 comprises three full-rate time slots. The transmission of
each burst is adjusted according to timing control provided
by the equalizer 114. Due to time dispersion, an adaptive
equalization method is provided in order to improve signal
quality. For further information regarding adaptive

15 equalization techniques, reference is made to U.S. Patent
No. 5,088,108 granted February 11, 1992, and assigned to
the same assignee. Briefly, the base station functions as
the master and the mobile station is the slave with respect
to frame timing. The equalizer 114 detects the timing of

20 an incoming bit stream from the base station and
synchronizes the burst generator 110. The equalizer 114 is
also operable for checking the Sync Word and DVCC for
identification purposes.

A frame counter 111 is coupled to the burst generator

25 110 and the equalizer 114. The frame counter 111 updates a
ciphering code utilized by the mobile station for each
transmitted frame, e.g., one every 20 ms. A ciphering unit
112 is provided for generating the ciphering code utilized
by the mobile station. A pseudo random algorithm is

30 preferably utilized. The ciphering unit 112 is controlled
by a key 113 which is unique for each subscriber. The
ciphering unit 112 consists of a sequencer which updates
the ciphering code.

The burst produced by the burst generator 110, is

35 forwarded to an RF modulator 122. The'RF modulator 122 is



predeterm ned channel (in this instance, channel 16) of a |arger nunbér of
channel's (in this instance, 32) defined by respective tinme slots in
ti.me-division nmultiplex fashion and conprising a conmuni cati ons frame

exchanged between the
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operable for modulating a carrier frequency according to
the 7/4-DQPSK method (w/4 shifted, Differentially encoded
Quadrature Phase Shift Keying). The use of this technique
implies that the information is differentially encoded,

5 i.e., 2-bit symbols are transmitted as four possible
changes in phase: + #/4 and + 3w/4. The transmitter
carrier frequency supplied to the RF modulator 122 is
generated by a transmitting frequency synthesizer 124 in
accordance with the selected transmitting channel. Before

10 the modulated carrier is transmitted by an antenna, the
carrier is amplified by a power amplifier 123. The RF
power emission level of the amplifier is selected on
command by a microprocessor controller 130.

A receiver carrier frequency signal is generated in

15 accordance with the selected receiving channel by a
receiving frequency synthesizer 125. Incoming radio

frequency signals are received by a receiver 126, the
strength of each signal being measured by a signal level
meter 129. The received signal strength value is then sent
20 to the microprocessor controller 130. An RF demodulator
127, which receives the receiver carrier frequency signal
from the receiving frequency synthesizer 125 and the radio
frequency signal from the receiver 126, demodulates the
radio frequency carrier signal, thus generating an
25 intermediate frequency. The intermediate frequency signal
cis then demodulated by an IF demodulator 128, which
restores the original wv/4-DQPSK - modulated digital

information.
The restored digital information provided by the IF
30 demodulator 128 is supplied to the equalizer 114. A symbol

detector 115 converts the received two-bit symbol format of
the digital data from the equalizer 114 to a single-bit
data stream. The symbol detector 115 in turn produces
three distinct output signals. Control channel messages

35 are sent to a control message detector 133 which supplies



nobil e services center and the base station on a four-wire line 11. Sl ot
communi cations functions are handl ed by an exchange termnal circuit ETC on
t he nobil e services center side and by a nultiplexer MJX on the base
station side. Data comunications are formatted according—to—the€C+TT 7

standar.d by.a signalling termnal central STC on the ”D9%$§m£ﬁ%¥h §£ ggger
side and a signalling term nal regi onal STR on the base S

Overall control of the nobile services center and the bas

perfornmed by a central processor CP of the nobile serV|c

comuni cations, however, are not directly Randled by the central processor
CP but pass uninterrupted through the nultiplexer MJUX and the exchange

termnal cir cabtte@t‘@d htPHAY F&tﬁﬂﬂéih'l@&o‘i&hl&%i%‘ne BCERS qgio%%qﬁ?ésa;dfr
(0] er o

routing. e base station consists principally

aut ononous ch&ﬁﬁ‘é‘lr%‘]-let% 13y c & MPGHIQ-¥ion Gdaeradiod amigh enitMasburstand a
radi o recei vedeR¥tegllda¥dred 18y reconstruct the speech data/FACCH data by

assembling and rearranging information from two time slots
5 of the received data. The symbol detector 115 supplies
SACCH data to a 22-burst deinterleaver 117. The 22-burst
deinterleaver 117 reassembles and rearranges the SAACH data
spread over 22 consecutive frames.
The two-burst deinterleaver 116 provides the speech

10 data/FACCH data to two channel decoders 118. The
convolutionally encoded data is decoded using the reverse
of the above-described coding principle. The received
cyclic redundancy check (CRC) bits are checked to determine

cif any error has occurred. The FACCH channel coder

i5 furthermore detects the distinction between the speech
channel and any FACCH information, and directs the channel
decoders 118 accordingly. A speech decoder 119 processes
the received speech data from the channel decoder 118 in
accordance with a speech coder algorithm (e.g., VSELP), and

20 generates the reéeived speech signal. The analog signal is
finally enhanced by a filtering technique. Messages on the
fast associated control channel are detected by a FACCH
detector 120, and the information is transferred to the
microprocessor controller 130.

25 The output of the 22-burst deinterleaver 117 is
provided to a separate channel decoder 118. A SACCH
detector 121 detects messages on the slow associated
control channel and transfers that information to the
microprocessor controller 130.

30 The microprocessor controller 130 controls the mobile
station activity and the base station communication, and
also handles the terminal keyboard inpdt and display output
131. Decisions by the microprocessor controller 130 are
made in accordance with received messages and measurements

35 that are made. The keyboard and display unit 131 enable



control unit CU In addition to a nunber of voice channels, N, there is
provided a control channel, a channel tester and a signal strength
receiver, the last having a control unit and a radio receiver but no
transmtter. The control channel is used, anpong other things, to set up.._ _
calls gcross.the various voice channels. The channel tester allows
troubl e- shooting and diagnostics to be performed under cdﬁ et &*ﬁkehwd
nobi | e services center. The switching of nessages anp ml
control units is perforned by a regional processor EMRP 13

nodul e regi onal processor”) in cooperatlon w th a nessage dlstrlbutor

The EMRP 13 cal cul ates control unit addressks and scans the control unlts
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serial. An addittatdmai. EMRP 15 is used to provide a human interface
Including a Si”pleﬂféare 3 illustrates an embodiment of a base station
_ that can be utilized in a cellularltelephone system that
5 operates in accordance with the present invention. The
base station incorporates numerous component parts which
are substantially identical in constructions and function
to component parts of the mobile station illustrated in
Figure 2 and described in conjunction therewith. Such
10 identical component parts are designated in Figure 3 with
the same reference numerals utilized hereinabove in the
description of the mobile station, but are differentiated
therefrom by means of a prime (') designation.

There are, however, some distinctions between the

15 mobile and base stations. For instance, the base station
has two receiving antennas. Associated with each of these
receiving antennas are a receiver 126', an RF demodulator
127', and an IF demodulator 128'. Furthermore, the base
station does not include a user keyboard and display unit

20 131 as utilized in the mobile station.

Digital systems of the type described in connection
with Figures 2 and 3 involve a significantly increased
number of measured parameters. This by itself results in

_ increased demands on processing power. Such a system may

25 furthermore use mobile stations that continuously perform
measurements on the control channels of neighboring base
stations. Such a technique allows for improved locating as
will presently be described.

In analog mobile telephony, the higher the signal

30 strength, the higher the speech quality. This is only true
in digital telephony to a limited extent; when all bit
errors can be corrected, an additional increase of signal
strength will not give rise to any improvement in speech
gquality. In fact, even when this sufficient signal



term pal and various external alarns. _ _ ~The operation of the
signal strength receiver will now be described in detail. The function of
the signal strength receiver is to allow active nobile stations in

nei ghboring cells to be "located" in the event that call. .. ___ ____
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strength level is reached, there may still be reason for
handoff.
If the locating algorithm indicates that the same
speech quality may be obtained by using a neighboring base
5 station but at a lower power level, a change to the
neighboring base station will be beneficial. If all
mobiles strive for sufficient speech quality at minimum
power level, the total transmitting power in the network
will be decreased. This decrease in total transmitting
10 pover, especially in high-density traffic areas, will lead
to an improved C/I (carrier-to-interference) ratio, which

results in better radio performance overall.
In a proposed digitél system, for example, the
locating algorithm continuously calculates the expected

15 power decrease that a handoff would give for each of the
surrounding base stations (up to a maximum of 32) while
still maintaining sufficient speech quality. This is done
by comparing the received signal strength measured by a
mobile station with the known transmitted output power from

20 the base station in question to arrive at a measure of
"path loss" or "distance attenuation”. For example, the
mobile station measures the downlink (base station to
mobile station) quality and signal strength on the current
connection, as well as the signal strength from surrounding

25 base stations. In addition, the base station measures the
uplink quality and signal strength as received from the
mobile station. About twice a second, these measurements
are reported to the base station. The measurements are
evaluated through the use of extensive algorithms.

30 Occasionally, the results of these evaluations may be, for
example, a handoff of the mobile station to another base
station, or a power change order sent to the mobile
station. ' :

Therefore, whereas the more conventional approach to

35 locating and handoff simply attempts to maintain good



quaILty is so inpaired as to require hand-off of the call. "Locating" may
al so be considered to be the process of |ocating the best base station to_._-
handl e a call experiencing quality problenms. The signal strength receiver

cyclically scans all of the system frequencies. The nobi | dhis © laged
however, specifically instructs the signal strength receivet w e
data concerning frequencies of active nobile stations in ne S.
The control unit of the signal strength receiver averages successive
sanpl es of these frequencies and sends neasurenent results to the nobile

services center. In the event hand-off becones necessary, the nobile
services center can select an appropriate'S&écéssor base station, typically

roquency.  SUalEERY] Rt FocaRIAREI 0NN di st RETRtaRn, SRss (@Bl
station that cegumabétyt ati médimuma teelnsmidting poweme syhtiemnew strategy
(continuous evaluation) obviously requires more processing
power, especially when the number of surrounding base
5 stations is high. Even the more conventional approach to
locating and handoff will involve increasingly extensive
.computations as the number of measured parameters increases
in the transition from analog to digital systems. The
present invention may therefore be used to advantage in all
10 types of radiotelephone systems both analog and digital,
including both systems designed to maintain good call
quality at minimum transmission power and systems designed
to maintain good call guality only. :
The measurement handling functions of the central
15 " processor may be realized using several different
measurement handling processes as illustrated in Figure 4.
Each process is duplicated for each active connection.
An active channel measurement handling process ACM
receives the contents of a measurement result message from
20 ‘'each active mobile station about twice a second. The
measurement result message may have the form illustrated in
Fig. 6, for example. Following a field identifying the
type of message as a measurement result message, measured
bit error rate (BER) and signal strength (SS) for the
25 connection's own channel is presented in a pair of fields,
after which signal strength only of n additional channels
is presented in n equal-length fields. The status of the
data is interpreted and stored for each message. The 64

most recent data generations are stored.

30 A locating process LOC requests data (for one or more
generations) from ACM. The measurements are processed.
When found suitable, a handoff to another connection is
proposed to the call handling function in the central
processor.



.thafﬁoperates I n accordance with the present invention is illustrated. This
particul ar exanple pertains to a nobile station that can be used in a
digital communications system i.e., one in which digitized—voice -
information is transmtted between base and nobile statjrhqnﬁ._et {ﬁﬁﬁﬁ&ﬁ&ﬁ1

the operation of the systemis explained in the context 1
transm ssions in a time division nultiple access (TDWVA) E ummﬂn’ml:h
each packet of digital information is interl eaved over t

slots in a frane of data. It will be readily appreciated, however, that the
invention is equally applicable to other types of cellular radio systens,
such as those in which information is transa*tfed in an anal og format,

transmitted digitally at half r t%" or transnitt%d i n other access nodes
such as- A power regulation process requeﬁggL Nf°§H€E?

or more data generations) from ACM. The measurements are
processed. When found suitable, a new transmitting power
is sent to the mobile station.

5 A disconnect proposal process DISC requests data (for
one or more data generations) from ACM. The measurements
are processed. When found suitable (for example, when the
mobile station is lost or not acting properly), an abortion
of the current connection is proposed to the call handling

10 function in the central processor.

In addition, recording and statistic functions may be
activated for some connections/cells using a statistics
process STATS.

According to the foregoing arrangement, since numerous

15 parameters must be stored and evaluated for each busy
system channel, the channel monitoring task becomes a
significant burden on the central processor CP of the
mobile services center. at peak demand hours, for example,
the mobile services center may supervise hundreds of calls

20 in progress simultaneously, resulting in thousands of
signal strengths to be continually updated and evaluated.

The present invention alleviates the aforementioned
processing burden by recognizing that not each channel
requires equal monitoring and by allocating processor

25 monitoring time on the basis of need rather than
indiscriminantly. For example, referring to Figure 5, the
channel used by a mobile M, in the immediate vicinity of the
base station will inevitably require less monitoring
attention than a channel used by a mobile station M, located

30 near the cell border.

The improvement of the present invention may be better
appreciated with reference to Figure 7, representing the
locating function performed by the central processor CP of
the mobile services center or the base station in a

35 conventional mobile radiotelephone system. In a first step



- 6- frequency division multiple access (FDVA) or code division multiple
access (CDMA) . In the nobile station depicted in Figure 2, a speech
cqder 101 converts the analog signal generated by a m crophone into a
blnary data stream The data streamis then divided i-ato-data packets, .

accordi.ng ta +he TDVA
This Sheet Has Been Re placed

A llll

S1, signal strengths and associated parameters are
collected from the signal strength receivers and voice
channel units. In steps S2-S4, each of the channels is
monitored'in'turn, and if the channel is busy, it is

5 ascertained whether the maximum signal strength is that of
the base station presently handling the call or of ahother
base station (step S5). If reception at another base
station is clearer than at the base station presently
handling the call, then the call will be handed off to the

10 better qualified base station if possible in step S8.
Also, even if signal strength is maximum at the base
station presently handling the call, if the quality Q of
the call is not greater than a minimum acceptable quality
Q, iy OF if the distance of the mobile from the base

15 station is greater than a maximum acceptable distance Alim'
then the call will also be handed off. This procedure is
repeated for each of the channels (for example, 312 voice
channels), and the locating routine then runs to

- 15 -

completion.

20 In one embodiment of the present invention, on the
other hand, channels are placed in different classes
depending on the previously-noted characteristics of the
channel. Whether or not hand-off is required is evaluated
at different time intervals for the different classes.

25 Initially, all of the channels may be placed in a first
class having the shortest evaluation time.

Referring now to Figure 8, in a first step S1, signal
strength and associated information is collected as in the
prior art. In steps S2 and S3, however, one of the

30 designated classes of channels is chosen in its given turn
and it is determined whether the evaluation time Toiass has
expired. If the time has not yet expired, the routine
immediatély runs to completion. If the evaluation time has
expired, stored data relating to the first channel in a

35 list of channels in that particular class is retrieved and



prinejple. A fast associated control channel (FACCH) generator 102
generates control and supervision signalling nmessages that are transmtted
fromthe mobile station to the |and-based system The FAACH nessage
replaces a user frane (speech/data) whenever it is to be tfaﬁSﬁT%ted A —
sl ow associ ated control channel (SACCH) generator 103 provi n
messages that are transmtted over a continuous channel fogqg méh%s “nRe %ﬁ
information between the base station and the nobile station
A fixed nunber of bits, e.g., twelve, is allocated to the S
time slot of a nessage train. Channel coder; 104 are respectlvely connected
to Fhelspeech coder 101, FACCH generator ~and SACCH generator 103 for
mani pu atlng e i ncqQmi.n ta in % y
correction. Ve ss?rgg: %{ cglr?%ﬂ{ej” T S%ri%%r a?(?&&;egf er ag{ﬂji
convol ut i onal ssocodmlfgthmmlanmed.t det busypomdamtmla tsats |§¢‘Q rengdpctad
code, and in steps S6-58 as in the prior art routine. At the end of
the tests, however, the composition of the channel list is
5 adjusted as necessary.
In steps S9, a difference is formed between the signal
strength of the channel at the base station handling the
call and the maximum signal strength. Based on the
difference S, a time interval TIME_S is determined as a
ic function of §. The function may be a linearly increasing
function or may be a stepwise increasing function.
Similarly, time intervals TIME Q and TIME_A are determined
as functions of call quality Q and the mobile station
distance A. An optimum waiting time between evaluations of
i5 that particular channel is then determined as the minimum
of TIME_S, TIME_Q, and TIME_A in step S10. The channel is
then assigned to a class as a function of the optimum
waiting time T WAIT. If the assigned class CL is the same
as the channel's present class CLASS, as determined in step
20 S11, the next channel on the list is then retrieved.
Otherwise, the channel is deleted from its present class

and added to its newly assigned class in step S12. 1In like
manner,.when calls are first initiated they are added to a
first class having a shortest waiting time, and when calls

25 are terminated, the corresponding channel is deleted
entirely from the class lists. When the last channel in
the list has been processed as determined in step S14, the
locating function then runs to completion. At a next
iteration, a subsequent class having a greater waiting

30 period is then processed.

Instead of grouping.calls into classes according to
their need for monitoring and evaluation, it may be
preferable for each connection to be supervised
autonomously on an individual basis. 1In this instance an

35 evaluation time T WAIT may be associated with each



ycllc redundancy check (CRC), wherein the perceptually significant bits in
the speech coder frame, e.g., twelve bits, are used for computing—a— —-—- -
seven-bit check. A selector 105 is connected to the ag & der. é
associated with the speech coder 101 and the FACCH gener at %" °]“e
respect. vel y... The.sel ector 105 is controlled by a n1croprog I"H

130 so that, at appropriate tines, user information over

speech channel is replaced with system supervi sion nessages over t he FACCH. .
A two-burst interleaver 106 is coupled to the output of the sel ector 105.
D?ta toAPe transmtted by the nobile statlgg Is interl eaved over two tine
slots -

connection. The evaluation times may be timed using a
timer module to notify the processor when each connection
is to be evaluated.
System performance may be further improved by
5 considering other factors besides radio measurements in
allocating processor time. Actual processor load may be
considered such that during low traffic, the few
connections active can all use a short T WAIT value
unconditionally, as there is no need to cut down processor
10 load. Another consideration may be cell type. For some
cell types, radio transmission quality can deteriorate more
rapidly than for other cell types. For example, in the
center of large metropolitan areas, "street corner effects"
can be expected whereby transmission quality may be
15 significantly affected by a change in direction by a mobile
station. For more trouble-prone cell types, T WAIT values
should be restricted to shorter values (more frequent
monitoring) than might be the case otherwise.
' The details of how such a strategy may be implemented
20 will now be described. Referring to Fig. 9, the monitoring
interval T_WAIT for a call connection may be set according
to the factors just mentioned. The first step is to assign
a nominal value of T WAIT, T _WAIT_NOM. This value is then
multiplied in three steps by weight functions corresponding
25 to processor load, cell type, and radio conditions,
respectively. These weight functions are assigned values
in the following manner.
To assign an appropriate weight value to account for
actual processor load, the current processor load is read
30 from the system. Processor load may be monitored, for
example, by timing processor idle time during a given
interval. The weight value is then assigned according to
the weight function
W(load) = (current processor load(%)/80)2,



= 7- packet of 260 data bits, which constitute one transmtting word, is
divided into two equal parts and is interleaved over two different tine
sl,ots. The effects of RAYLEIGH fading are reduced in this manner.” The
output of the two- burst interleaver 106 is provided to thehi SHettHaOBeeR Replaced
nmodul o-. two .adder.107 so that the transmtted data is cipher

by | ogi cal nodul o-two-addition of a pseudo-random bit strea

out put of the channel coder 104 associated with the SAACH generator 'S

connected to a 22-burst

- 18 -

where the power of two ensures that during low traffic the
T WAIT period is kept sufficiently short. Assuming
processor load will vary between 10% - 100%, the interval
of W(load) will thus be:
5 Possible W(load) values: (0.016 .. 1.56).

As previously mentioned, one problem to be considered
is that in some cells measurement data can change rapidly.
For example, in the case of a cell consisting of one
street, suddenly traveling around a corner results in a

10 more or less instant drop in signal strength. In cells of
this type (with a high risk of fast changes in measurement
data), the use of high 'T_WAIT' values is restricted. For
this purpose, a "Cell Type" parameter may be used. This
parameter denotes the probability of fast changes in

15 reported measurement data for the current cell (that is,
fast compared to the time over which measurement data are
averaged). To assign an appropriate weight value to
account for cell type, a straight-forward method is to
classify the cell type in one of (say) five classes,

20 indicating a range from "very low probability for fast
changes" to "very high probability for fast changes".
Weight values to account for cell type may be set within a
range as follows:

Possible W(cell) values: (0.5 .. 2).

25 In some instances, the aforementioned "Cell Type"
parameter may be realized in conjunction with another
parameter. In the Ericsson CME20 mobile radiotelephone
system implementation, for example, there is already a
parameter type reflecting the cell characteristic indicated

30 above, namely weighting parameters intended for locating
averaging. The most recent samples are multiplied by
associated weighting values. For example, averaging (e.g.,
of signal strength) méy be performed over the five most
recent samples. 1In a cell where no fast changes in signal

35 strength are likely to happen (e.g., a flat call with no



intehleaver 108. The 22-burst interleaver 108 interl eaves data transmtted

over the SACCH over 22 tine slots each consisting of 12 bits of
i nf or mat i on. The mobil e station further includes a Sync Wrd/ DVCC

generator 109 for providing the appropriate synchronization word (Sync
Wrd) and DVEC (digital verification color code) to b&hiaSbetliaBes Raplidad a

particular connection. The Sync Wrd is a 28 bit word u | ot
synchroni zation and identification. The DVCC is an 8- bi s sent

by the base station to the nobile station and vice- verse, for assuring
that the proper channel is being decoded. A burst generator 110
generates nessage bursts for transmissior By the nobile station. The burst
generator 110 is.connected tp the outputs of the _nodul e-two-adder 107, the

22-burst i nt ePPERACHHE el R rFHRIC SRRdr Hshibing prrperers,
114, and a conuyd, ayshel/5, 1/5, 1/5) might be appropriate. This

indicates that all samples are given the same weight. In a
cell where fast changes of signal strength are likely to

5 happen (e.g., a "street cell"), the system has to react

' very fast to changes, applying an extra weight to the most

recent measurement samples. This is achieved by setting
parameter values to (1/2, 1/4, 1/8, 1/16, 1/16) for
example. This weighting represents a "stiff" parameter
10 setup, stressing the importance of the most recent samples.
Determining a weight function to account for radio
measurements is somewhat more involved. 1In a proposed
digital system, a handoff to a new cell may be attempted
for any of the following reasons: a better cell for
15 handling the call has been found, call quality has
unacceptably deteriorated, or the distance of the mobile
station and the base station has become too great.
Whenever a neighboring cell is found to be
significantly superior to the current cell, a handoff is
20 attempted. The comparison is made using a proper unit,
such as path loss or signal strength. A weight value
W(better cell) is chosen, proportional to the difference
between current cell and the best neighboring cell. The
value is chosen in the interval (0.5 ... 2.0). Thus, if
25 the gap to the second best cell is very large, the result
is W(better cell) = 2.0.
When the quality of the current connection, determined
from the bit error rate, has fallen below a certain limit
(preset by operator), a handoff is attempted. A weight
30 value W(bad quality) is chosen, proportional to the
difference between actual measured quality and the present
alarm limit. The value is chosen in the interval (0.5 ...
2.0). Thus, if the gap to the alarm limit is very large,
the result is W(bad quality) = 2.0.



nessége generator 132, to integrate the various pieces of information from
these respective units into a single nmessage burst. For exanple, according
tqQ the published U S. standard EIA/ TIA | S-54, a nessage bufst--conprises. . .

data (260 bits), SACCH (12 bits), Sync Wrd (28 bits), cﬂg%ﬂ DMCC (12
bits), .and 12 delimter bits, conbined for a total of 32 MFF’WEWW%
S

control of the m croprocessor 130, two different types of

are generated by the
REPLACEMENT SHEET :
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When the actual distance between the mobile station
and the base station, determined from the timing advance
information field, has exceeded a limit (preset by the
system operator), a handoff is attempted. A weight value
5 W(distance) is chosen, proportional to the difference
between actual:measured distance and the preset alarm
limit. The value is chosen in the interval (0.5 ... 2.0).
Thus, if the gap to the alarm limit is very large, the
result is W(distance) = 2.0.
10 The final value of W(radio) is then selected in the
following way with a value range of 0.5 to 2.0:
W(radio) = MIN{ W(better), W(quality), W(distance)).
The total value range for T WAIT is therefore:
T_WAIT(min) = (0.016) #* (0.5) * (0.5) * (0.5) #
15 T_WAIT NOM
T_WAIT(max) = (1.56) * (2.0) * (2.0) * (2.0) #
T_WAIT_ NOM
Assuming a nominal T WAIT value of 200 ms at a
processor load of 80% (T WAIT NOM - 200 ms), the value
20 range will be:
T_WAIT(min) = 0.002 * 200 ms = 0.4 ms
T WAIT(max) = 12.5 * 200 ms = 2.5 s
An example of the operation of measurement processes
for call monitoring according to the present invention will
25 now be given with reference again to Fig. 4. In this
example, different evaluation times are set for each active
connection. For each active connection, measurement
handling comprises the following steps:

(1) RECEIVE MEASUREMENT DATA (ACM)
30 UNPACK DATA
CHECK STATUS OF DATA
STORE DATA

(2) FETCH MEASUREMENT DATA FROM
ACM (LOC, PWR, DISC)
35 - EVALUATE DATA
(POSSIBLE) ACTIONS



-8- burst generator 110: control channel message bursts fromthe control
channel message generator 132 and voice/traffic message bursts. The control
channel nessage replaces the SACCH as well as the speech data normally
generated in a voice/traffic burst. . The transm ssion of a burst, which
I s equiyval ent. to one tine slot, is synchronized mﬁth“fﬁé'transnissibn of
other tine slots, which together nmake up a frane of ThifSheerdiks Bee W

i -

p
exanpl e, under the U S. standard, a frane conprises tglnﬂ !“I

slots. The transm ssion of each burst is adjusted acc

control provided by the equalizer 114 I spersion,
adaptive
The "service" function, ACM, receives measurement
result data at a rate of about twice per second. When data
are unpacked, checked and stored, ACM does nothing besides
keep the data available, waiting for the next measurement
5 result message to arrive.

The "user" functions (LOC, PWR and DISC), related to
the same connection as ACM above, are not synchronized to
either ACM or each other. That is, LoC, for example, does
not know when new data has arrived at ACM. This implies

10 that after an evaluation, LOC has to decide by itself at
which time the next request for data shall be sent to ACHM.
The same applies to PWR and DISC.
This time delay until the next data request is the
time T WAIT referred to. If the waiting interval is too
15 short, the probability that new measurement data has
arrived at ACM is low, and an unnecessary processor load is
caused. If the waiting interval is too long, an undesired
delay is caused which can be critical in the instance of
handoff or power regulation decisions.
20 Figure 10 exemplifies timing for processes related to
one connection; In the figure, the character "L_."
indicates, with respect to ACM only, that a new message
with data has arrived from the measurement result process.
With respect to LOC, PWR and DISC, the character "L "
indicates a time at which new measurement data are
requested from ACM; if new data has arrived since the last
requested time, they are returned to the requesting
process. For the purposes of illustration, the example
follows the LOC process. At time=(1), the LOC function
30 gets new data. After evaluation, these data indicate a

25

not-too-perfect radio connection. To avoid delay, LOC

decides to check for new data already at Time=(2); i.e.,

after a short delay T WAIT. However, at Time=(2), no new

data has been received by ACM. This is observed by LOC.
35 The Delay T _WAIT is kept short. At Time=(3), new



equal j zation nmethod is provided in order to inprove signal quality. For
further information regardi ng adaptive equalization techni ques, reference
is made to U S. Patent No. 5,088,108 granted February 11, 1992, and
assigned to the same assignee. Briefly, the base station functions as the
master .and the nobile station is the slave with respect o frane t|

The equalizer 114 detects the timng of an incom ng bit 'F
base station and synchroni zes the burst generator 110._Th
al so operabl e for checking the Sync Wrd and DVCC f or |de
pur poses. A frame counter 111 is coupled to the burst generator 110

and the equalizer 114. The frame counter 1142 updates a ci phering code
one every

20 . A of phaitii teieih 104FE a6, FREALVER genb STrheATen cofiitheRg Boge
utilized by th%aﬁmbim@&saeﬁsonhOWeweEudbhahnﬂba1aﬂgmenthnadto connection
" has recovered. Thus, LOC decides to increase the value of
T _WAIT. At Time=(4), a request for new data is sent to
5 ACM.

According to the foregoing method, processor time is
conserved without being expended unnecessarily evaluating
strong channels, or equivalently, processor time is
allocated to tasks for which it is most needed, namely

10 evaluating weak channels. Saved processor time may
therefore be used to realize additional system functions
aside from maintaining high sound guality throughout the

system. The same method may be used to advantage in
connection with any function applied to the voice channels

15 of a mobile radiotelephone system using the processor
capacity of the mobile services center.

The "T WAIT" method detailed above is most effective
in applications where signalling is reasonably cheap (in
terms of consumed CPU time). Otherwise, short "T WAIT"

20 times will lead to extensive signalling, which itself
becomes a load problem. In situations where extensive
signalling is undesirable, an alternate approach may be
used to advantage. This'may be the case, for example, in
the European GSM system.

25 In the approach detailed above, locating and power
regulation are performed by processes running
asynchronously with respect to each other, each responsible
for fetching its own measurement data from the ACM process.
An alternative approach is to merge together ACM, LOC, and

30 PWR into one process obviating the need for signalling
between processes. When measurement data arrives from the
radio base station, the ACM part of the process is
executed. When this part of the process is completed such
that measurement data are unpacked and stored, execution of

35 the LOC part follows. LOC may nhow be used to make an



preferably utilized. The ciphering unit 112 is controlled by a key 113

whi ch is unique for each subscriber. The ciphering unit 112 consists of a
sequencer whi ch updates the ciphering code. The burst -produced—by- the
burst generator 110, is forwarded to an RF nodul at or h&%Sh&hﬁ“EEmmgiH&Qtor

122 is,

10

15

20

25

e ©
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evaluation of measurement data if necessary. However, it
may also be decided in LOC to skip this evaluation (or even
more evaluations), if the radio situation is considered
stable. In this case, the execution of PWR starts, etc.

By deciding for how many measurement generations
including the current generation that evaluation can be
skipped, basically the same result is achieved as when the
"T_WAIT" technique is used. The difference is that the
waiting time is expressed, for example, in terms of "skip
evaluation for the next four measurement generations"
instead of "set T_WAIT value equal to two seconds" as
described above. The basic principle in either
implementation remains letting the urgency of measurement
evaluation reflected in a waiting time value. However, the
actual environment (hardware, operating system) will of
course be reflected in the actual details of implementation
as will be apparent to one of ordinary skill in the art.

It will be appreciated by those of ordinary skill in
the art that the present invention can be embodied in other
specific forms without departing from the spirit or
essential character thereof. The presently disclosed
embodiments are therefore considered in all respects to be
illustrative and not restricted. The scope of the
invention is indicated by the appended claims rather than
the foregoing description, and all changes which come
within the meaning and range of equivalents thereof are
intended to be embraced therein.



operable for nodulating a carrier frequency according to,ﬁp SK
nmethod ([err]/4 shifted, Differentially encoded Quadraturé
Keyi ng). The use of this technique inplies that the |nfor
differentially encoded, i.e., 2-bit synbols are transnltte
possi bl.e changes in phase: + [err]/4 and + 3[err]/4. The transn1tter
carrier frequency supplied to the RF nodul ator 122 is generated by a
transmtting frequency synthesizer 124 in accordance with the sel ected
transnmtting channel. Before the nodul ated carrier is trtmmmﬂﬂeum
antenna, the carrier is anplified by a powe4 anplifier HHRE""
eni ssion |level of the anplifier is selected on command by *a c?oﬁ%oé@sgor
controll er 13WHAT IS LTAIMENESxTarrier frequency signal is generated in
accordance with thq sel %%&J{&&%wﬁ&fwfm DA R o NgudT PEYESEYa

synt hesi zer 125. Incon1n
call in a moblle radiotelephone system, comprising the

steps of:

5 measuring properties of a radio channel carrying said
call at a plurality of receiver sites to yield a plurality
of measurements;

evaluating said measurements;
repeating said measuring step at intervals;

10 repeating said evaluating step at a variable time
interval equal to the smallest value of a set comprising a
first value determined from a measurement indicative of
quality of reception at a receiver site presently handling
said call, a second value determined from a measurement

15 indicative of a distance of a mobile station party to said
call from said receiver site presently handling said call,
and a third value determined from a difference between a
signal strength measurement at said receiver site handling
said call and a greatest signal strength measurement at the

20 remaining receiver sites; and

issuing a command calculated to improve said
transmission quality. |

2. An apparatus for monitoring transmission quality
of a call in a mobile radiotelephone system comprising:

25 means for measuring properties of a radio channel
carrying said call at a plurality of receiver sites to
yield a plurality of measurements;

means for evaluating said measurements;
means for repeating said measuring step at intervals;

30 means for repeating said evaluating step at a variable
time interval equal to the sﬁallest value of a set
comprising a first value determined from a measurement
indicative of quality of reception at a receiver site
presently handling said call, a second value determined



frequency signals are received by a receiver 126, the strength of each
signal being neasured by a signal |evel neter 129. The ren@smdmgmgkmced

strength value is then sent to the m croprocessor control
denodul ator 127, which receives the receiver carrier frequ Euﬂmwgﬂi’r t)m
the receiving frequency synthesizer 125 and the radio freq om
the receiver 126, denodul ates the radio frequency carrier signal, thus —
generating an internedi ate frequency. The internediate frequency signal is

t hen denodul ated by an | F denodul ator 128, which restores Im e II
[err]/4-DQPSK - nodul ated digital inforrra;i%g._ The relzl ﬂﬂlmﬂﬂ III"IIII
I nformati on provided by the |IF denodul at or 8 is supplied to % hé efuaPfi zer

114. A synbol f’f&?cé%?#eé%%:g%ﬁlﬁiﬁdﬁgti%e&feg %‘Qg%éasééft)&'mwif@t of

the digital data from I zer to a sing _data stream The
synbol det ect otaten paxkw e osidt@dscall from said receiver site .

presently handling said call, and a third value determined
) from a difference between a signal strength measurement at
5 said receiver site handling said call and a greatest signal
strength measurement at the remaining receiver sites; and
means for issuing a command calculated to improve said
transmission quality.

3. A method of monitoring transmission quality of a
10 call in a mobile radiotelephone system, comprising the
steps of: .
measuring quality of reception of said call at a cell
receiver presently handling said call and at a plurality of
neighboring cell receivers:;
15 determining a distance between a mobile station party
to said call and said cell receiver presently handling said

call;
evaluating:
whether quality of reception is better at a
20 neighboring cell receiver;

whether quality of reception at said cell
receiver handling said call is unacceptable; and
whether said distance between said mobile
station party to said call and said cell receiver
25 | presently handling said call is greater than a
predetermined limit;
repeating said measuring step at intervals;
repeating said evaluating step at a variable time
interval equal to the smallest value of a set comprising a
30 first value determined from said quality of reception at
said cell receiver presently handling said call, a second
value determined from said distance of said mobile station
from said cell receiver presently handling said call, and a
third value determined from a difference between quality of



three di stinct output signals. Control channel nessages are sent to a

control nessage detector 133 which supplies Thsﬂwa}hsBﬁm eplaced
-,10 - det'ected control channel information to the m
controller 130. A nodul o-two adder 107 and a two-burst 116

reconst,ruct ,t.he speech data/ FACCH data by

* c L B S *

reception at said cell receiver handling said call and a
highest quality of reception at the neighboring cell
receivers; and

issuing a command calculated to improve said

- 26 -

5 transmission quality.

4, A method of monitoring transmission quality of a
call in a mobile radiotelephone system, comprising the

steps of:
measuring signal strength of said call at a plurality
i0 of receiver sites to yield a plurality of signal strength
measurements;

evaluating said signal strength measurements according
to criteria of transmission quality;
repeating said measuring step at intervals:;

15 repeating said evaluation step at a variable time
interval according to the results of a previous evaluation
step; and

issuing a command calculated to improve said
transmission quality.

20 5. An apparatus for mobile telephony comprising:
data processing means responsible for transmission
quality of radio communications in a plurality of cells;
means for classifying transmission channels into
classes according to transmission quality;

25 means for evaluating transmission quality of different
classes of transmission channels at different time
intervals; and

means for issuing a command calculated to improve said
transmission quality.

30 6. The apparatus of claim 5 wherein a time interval
for evaluating transmission quality of a class of
transmission channels previously determined to be of high



assenpllng and rearranging information fromtwo tine sl ot Has gefed
data. The synbol detector 115 supplies SACCH data to a 2
dei nterl eaver 117. The 22-burst deinterleaver 117 reasse

rearranges the SAACH data spread over 22 consecutive frames. The

t wo- burst dei nterleaver 116 provides the speech data/FACCH data to two
channel decoders 118. The convolutionally encoded data i

the reverse of the above-described coding principle. "ﬁ&l‘?m"m ﬁill
redundancy check (CRC) bits are checked to determ ne le

occurred. The FACCH channel coder furtherooge detects the distinction

bet ween the speech channel and any FACCH infornmation, and directs the

channel deCOdetﬁaﬂéﬁl@ﬁﬂ@fxdt{ﬁallitypq.ﬁpieﬁbedfee.ﬁdﬁr aﬁlinﬁémas gort he
recei ved speec channel n.accordance Ww t,

speech coder ‘Q%f‘f%ﬁ?? rq"ﬁans%ﬁfﬁjm gﬁﬁgé&{ef'it BsCLAES, 8 etﬁ?&sg‘f@?&ﬁn

signal. The arlelhzuyxelgnpj:evsously determined to be of relatively lower
transmission quality.



finally enhanced by a filtering techni que. Messages on the fast associated
control
is transferred to the mi craoprocessor controller 130. The out put of the
22-burst deinterleaver 117 is provided to a separate channel decoder 118. A
SACCH det ect.or 121 detects nessages on the sl ow associated control channel
and transfers that information to the m croprocessor controller 130.

The m croprocessor controller 130 controls the nobile station activity and
t he base station conmunication, and al so handles the term nal keyboard

i nput and di spl ay output 131. Deci sions hy sighe m croprocessor controller
130 are nmade in accordance with received -nessages and neasurenents that are
The keyboard and di spl ay ABSTRAGY o¥naipiee DISCLOSURE

made.

10

15

channel are detected by a FACCH detector 120, and the information

Transmission quality of an ongoing call in a mobile
radiotelephone system is monitored by measuring parameters
indicative of transmission quality, evaluating transmission
quality according to the measured parameters, repeatedly
measuring the aforementioned parameters at intervals, and
repeatedly evaluating transmission quality according to the
measured parameters at a time interval variable according
to the results of the previous evaluation. Effectively,
the calls in progress are divided into different classes
according to transmission quality with some classes
requiring monitoring relatively frequently and other
classes requiring monitoring relatively infrequently.
Alternatively, the waiting interval according to which a
call is monitored may be determined on an individual cell-
by-cell basis.

A

This Sheet Has Been R, li ced



D

REPLACEMENT SHEET

i nformation to be exchanged between the user

Figure 3 illustrates an enbodi nent of a base

station that can be utilized in a cellular tel ephone systemthat
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and the base station.
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operét‘,es I n accordance with the present invention. The base station
i ncor porates nunmerous conponent parts which are substantially identical
constructions and function to conponent parts of the nobile station

illustrated in Figure 2 and describeg

T RpT A

I dentical conponent parts aré designa

nction therewith. Such
gure 3 with the sane

in

reference nunerals utilized hereinabove in the description of the nobile
station, but are differentiated therefromby neans of a prime (')

desi gnati on.

and base stations.
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wth Hgures 2 and 3 involve a significantly increased nunber of nmeasured
parameters. This by itself results in increased demands on processing
power. Such a system may furthernore use nobile stations that continuously
perform nmeasurenments on the control cgpgpepldagsf neighboring base stations.
Such a t'echnique atlows for i'nproved locating as will presently be

descri bed. I n anal og nobil e tel ephony, the higher the signal strength,
t he higher the speech quality. This is only true in digital telephony to a

limted extent; when pll bit errors can be corrected, an additional
i ncrease of signal styength i gi ve Ll any i I § speech
quality. In fact, eveph whe fici
. Loc PWR DISC
ACM STATS
cP

PRIORART

MSG. | BER SS S8 SS s8 sS
TYPE | OWN CH.|{OWN CH[ CH{ {S{CHN-2[CH n-1] CH n
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- 12°; strength level is reached, there may still be reason for handoff.

I f the |ocati ng algorithmindicates that the same speech quality may be
obt ai ned by using a nei ghboring base station but at a | ower power level, a
change to the neighboring base statign,w,)asRs beneficial. If all nobiles
strive for suffickent speech quality a? m ni num power |evel, the total
transmtting power in the network will be decreased. This decrease in total
transmtting power, especially in high-density traffic areas, wll |ead
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to ahsinproved C/I (carrier-to-interference) ratio, which results in better
radiv performance overall. In a proposed digital system for exanple,

the locating al gorithmcontinuously cal cul ates the expected power decrease
that a handoff would give for each of the surrounding base stations (up to
a maxi mum of=82) while still- maintai PR 24842 ci ent speech quality. This is
done by conparing the received signal .strength neasured by a nobile station
wi th the known transmtted out put pover fromthe base statlon i n question

to arrive at a neasure of "path |oss" or "distance attepta For
exanpl e, the pObiT e station ggagures the _downl:1 phk (bas nmobi | e
station) qualjty and signal yryent connectigon, as
rength from surr undi ng base st @tfi png 9 A ase
station neasuf ps the , |gn(EI Et enéﬂﬂfé'g”@sfwmﬁr

t he signal st
the nmobile stiation. J .t hede
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are'lz,eported to the base station. The nmeasurenents are eval uated through

t he®*use of extensive algorithnms. Cccasionally, the results of these

eval uati ons nmay be, for exanple, a h%p‘g%a{)hthe nobil e station to anot her
base station, or a power change orde 0 the nobile station.
Therefere, whereas the nore conventional approach to |ocating and handof f
sinply attenpts to nmaintain good '
REPLACEMENT SHEET

. - SET WOMIMAL VALUE;
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CHECK PROCESSOR LOAD;
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CHECK CELL TYPE;
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- 13 - quality, a nore recent approach is to nmaintain good call quality at
mnimumtransmtting power. This new strategy (continuous eval uation)

obvi'ously requires nore processi ng power, especiallygﬁ»y (TR ;m@pqgﬁﬁmgf
surroundi ng base stations is high. Even the nore convért+eratl—appreqch to
| ocating and handoff will involve increasingly extensijve, co

ns {as
t he nunber of neasured paraneters increases in the tr;nsﬂf*n§§ﬂ§§# anal og
to digital systens. The present inventi%ﬁ7nay t her efjorje_be_used to
advantage in all types of radiotel ephone systens botjh anal og and di gi tjal ,

I ncl udi ng both systens designed to nmaintain good cal#—guahit-y—at—r-Rum
transm ssi on power and systens desi gned
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The! NEASAE S TR - daendlii ng ;iaHE&hBOFS

. of the céntral G ) al+ zBd usi hawSemesa difber eat
nmeasur ene b m@i[og 3’§§ o"%é;s")s/ﬂe)?% aéé&lal,lu strat el ik gigrqg Are& qh E:rii aggﬁﬁq
dupl i cat g ﬁbﬁ“éhchfﬁ 39 ver-cBmiees 1-5n: FQKGQkhgq chdnhie ;Eﬁ e
handl i ng | Oeas=ysACaget stuel felied e6ht ents of a rreasure nt r'e’§u vdoge
from eac mobizhsy stF¥leqrgabalt.. Fwic Teas rene
resul t §§§%§M§%v_ﬁ§€e the fg?ﬁ1lllus ratedﬁlﬁgig PGRE@E ét QT

Fol | owi ng a ADRPUI AE GETEP STEM U t
nmessage, neasured bit error rate (BER) and S|gnal strength (SS) for the
connection's own channel is presented I n a pair of flelds after which
signal strength only of n aBé 3 ‘ HEs TNVE,

equal -length fields. The status of the‘data S |nterpreted and stored for
each nessage. THEh&/pPResentcteyentien rekates bAsraseusegr adlocation

in a mobile telephone system and more particularly to a
method of efficiently allocating processor time in the
mobile services center or base station of a mobile
radiotelephone system.

Because of the mobility of transceivers in a mobile
radiotelephone system, the transmission quality of calls in
progress is continually- varying, as with increased
distance, changes in terrain, etc. In order to ensure
adequate transmission quality and ultimate satisfaction of
the subscriber, it is necessary to continually mcnitor the
transmission quality of calls in progress, switching calls
from one channel to another if transmission quality would
thereby be improved.

Another factor affecting transmission quality is the
transmission power of the various mobile stations.
Transmission power is set at the mobile stations in
response to commands relayed through the base station from
the mobile services center or possibly originating at the
base station.
ensure a clear signal but at the same time avoid undue
interference with transmissions of other mobile stations.

The job of call monitoring to ensure high quality

The power must be set at such a level as to

service is performed by the processor of the mobile
services center or the base station and becomes very time
consuming, especially at peak load hours when a multitude
of calls are simultaneously in progress. Because of the
great demands placed upon the processor's time by the call-
monitoring fuhction, it may not be feasible to realize
other desirable functions and subscriber services without
exceeding the processor's capacity. Using the present

invention, the time demands of the call-monitoring function
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A locating process LOC requests data (for one or nore generations) from
"ACM The neasurenents are processed. Wien found suitable, a handoff to
anot her connection is proposed to the call handling function in the central
processor. - 14 -

-2 -

can be reduced such that additional processing time is then
freed up to implement other desirable processing functions.

Another advantage of the present invention may be
described as "optimal performance at overload peaks".
Although the aim of system design always is to dimension
the system in such a way that overload peaks during busy
hours are avoided, almost inevitably there will sometimes
be overload situations, since traffic is stochastic. 1In
mobile telephony, the demands on software have increased
more rapidly than hardware has been developed with the
result that overload situations seem to be more and more
frequent. Without the benefit of the present invention,
all connections are caused to suffer equally from the lack
of CPU power during an overload situation. Using the
invention, overloads disturb the overall radio supervision
performance to a much lesser extent.

SUMMARY OF THE INVENTION

According to the present invention, transmission
quality of an ongoing call in a mobile radiotelephone
system is monitored by measuring parameters indicative of
transmission guality, evaluating transmission quality |
according to the measured parameters, repeatedly measuring
the aforementioned parameters at intervals, and repeatedly
evaluating transmission quality according to the measured
parameters at a time interval variable according to the
results of the previous evaluation. Effectively, the calls
in progress are divided into different classes according to
transmission quality with some classes requiring monitoring
relatively frequently and other classes requiring
monitoring relatively infrequently. Alternatively, the
waiting interval according to which a call is monitored may
be determined on an individual call-by-call basis.
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A power regul ation process PWR requests data (for one or nore data

- generations) fromACM The neasurenents are processed. \Wen found suitable,
a new transmtting power is sent to the nobile station. A di sconnect
proposal process DI SC requests data (for one or nore data generations) from
ACM The neasurenents are processed. Wien found suitable (for exanple, when
the nobile station is lost or not acting properly), an abortion of the
current connection is proposed to the calg handling function in the central
processor. In addltlonI reggéggfg iﬁg éﬁgigg ggF&Eﬁ&glons may be

activated for sone connec ' ocess STATS.
A;:corgl ngdto t he Fflfyiﬁfﬁ)img:.ara amnmierdiag;frammf]mm dwardearercinterfase be
stored and evagl uat ed ,f or, ST letaloTa n t @i N
t ask becorregg: can‘? en on %%e%entra%%r%%%sﬁ%?gcgta@ah Thi N

a moblle radlotelephone system;

Figure 2 is a detailed block diagram of a mobile
station that may be used in conjunction with the present
invention;

Figure 3 is a detailed block diagram of a base station
that may be used in conjunction with the present invention;

Figure 4 is a block diagram of measurement handling
processes in the central processor.

Figure 5 is a plan diagram of a service area cell and
its neighboring cells;

Figure 6 illustrates a measurement result message sent
from a mobile station to a base station;

Figure 7 is a flowchart representation of a routine
used to locate the best channel for carrying an ongoing
call according to the prior art;

Figure 8 is a flowchart representation of such a
routine modified according to the present invention.

Figure 9 is a flowchart illustrating how a monitoring
interval for a call connection may be adaptively set
according to several different factors; and

Figure 10 is a timing diagram illustrating operation
of measurement handling with a monitoring interval being
adaptively set. '

_ DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS
Referring now to Figure 1, control communications

between the mobile services center and a base station of a
known mobile radiotelephone'system are carried out across a
predetermined channel (in this instance, channel 16) of a
larger number of channels (in this instance, 32) defined by
respective time slots in time-division multiplex fashion
and comprising a communications frame exchanged between the
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nmobi | e services center. At peak demand hours, for exanple, the nobile
‘services center may supervise hundreds of calls in progress sinultaneously,
resulting in thousands of signal strengths to be continually updated and
eval uat ed. The present invention alleviates the aforenentioned
processi ng burden by recogni zing that not each channel requires equal

noni toring and by allocating processor wo@itoring tinme on the basis of need
rat her than indiscrimnantly. For exanple, referring to Figure 5, the
channel useddbile redivicdd erejten ah@ therdaseéestvationtgnod fboerbwire

station w || eV|tabI Lt e aynghapne
used by alnﬁ%4E atumé%k ﬁfh+§§%¥ﬂgﬂneg?h?ﬁé8%% ?£% aﬁﬁf&a by %ﬂ
|nprovenem:QxchanSQNtﬁﬂninahv@h¥¢@htnﬁ?Cb@nbﬁh@eFOEbb¢e€¢§Yé§eﬁnFﬁnter
reference tqfdduny 7b)§ S{iizazt lé‘ﬁei-hﬁUkOSﬁttHS baset seacpenf 8iged by the

central processor t he nD Ile services center Qr the base station in a
Data communlcatlons are formatted according to the CCITT 7
standard by a signalling terminal central STC on the mobile
services center side and a signalling terminal regional STR

on the base station side. Overall control of the mobile
services center and the base station is performed by a
central processor CP of the mobile services center. Voice
communications, however, are not directly handled by the
central processor CP but pass ﬁninterrupted through the
multiplexer MUX and the exchange terminal circuit ETC to a
group switching subsystem GSS for proper call routing.

The base station consists principally of a number
of autonomous channel units typically including a radio
transmitter TX and a radio receiver RX controlled by a
control unit CU. In addition to a number of voice
channels, N, there is provided a dontrol channel, a channel
tester and a signal strength receiver, the last having a
control unit and a radio receiver but no transmitter. The
control channel is used, among other things, to set up
calls across the various voice channels. The channel
tester allows trouble-shooting and diagnostics to be
performed under control of the mobile services center.

The switching of messages among the various control
units is performed by a regional processor EMRP 13
("extension module regional processor") in cooperation with
a message distributor MD. The EMRP 13 calculates control
unit addresses and scans the control units to see if a
message is waiting. The message distributor puts messages
into HDLC format and converts messages from parallel on the
channel unit side to serial. An additional EMRP 15 is used
to provide a human interface including a simple I/O
terminal and various external alarms.
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conventional nobile radiotel ephone system In a first step

- 15 - S1, signal strengths and associ ated paraneters are collected from
the signal strength receivers and voice channel units. In steps S2-S4, each
of the channels is nonitored in turn, and if the channel is busy, it is
ascertai ned whet her the maxi mum signal strength is that of

- 5 -

The operation of the signal strength receiver will now
be described in detail. The function of the signal
strength receiver is to allow active mobile stations in
neighboring cells to be "located" in the event that call
quality is so impaired as to require hand-off of the call.
"Locating®™ may also be considered to be the process of
locating the best base station to handle a call
experiencing quality problems. The signal strength
receiver cyclically scans all of the system frequencies.
The mobile services center, however, specifically instructs
the signal strength receiver to accumulate data concerning
frequencies of active mobile stations in neighboring cells.
The control unit of the signal strength receiver averages
successive samples of these frequencies and sends
measurement results to the mobile services center. 1In the
event hand-off becomes necessary, the mobile services
center can select an appropriate successor base station,
typically the base station measuring the strongest signal
strength on the call frequency.

Referring now to Figure 2, an embodiment of a mobile
station that can be utilized in a cellular telephone system
that operates in accordance with the present invention is
illustrated. This particular example pertains to a mobile
station that can be used in a digital communications
system, i.e., one in which digitized voice information is
transmitted between base and mobile stations. Furthermore,
the operation of the system is explained in the context of
full-rate transmissions in a time division multiple access
(TDMA) system, in which each packet of digital information
is interleaved over two spaced time slots in a frame of
data. It will be readily appreciated, however, that the
invention is equally applicable to other types of cellular
radio systems, such as those in which information is
transmitted in an analog format, transmitted digitally at
half rate, or transmitted in other access modes such as
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the base station presently handling the call or of another base station
‘(step S5). If reception at another base station is clearer than at the base
station presently handling the call, then the call will be handed off to
the better qualified base station if possible in step S8. Al so, even if
signal strength is maxi mumat the base station presently handling the call,
if the quality Qof the call is not greateg than a m ni mum acceptabl e
quality Qerr] or if the distance of the nobile fromthe base station is

greater than fgJgenByN HGFEPL GW| BuDt SHpBECEcOEEET [FDUR) bbeceakl diwlikiahso

be handed off. IS procedure, is repeated for each of the channels (for
exanpl e, 312 WWIPIEAGRESS (S he | ocating routine then runs to .
conpl eti on. ITh dife andisill eestabioh hdepietedt innFiguren2,o0a speeehher

T e e 2y e L P8 205ndEPGaR 8 5
microphone into a binary data stream. The data stream is
then divided into data packets, according to the TDMA
principle. A fast associated control channel (FACCH)
generator 102 generates control and supervision signalling
messages that are transmitted from the mobile station to
the land-based system. The FAACH message replaces a user
frame (speech/data) whenever it is to be transmitted. a
slow associated control channel (SACCH) generator 103
brovides signalling messages that are transmitted over a
continuous channel for the exchange of information between
the base station and the mobile station and vice-versa. A
fixed number of bits, e.g., twelve, is allocated to the
SACCH for each time slot of a message train. Channel
coders 104 are respectively connected to the speech coder
101, FACCH generator 102, and SACCH generator 103 for
manipulating the incoming data in order to carry out error
detection and correction. The techniques used by the
channel coders 104 are preferably convolutional encoding,
which protects important data bits in the speech code, and
cyclic redundancy check (CRC), wherein the perceptually
significant bits in the speech coder frame, e.g., twelve
bits, are used for computing a seven-bit check.

A selector 105 is connected to the channel coders 104
associated with the speech coder 101 and the FACCH
generator 102, respectively. The selector 105 is
controlled by a microprocessor controller 130 so that, at
appropriate times, user information over a particular
speech channel is replaced with system supervision messages
over the FACCH. A two-burst interleaver 106 is coupled to
the output of the selector 105. Data to be transmitted by
the mobile station is interleaved over two time slots. A
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channel . Whether or not hand-off is required is evaluated at different tinme
intervals for the different classes. Initially, all of the channels may be
placed in a first class having the shortest evaluation tinme. Ref erri ng
nowto Figure 8, in a first step S1, signal strength and associ ated
information is collected as in the prior art. In steps S2 and S3, however,
one of the designated cl asses of channels §s—_chosen in its given turn and
it is determned whether the evaluation tinme T [err] has expired. If the
time has not paeiketxpif b0 idutd Bitde wHIEH COYitwbe dRe CORPASHL OPind f

he eyl val hoid TS S AR he i bR E RSS! 0! B LRt shvsee
REPLACENENT SNEET two different time slots. The effects of RAYLEIGH
fading are reduced in this manner. The output of the two-
burst interleaver 106 is provided to the input of a modulo-
two adder 107 so that the transmitted data is ciphered bit-
by-bit by logical modulo-two-addition of a pseudo-randonm
bit stream.

The output of the channel coder 104 associated with
the SAACH generator 103 is connected to a 22-burst
interleaver 108. The 22-burst interleaver 108 interleaves
data transmitted over the SACCH over 22 time slots each
consisting of 12 bits of information.

The mobile station further includes a Sync Word/DVCC
generator 109 for providing the appropriate synchronization
word (Sync Word) and DVCC (digital verification color code)
to be associated with a particular connection. The Sync
Word is a 28 bit word used for time slot synchronization
and identification. The DVCC is an 8-bit code which is
sent by the base station to the mobile station and vice-
verse, for assuring that the proper channel is being
decoded.

A burst generator 110 generates message bursts for
transmission by the mobile station. The burst generator
110 is connected to the outputs of the module-two-adder
107, the 22-burst interleaver 108, the Sync Word/DVCC
generator 109, an equalizer 114, and a control channel
message generator 132, to integrate the various pieces of
information from these respective units into a single
message burst. For example, according to the published
U.S. standard EIA/TIA IS-54, a message burst comprises data
(260 bits), SACCH (12 bits), Sync Word (28 bits), coded
DVCC (12 bits), and 12 delimiter bits, combined for a total -
of 324 bits. Under the control of the microprocessor 130,
two different types of message bursts are generated by the
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- 16 - the activity status of the channel is checked (steps S4 and S5). If
‘the channel is busy, identical tests are conducted in steps S6-S8 as in the
prior art routine. At the end of the tests, however, the conposition of the
channel list is adjusted as necessary. In steps S9, a difference is
formed between the signal strength of the channel at the base station
handl i ng the call and the maxi mnum si gnal- gt rength. Based on the

burst generator 110: control channel message bursts from
the control channel message generator 132 and voice/traffic
message bursts. The control channel message replaces the
SACCH as well as the speech data normally generated in a
voice/traffic burst.

The transmission of a burst, which is equivalent to
one time slot, is synchronized with the transmission of
other time slots, which together make up a frame of
information. For example, under the U.S. standard, a frame
comprises three full-rate time slots. The transmission of
each burst is adjusted according to timing control provided
by the equalizer 114. Due to time dispersion, an adaptive
equalization method is provided in order to improve signal
quality. For further information regarding adaptive
equalization techniques, reference is made to U.S. Patent
No. 5,088,108 granted February 11, 1992, and assigned to
the same assignee. Briefly, the base station functions as
the master and the mobile station is the slave with respect
to frame timing. The equalizer 114 detects the timing of
an incoming bit stream from the base station and
synchronizes the burst generator 110. The equalizer 114 is
also operable for checking the Sync Word and DVCC for
identification purposes.

A frame counter 111 is coupled to the burst generator
110 and the equalizer 114. The frame counter 111 updates a
ciphering code utilized by the mobile station for each
transmitted frame, e.g., one every 20 ms. A ciphering unit
112 is provided for generating the ciphering code utilized
by the mobile station. A pseudo random algorithm is
preferably utilized. The ciphering unit 112 is controlled
by a key 113 which is unique for each subscriber. The
ciphering unit 112 consists of a sequencer which updates
the ciphering code.

The burst produced by the burst generator 110, is
forwarded to an RF modulator 122. The RF modulator 122 is
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difference S, a time interval TIMES is determined as a function of S. The
-function may be a linearly increasing function or nay be a stepw se
increasing function. Simlarly, time intervals TIMEQ and TI ME_A are
determ ned as functions of call quality Q and the nobile station distance
A. An optinmumwaiting tine between eval uations of that particular channel
is then determ ned as the m ni num of TINEQS"TINEC; and TIMEA in step S10.

I ' f th ti
woting 0 moBRtLe [ FoF Sl fetng' 8 8aEzelr) $RH eV, 25Eor A BAnel « s
pr esent cIaS@hQJEKE?DQBSHemethodedw/m shipted], Dﬁﬁiementiamaynebcodeﬂhe
list.is themygird@yed p \A%‘Sré‘fﬁft kgﬁlﬁggnne&hbsugs' BisCEnt 5 Epchi Bhesent

class and a fo 1ts ne assi in ste
when calls e&%?##?%tthﬁﬁtF%@eanﬁﬁvaE%@naaéeélﬁﬁeaentﬂgﬂlwlaBGOdeung a

shortest waiijég, tz-rmlta@flmmbfa &2k | €ranémi etBENaEe¢outhposibeapondi ng
channel ISdehanges in phase: + 7/4 and + 37/4. The transmitter
carrier frequency supplied to the RF modulator 122 is
generated by a transmitting frequency synthesizer 124 in
accordance with the selected transmitting channel. Before
the modulated carrier is transmitted by an antenna, the
carrier is amplified by a power amplifier 123. The RF
power emission level of the amplifier is selected on
command by a microprocessor controller 130.

A receiver carrier frequency signal is generated in
accordance with the selected receivihg channel by a
receiving frequency synthesizer 125. Incoming radio
frequency signals are received by a receiver 126, the
strength of each signal being measured by a signal level
meter 129. The received signal strength value is then sent
to the microprocessor controller 130. An RF demodulator
127, which receives the receiver carrier frequency signal
from the receiving frequency synthesizer 125 and the radio
frequency signal from the receiver 126, demodulates the
radio frequency carrier signal, thus generating an
intermediate frequency. The intermediate frequency signal
is then demodulated by an IF demodulator 128, which
restores the original w/4-DQPSK - modulated digital
information.

The restored digital information provided by the IF
demodulator 128 is supplied to the equalizer 114. A symbol
detector 115 converts the received two-bit symbol format of
the digital data from the equalizer 114 to a single-bit
data stream. The symbol detector.115 in turn produces
three distinct output signals. Control channel messages
are sent to a control message detector 133 which supplies
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entirely fromthe class |lists. Wen the last channel in the list has been
processed as determined in step S14, the locating function then runs to
conpletion. At a next iteration, a subsequent class having a greater

wai ting period is then processed. I nstead of grouping calls into

cl asses according to their need for nonitoring and evaluation, it may be
preferable for each connection to be supe®d sed aut ononpbusly on an

i ndi vi bgsis. .In this instance an evaluation tine T WAIT nay be
ggggg:gggg mﬁgﬁeg&gﬁ control channel information to the microprocessor

REPLACEMENT 8dlREfoller 130. A modulo-two adder 107 and a two-burst
deinterleaver 116 reconstruct the speech data/FACCH data by
assembling and rearranging information from two time slots
of the received data. The symbol detector 115 supplies
SACCH data to a 22-burst deinterleaver 117. The 22-burst
deinterleaver 117 reassembles and rearranges the SAACH data
spread over 22 consecutive frames.

The two-burst deinterleaver 116 provides the speech
data/FACCH data to two channel decoders 118. The
convolutionally encoded data is decoded using the reverse
of the above-described coding principle. The received
cyclic redundancy check (CRC) bits are checked to determine

¢if any error has occurred. The FACCH channel coder
furthermore detects the distinction between the speech
channel and any FACCH information, and directs the channel
decoders 118 accordingly. A speech decoder 119 processes
the received speech data from the channel decoder 118 in
accordance with a speech coder algorithm (e.q., VSELP), and
generates the received speech signal. The analog signal is
finally enhanced by a filtering technique. Messages on the
fast associated control channel are detected by a FACCH
detector 120, and the information is transferred to the
nicroprocessor controller 130.

The output of the 22-burst deinterleaver 117 is
provided to a separate channel decoder 118. A SACCH
detector 121 detects messages on the slow associated
control channel and transfers that information to the
microprocessor controller 130.

The microprocessor controller 130 controls the mobile
station activity and the base station communication, and
also handles the terminal keyboard input and display output
131. Decisions by the microprocessor controller 130 are
made in accordance with received nessages and measurements
that are made. The keyboard and display unit 131 enable
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- 17 - connection. The evaluation tinmes may be tinmed using a tinmer nodul e
-to notify the processor when each connection is to be eval uated.

System performance may be further inproved by considering other factors
besi des radi o neasurenents in allocating processor tinme. Actual processor

| oad may be considered such that during lowtraffic, the few connections
active can all use a short TWAIT val ue ungpnditionally, as there is no need
to cut down processor |oad. Another consideration nay be cell type. For
some cel | tyipgrornatien ttarsai éschangadl beywean tibecnseraandnthe base

station. _

Figure 3 iliustrates an embodiment of a base station
that can be utilized in a cellular telephone system that
operates in accordance with the present invention. The
base station incorporates numerous component parts which
are substantially identical in constructions and function
to component parts of the mobile station illustrated in
Figure 2 and described in conjunction therewith. Such
identical component parts are designated in Figure 3 with
the same reference numerals utilized hereinabove in the
description of the mobile station, but are differentiated
therefrom by means of a prime (') designation.

There are, however, some distinctions between the
mobile and base stations. For instance, the base station
has two receiving antennas. Associated with each of these
receiving antennas are a receiver 126', an RF demodulator
127', and an IF demodulator 128'. Furthermore, the base
station does not include a user keyboard and display unit
131 as utilized in the mobile station.

Digital systems of the type described in connection
with Figures 2 and 3 involve a significantly increased
number of measured parameters. This by itself results in
increased demands on processing power. Such a system may
furthermore use mobile stations that continuously perform
measurements on the control channels of neighboring base
stations. Such a technique allows for improved locating as
will presently be described.

In analog mobile telephony, the higher the signal
strength, the higher the speech quality. This is only true
in digital telephony to a limited extent; when all bit
errors can be corrected, an additional increase of signal
strength will not give rise to any improvement in speech
quality. In fact, even when this sufficient signal
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rapidly than for other cell types. For exanple, in the center of |arge
metropolitan areas, "street corner effects” can be expected whereby .
transm ssion quality nay be significantly affected by a change in direction
by a nobile station. For nore trouble-prone cell types, T_WAIT val ues
shoul d be restricted to shorter values (nore frequent nonitoring) than

m ght be the case ot herw se. The d&t @@ & of how such a strategy may be

nCerval T VAFFePGER, JEyRL S React e Y S kiNG AEAEIR TR or
just nentionbdndbfE.first step is to assign a noni nal vglue ?fhg yﬁhlﬁigns
O enon "o e S 4D Al LS S ad "
respectivel yS aHeiLdFy madc bieo ebtariness iygnsdinmlaige ighbdieinio| base ng
manner . statdsn HutARLARPARKIEA oWt QAdveaial Ue dHh i AL or
neighboring base station will be beneficial. If all
mobiles strive for sufficient speech quality at minimum
power level, the total transmitting power in the network
will be decreased. This decrease in total transmitting
power, especially in high-density traffic areas, will lead
to an improved C/I (carrieréto-interference) ratio, which
results in better radio performance overall.

In a proposed digital system, for example, the
locating algorithm continuously calculates the expected
power decrease that a handoff would give for each of the
surrounding base stations (up to a maximum of 32) while
still maintaining sufficient speech quality. This is done
by comparing the received signal strength measured by a
mobile station with the known transmitted output power from
the base station in question to arrive at a measure of
"path loss" or "distance attenuation". For example, the
mobile station measures the downlink (base station to
mobile station)'quality and signal strength on the current
connection, as well as the signal strength from surrounding
base stations. 1In addition, the base station measures the
uplink quality and signal strength as received from the
mobile station. About twice a second, these measurements
are reported to the base station. The measurements are
evaluated through the use of extensive algorithms.
Occasionally, the results of these evaluations may be, for
example, a handoff of the mobile station to another base
station, or a power change order sent to the mobile
station.

Therefore, whereas the more conventional approach to
locating and handoff simply attempts to maintain good
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actual processor load, the current processor load is read fromthe system
- Processor |oad may be nonitored, for exanple, by timng processor idle tine
during a given interval. The weight value is then assigned according to the

meaght function Wl oad) = (current processor |oad(%/80)2,

- 13 -

quality, a more recent approach is to maintain good call
quality at minimum transmitting power. This new strategy
(continuous evaluation) obviously requires more processing
power, especially when the number of surrounding base
stations is high. Even the more conventional approach to
locating and handoff will involve increasingly extensive
computations as the number of measured parameters increases
in the transition from analog to digital systems. The
present invention may therefore be used to advantage in all
types of radiotelephone systems both analog and digital,
including both systems designed to maintain good call
quality at minimum transmission power and systems designed
to maintain good call gquality only.

The measurement handling functions of the central
processor may be realized using several different
measurement handling processes as illustrated in Figure 4.
Each process is duplicated for each active connection.

An active channel measurement handling process ACM
receives the contents of a measurement result message from
‘each active mobile station about twice a second. The
measurement result message may have the form illustrated in
Fig. 6, for example. Following a field identifying the
type of message as a measurement result message, measured
bit error rate (BER) and signal strength (SS) for the
connection's own channel is presented in a pair of fields,
after which signal strength only of n additional channels
is presented in n equal-length fields. The status of the
data is interpreted and stored for each message. The 64
most recent data generations are stored.

A locating process LOC requests data (for one or more
generations) from ACM. The measurements are processed.
When found suitable, a handoff to another connection is
proposed to the call handling function in the central
processor.
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where the power of two ensures that during lowtraffic the T WAIT period is

kept sufficiently short. Assum ng processor Foad wll vary between 10% -
100% the interval of Wload) will thus be: Possi bl e W I oad) val ues:
(0.016 .. 1.56). As previously mentioned, one problemto be

considered is that in sonme cells nmeasurenent data can change rapidly. For
exanple, in the case of a cell consisting. gf4 ane street, suddenly traveling
around a corner results in a nore or less instant drop in signal strength.

In cells of this twedwdr Fetpdlighion S}j@:‘d&eéﬁsﬂ’mf'lﬁé@@éstﬁ Aa=BS U( £OENbne

"ol Type" plFal Mol g R T s SRty e oReabRESRRUERLRRe

. of fast changwams@;rt%mmlmbﬂm méne transmittihyg power s,
f ast conparedi%pggyiIgdniﬂguﬂbﬁq1éﬂggg%§%gpnent data are

A disconnect proposal process DISC requests data (for
one or more data generations) from ACM. The measurements
are processed. When found suitable (for example, when the
mobile station is lost or not acting properly), an abortion
of the current connection is proposed to the call handling
function in the central processor.

In addition, recording and statistic functions may be
activated for some connections/cells using a statistics
process STATS.

According to the foregoing arrangement, since numerous
paraneters must be stored and evaluated for each busy
system channel, the channel monitoring task becomes a
significant burden on the central processor CP of the
mobile services center. At peak demand hours, for example,
the mobile services center may supervise hundreds of calls
in progress simultaneously, resulting in thousands of
signal strengths to be continually updated and evaluated.

The present invention alleviates the aforementioned
processing burden by recognizing that not each channel
requires equal monitoring and by allocating processor
monitoring time on the basis of need rather than
indiscriminantly. For example, referring to Figure 5, the
channel used by a mobile M, in the immediate vicinity of the
base station will inevitably require less monitoring
attention than a channel used by a mobile station M, located
near the cell border.

The improvement of the present invention may be better
appreciated with reference to Figure 7, repreésenting the
locating function performed by the central processor CP of
the mobile services center or the base station in a
conventional mobile radiotelephone system. In a first step
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averaged). To assign an appropriate weight value to account for cell type,

a straight-forward nethod is to classify the cell type in one of (say) five
classes, i ndicating a range from "very Iom/probability for fast changes" to
"very high probability for fast changes". Wight values to account for cell

type may be set within a range as folloms Possi bl e Wcell) val ues:
(0.5 .. I n sone instances, the 3forenent|oned "Cell Type"

par anmet er may. be_reall Lze i n nj uncti_on araneter In the
Eri csson CIVE%?J ' nBsPPe rﬁgfgf’gl%g‘én%ﬁ'g §7§°crﬁaiq'r%] Btion, Yor exanpl e,
there is al realiyeatpdr fimemethiey sdgnefll annmgtmaacelﬂveadmraaui eraiste c

I ndi cated ab I ghty Y JUE HePlcHARRI N

aver agi ng. Tﬁﬂﬁnn@?”ﬁé%g%f sgﬁhggg are nult|% |edqg?qaggég%ate&'WE|ghtlng

val ues. For BRB#ppEedadsr Ayrmg eadyif &F‘%l%n%lt rléné’tqﬁy meht B per f or ned

over the fivgs@Bgtained whether the maximum signal strength is that of
the base station presently handling the call or of another
base station (step S5). If reception at another base
station is clearer than at the base station presently
handling the call, then the call will be handed off to the
better qualified base station if possible in step S8.
Also, even if signal strength is maximum at the base
station presently handling the call, if the quality Q of
the call is not greater than a minimum acceptable quality
Qim’ ©F if the distance of the mobile from the base
station is greater than a maximum acceptable distance Alim'
then the call will also be handed off. This procedure is
repeated for each of the channels (for example, 312 voice
channels), and the locating routine then runs to
completion.

In one embodiment of the present invention, on the
other hand, channels are placed in different classes
depending on the previously~-noted characteristics of the
channel. Whether or not hand-off is required is evaluated
at different time intervals for the different classes.
Initially, all of the channels may be placed in a first
class having the shortest evaluation time.

Referring now to Figure 8, in a first step S1, signal
strength and associated information is collected as in the
prior art. In steps S2 and S3, however, one of the
designated classes of channels is chosen in its given turn

and it is determined whether the evaluation time T has

class
expired. If the time has not yet expired, the routine
immediately runs to completion. If the evaluation time has
expired, stored data relating to the first channel in a

list of channels in that particular class is retrieved and
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recent sanples. In a cell where no fast changes in signal strength are
likely to happen (e.g., a flat call with no
REPLACEMENT SHEET - 19 - obstructive

objects), a set of equal weighting parameters (1/5, 1/5, 1/5, 1/5, 1/5)
m ght be appropriate. This
_16_
the activity status of the channel is checked (steps S4 and
S5). If the channel is busy, identical tests are conducted
in steps S6-S8 as in the prior art routine. At the end of
the tests, however, the composition of the channel 1list is
adjusted as necessary.

In steps S9, a difference is formed between the signal
strength of the channel at the base station handling the
call and the maximum signal strength. Based on the
difference S, a time interval TIME_S is determined as a
function of S. The function may be a linearly increasing
function or may be a stepwise increasing function.
Similarly, time intervals TIME_Q and TIME_A are determined
as functions of call quality Q and the mobile station
distance A. An optimum waiting time between evaluations of
that particular channel is then determined as the minimum
of TIME_S, TIME_Q, and TIME A in step S10. The channel is
then assigned to a class as a function of the optimum
waiting time T_WAIT. If the aésigned class CL is the same
as the channel's present class CLASS, as determined in step
S11, the next channel on the list is then retrieved.
Otherwise, the channel is deleted from its present class
and added to its newly assigned class in step S12. 1In like
manner, when calls are first initiated they are added to a
first class having a shortest waiting time, and when calls
are terminated, the corresponding channel is deleted
entirely from the class lists. When the last channel in
the list has been processed as detérmined in step S14, the
locating function then runs to completion. At a next
iteration, a subsequent class having a greater waiting
period is then processed.

Instead of grouping calls into classes according to
their need for monitoring and evaluation, it may be
preferable for each connection to be supervised
autonomously on an individual basis. In this instance an
evaluation time T WAIT may be associated with each
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i ndicates that all sanples are given the sanme weight. In a cell where fast
- changes of signal strength are likely to happen (e.g., a "street cell"),
the system has to react very fast to changes, applying an extra weight to
the nost recent nmeasurenment sanples. This is achieved by setting paraneter
values to (1/2, 1/4, 1/8, 1/16, 1/16) for_ exanple. This weighting
represents a "stiff" paraneter setup, 3t}&s3ing the |nportance of the nobst
recent sanples termnin functlog % ount for radio
Selt

neasurenent%P?%e%BﬁERhatTﬁﬁrﬁvﬁﬁvﬁF%EﬁggFﬂeﬁ BRrEp NSv& em a

handoff to ﬁ:uﬂ@:w Bedlil aayobaotl Fgnbhadptocessyrovhehe ehehl mm@dtd@smons: a
better cell, é ndIing tge call has been found, call quality has
unacceptabl&sd ?ePForiRad® 89 the distance of the mobile station and the
base station hasSpetemepevfoymsnce may behfurtberaimpirgiiesr byg cell is

found to be,shgPati§Ag! b¥n8UPeabebrkOpbEgaeyr FaRY of flasu AR fin S
allocating processor time. Actual processor load may be
considered such that during low traffic, the few
connections active can all use a short T _WAIT value
unconditionally, as there is no need to cut down processor
load. Another consideration may be cell type. For some
cell types, radio transmission quality can deteriorate more
rapidly than for other cell types. For example, in the
center of large metropolitan areas, "street corner effects"
can be expected whereby transmission quality may be
significantly affected by a change in direction by a mobile
station. For more trouble-prone cell types, T WAIT values
should be restricted to shorter values (more frequent
monitoring) than might be the case otherwise.

The details of how such a strategy may be implemented
will now be described. Referring to Fig. 9, the monitoring
interval T_WAIT for a call connection may be set according
to the factors just mentioned. The first step is to assign
a nominal value of T WAIT, T_WAIT NOM. This value is then
multiplied in three steps by weight functions corresponding
to processor load, cell type, and radio conditions,
respectively. These weight functions are assigned values
in the following manner.

To assign an appropriate weight value to account for
actual processor load, the current processor load is read
from the system. Processor load may be monitored, for
example, by timing processor idle time during a given
interval. The weight value is then assigned according to
the weight function

W(load) = (current processor load(%)/80)2,
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attenpted. The conparison is nmade using a proper unit, such as path | oss or
signal strength. A weight value Whbetter cell) is chosen, proportional to

the difference between current cell and the best neighboring cell. The
value is chosen in the interval (0.5 ... 2.0). Thus, if the gap to the
second best cell is very large, the result is Whetter cell) = 2.0.

When the quality of the current connect_i_og8 determned fromthe bit error
rate, has fallen below a certain |imt (preset by operator), a handoff is

o FoPLed, AELOind Sigel(ORCLAUebL b SR BEOREK! BB |
val ue i s chdBSTAIT periodt bskeptossfficiengly $hoxt.if ASFUMABE to the
alarmlint dsodéisolaldfd he1r 0arlt beewdehadogual hbgk, =tReOinterval

of W(load) will thus be:

Possible W(load) values: (0.016 .. 1.56).

As previously mentioned, one problem to be considered
is that in some cells measurement data can change rapidly.
For example, in the case of a cell éonsisting of one
street, suddenly traveling around a corner results in a
more or less instant drop in signal strength. In cells of
this type (with a high risk of fast changes in measurement
data), the use of high 'T WAIT' values is restricted. For
this purpose, a "Cell Type" parameter may be used. This
parameter denotes the probability of fast changes in
reported measurement data for the current cell (that is,
fast compared to the time over which measurement data are
averaged). To assign an appropriate weight value to
account for cell type, a straight-forward method is to
classify the cell type in one of (say) five classes,
indicating a range from "very low probability for fast
changes" to "very high probability for fast changes".
Weight values to account for cell type may be set within a
range as follows:

Possible W(cell) values: (0.5 .. 2).

In some instances, the aforementioned "Cell Type"
parameter may be realized in conjunction with another
parameter. In the Ericsson CME20 mobile radiotelephone
system implementation, for example, there is already a
parameter type reflecting the cell characteristic indicated
above, namely weighting parameters intended for locating
averaging. The most recent samples are multiplied by
associated weighting values. For example, averaging (e.g.,
of signal strength) may be performed over the five most
recent samples. In a cell where no fast changes in signal
strength are likely to happen (e.g., a flat call with no
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- 20 - When the actual distance between the nobile station

-and the base station, determned fromthe timng advance I nformati on
field, has exceeded a limt (preset by the system operator), a handoff
is attenpted. A weight val ue W di stance) is chosen, proportional to the
di fference bet ween actual neasured di stance and the preset alarm

limt. The value is chosen in the interVa}g(D.S ... 2.0).

obstructive objects), a set of equal weighting parameters
(1/5, 1/5, 1/5, 1/5, 1/5) might be appropriate. This
indicates that all samples are given the same weight. In a
cell where fast changes of signal strength are likely to
happen {(e.g., a "street cell"), the system has t6 react
very fast to changes, applying an extra weight to the most
recent measurement samples. This is achieved by setting
parameter values to (1/2, 1/4, 1/8, 1/16, 1/16) for
example. This weighting represents a “stiff" parameter
setup, stressing the importance of the most recent samples.

Determining a weight function to account for radio
measurements is somewhat more involved. In a proposed
digital system, a handoff to a new cell may be attempted
for any of the following reasons: a better cell for
handling the call has been found, call quality has
unacceptably deteriorated, or the.distance of the mobile
station and the base station has become too great.

Whenever a neighboring cell is found to be
significantly superior to the current cell, a handoff is
attempted. The comparison is made using a proper unit,
such as path loss or signal strength. A weight value
W(better cell) is chosen, proportional to the difference
between current cell and the best neighboring cell. The
value is chosen in the interval (0.5 ... 2.0). Thus, if
the gap to the second best cell is very large, the result
is W(better cell) = 2.0.

When the quality of the current connection, determined
from the bit error rate, has fallen below a certain limit
(preset by operator), a handoff is attempted. A weight
value W(bad quality) is chosen, proportional to the
difference between actual measured quality and the present
alarm limit. The value is chosen in the interval (0.5 ...
2.0). Thus, if the gap to the alarm limit is very large,
the result is W(bad quality) = 2.0.
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Thus, if the gap to the alarmlimt is very large, the result is

Wdi stance) = 2.0. The final value of Wradio) is then selected in
t he following way with a value range of 0.5 to 2.0: Wradi o) =
M N Whbetter), Waquality), Wdistance)). The total value range for T
VAIT is therefore: TWAIT(mn) = (0.016) * (0.5 * (0.5) * (0.5) *
T_WAI TNOM TWAI T(max) = (1.56) *=(200y * (2.0) * (2.0) * TWAIT
NOM Assum ng a nom nal TWAIT value of 200 ns at a rocessor

| oad of 80% (TWAI Fhem thm@etyal tdistanee betwegnkhe;pebite station
TWAIT(m n) =a@d0@he Nk Bratibd, "Betermined f¥GhTEREXEimidd &3F¥an68 NB =

2\ ront or AR e ad PSP oL B SO o TPRRE TR B 8RS "
system operator), a handoff is attempted. A weight value
W(distance) is chosen, proportional to the difference
between actual measured distance and the preset alarm
limit. The value is chosen in the interval (0.5 ... 2.0).
Thus, if the gap to the alarm limit is very large, the
result is W(distance) = 2.0.

The final value of W(radio) is then selected in the
following way with a value range of 0.5 to 2.0:

W(radio) = MIN( W(better), W(quality), W(distance)).
The total value range for T_WAIT is therefore:

T WAIT(min) = (0.016) * (0.5) * (0.5) * (0.5) *
T _WAIT NOM

T WAIT(max) = (1.56) * (2.0) * (2.0) * (2.0) #
T WAIT NOM

Assuming a nominal T WAIT value of 200 ms at a
processor load of 80% (T_WAIT NOM - 200 ms), the value
range will be:

T WAIT(min) = 0.002 * 200 ms = 0.4 ms

T WAIT(max) = 12.5 * 200 ms = 2.5 s

An exanmple of the operation of measurement processes
for call monitoring according to the present invention will
now be given with reference again to Fig. 4. 1In this
example, different evaluation times are set for each active
connection. For each active connection, measurement
handling comprises the following steps:

(1) RECEIVE MEASUREMENT DATA (ACM)
UNPACK DATA
CHECK STATUS OF DATA
STORE DATA

(2) FETCH MEASUREMENT DATA FROM
ACM (LOC, PWR, DISC)
EVALUATE DATA
(POSSIBLE) ACTIONS
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now be given with reference again to Fig. 4. In this exanpl e, different

~evaluation tines are set for each active connection. For -each active
connecti on, neasurenent handl i ng conprises the foll ow ng steps:

(1) RECEI VE MEASUREMENT DATA (ACM UNPACK DATA

CHECK STATUS OF DATA STORE,;RAIA O (2) FETCH
MEASUREMENT DATA FROM ACM (LCC,
PWR, DI SC) The "servE¥AHURBECPADA, ACM, received M&aEHdneACTI ONS

REPLA NT SHEET
CEME rggult data at a rate of about twice per second. When data

are unpacked, checked and stored, ACM does nothing besides
keep the data available, waiting for the next measurement
result message to arrive. '

The "user" functions (LOC, PWR and DISC), related to
the same connection as ACM above, are not synchronized to
either ACM or each other. That is, LOC, for example, does
not know when new data has arrived at ACM. This implies
that after an evaluation, LOC has to decide by itself at
which time the next request for data shall be sent to ACM.
The same applies to PWR and DISC.

This time delay until the next data request is the
time T WAIT referred to. If the waiting interval is too
short, the probability that new measurement data has
arrived at ACM is low, and an unnecessary processor load is
caused. If the waiting interval is too long, an undesired
delay is caused which can be critical in the instance of
handoff or power regulation decisions.

Figure 10 exemplifies timing for processes related to
one connection. In the figure, the character "L_"
indicates, with respect to ACM only, that a new message
with data has arrived from the measurement result process.
With respect to LOC, PWR and DISC, the character “w[_"
indicates a time at which new measurement data are
requested from ACM; if new data has arrived since the last
requested time, they are returned to the requesting
process. For the purposes of illustration, the example
follows the IOC process. At time=(1l), the LOC function
gets new data. After evaluation, these data indicate a
not-too-perfect radio connection. To avoid delay, LOC
decides to check for new data already at Time=(2); i.e.,
after a short delay T WAIT. However, at Time=(2), no new
data has been received by ACM. This is observed by LOC.
The Delay T_WAIT is kept short. At Time=(3), new
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21 - The "service" function, ACM receives neasurenment result data

at a rate of about tw ce per second. Wen data are unpacked, checked and
stored, ACM does not hi ng besi des keep the data available, waiting for the
next measurenent result nessage to arrive. The "user"” functions (LOC,
PWR and DI SC), related to the sanme connection as ACM above, are not
synchroni zed to either ACM or each othet.a23dhat is, LOC, for exanple, does

measurement data are received. An evaluation of these new
data indicates, however, that the current radio connection
has recovered. Thus, LOC decides to increase the value of
T WAIT. At Time=(4), a request for new data is sent to
ACM.

According to the foregoing method, processor time is
conserved without being expended unnecessarily evaluating
strong channels, or equivalently, processor time is
allocated to tasks for which it is most needed, namely
evaluating weak channels. Saved processor time may
therefore be used to realize additional system functions
aside from maintaining high sound quality throughout the
system. The same method may be used to advantage in
connection with any function applied to the voice channels
of a mobile radiotelephone system using the processor
capacity of the mobile services center.

The "T _WAIT" method detailed above is most effective
in applications where signalling is reasonably cheap (in
terms of consumed CPU time). Otherwise, short "T WAIT"
times will lead to extensive signalling, which itself
becomes a load problem. In situations where extensive
signalling is undesirable, an alternate approach may be
used to advantage. This may be the case, for example, in
the European GSM system.

In the approach detailed above, locating and power
regulation are performed by processes running
asynchronously with respect to each other, each responsible
for fetching its own measurement data from the ACM process.
An alternative approach is to merge together ACM, LOC, and
PWR into one process obviating the need for signalling
between processes. When measurement data arrives from the
radio base station, the ACM part of the process is
executed. When this part of the process is completed such
that measurement data are unpacked and stored, execution of
the LOC part follows. LOC may now be used to make an
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not know when new data has arrived at ACM This inplies that after an

‘eval uation, LOC has to decide by itself at which tinme the next request for
data shall be sent to ACM The same applies to PWR and DI SC This tine
delay until the next data request is the tine T WAIT referred to. If the
waiting interval is too short, the probability that new neasurenent data
has arrived at ACMis low, and an unnecgsggry processor |oad is caused. |f
the waiting interval is too |long, an undesired delay is caused which can be

T SRR e hebpubing e pikatach SRR,
i gure exenplifies tinmin , ) )
thg figure, ™ EL%?aB?e?eegdegiﬁgi999e§9 FLR tBigcevadyakionofoF, eveat a

new nessage mbré dvabuations)iveéd thenrafitoneisuaeiont isesdvnkidepeass. Wth
respect 10 ek JIR apd BhEC chhg, CRALAGLEuthon' BY ARSI LA ETE o2 W O
new measur enen ta are

By deciding for how many measurement generations
including the current generation that evaluation can be
skipped, basically the same result is achieved as when the
"T WAIT" technique is used. The difference is that the
waiting time is expressed, for example, in terms of "skip
evaluation for the next four measurement generations®
instead of "set T WAIT value equal to two seconds" as
described above. The basic principle in either
implementation remains letting the urgency of measurement
evaluation reflected in a waiting time value. However, the
actual environment (hardware, operating system) will of
course be reflected in the actual details of implementation
as will be apparent to one of ordinary skill in the art.

It will be appreciated by those of ordinary skill in
the art that the present invention can be embodied in other
specific forms without departing from the spirit or
essential character thereof. The presently disclosed
embodiments are therefore considered in all respects to be
illustrative and not restricted. The scope of the
invention is indicated by the appended claims rather than
the foregoing description, and all changes which come
within the meaning and range of equivalents thereof are
intended to be embraced therein.
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requested fromACM if new data has arrived since the |ast requested tine,
they are returned to the requesting process. For the purposes of
illustration, the exanple follows the LOC process. At -ti-fre= t),~the LCC
function gets new data. After evaluation, these data indicate

not -t oo- perfect radi o connection. To avoighy del ay, LOC M,I li i“" !!!I: or
new data already at Tine=(2); i.e., after a short del.ay'if* - ,

at Ti me=(2) wHAT TSV CIREIMERSIeen recei ved by ACM Th

ThIGDLEEClEﬁ/)él\I:IE \é\ﬁ:zé-lll.s k%tmg Oéé.'oé tmgﬁfgc%‘%)lg €¥dhsmission quality of a

RE

is is observed by LCC

call in a mobile radiotelephone system, comprising the
steps of:
' measuring properties of a radio channel carrying said
call at a plurality of receiver sites to yield a plurality
of measurements;

evaluating said measurements;

repeating said measuring step at intervals:

repeating said evaluating step at a variable time
interval equal to the smallest value of a set comprising a
first value determined from a measurement indicative of
quality of reception at a receiver site presently handling
said call, a second value determined from a measurement
indicative of a distance of a mobile station party to said

call from said receiver site presently handling said call,

and a third value determined from a difference between a
signal strength measurement at said receiver site handling
said call and a greatest signal strength measurement at the
remaining receiver sites; and

issuing a command calculated to improve said
transmission quality.

2. An apparatus for monitoring transmission quality
of a call in a mobile radiotelephone system comprising:

means for measuring properties of a radio channel
carrying said call at a plurality of receiver sites to
yield a plurality of measurements;

means for evaluating said measurements;

means for repeating said measuring step at intervals:;

means for repeating said evaluating step at a variable
time interval equal to the smallest value of a set
comprising a first value determined from a measurement
indicative of quality of reception at a receiver site
presently handling said call, a second value determined
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-i ndi cates, however,

data is sent to ACM

that the current

According to the foregoing

neasurenent data are received. An evaluation of these new data
radi o connecti on..has recovered. Thus,
LOC decides to increase the value of T WAIT. At Ti me=(4),

a request for new

I s conserved w thout being expended unnecessarily evarﬂmmﬂ"mmmﬁﬂﬂmml ”

channel s, or equivalently, processor tine 28 allocated to t‘asks forswht ch

it is nost needed,

may

nanmnel y eval uati ng weak channel,s. Saved processaqr. tinme
4 ; gcat§Ve o% a distance J% a m&%%le

from a measurement ind
station party to said call from said receiver site
presently handling said call, and a third value determined
from a difference between a signal strength measurement at
said receiver site handling said call and a greatest signal
strength measurement at the remaining receiver sites; and
means for issuing a command calculated to improve saiad

transmission quality.

3. A method of monitoring transmission quality of a
call in a mobile radiotelephone system, comprising the
steps of:

measuring gquality of reception of said call at a cell
receiver presently handling said call and at a plurality of
neighboring cell receivers;

determining a distance between a mobile station party
to said call and said cell receiver presently handling said
call;

evaluating:

whether quality of reception is better at a
neighboring cell receiver;

whether quality of reception at said cell
receiver handling said call is unacceptable; and

whether said distance between said mobile
station party to said call and said cell receiver

presently handling said call is greater than a

predetermined limit;

repeating said measuring step at intervals;

repeating said evaluating step at a variable time
interval equal to the smallest value of a set comprising a
first value determined from said quality of reception at
said cell receiver presently handling said call, a second
value determined from said distance of said mobile station
from said cell receiver presently handling said call, and a
third value determined from a difference between quality of
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therefore be used to realize additional system functions aside from
“mai ntai ning high sound quality throughout the system The- sane-nethod may -

be used to advantage in connection with any function applied to t
channel s of a nobile radiotel ephone system using the proce i j“mﬁﬂ“l

the nobil e services center. The "T_WAI T" net hod det ai
effective in applications where signall&ngeis reasonably cheap (|n terns of
consuned CPU tinme). O herwise, short "T WAIT" tinmes will lead to extensive

signal l'i ng, r@ﬂ:ﬂﬁtibﬁeht baddaneela lr:ea:éipembhandllingsislalial icadd einst @
ext ensi ve sign Lpg i esl |8 al.tegnat e used to
1$h§hﬁ%§ Bga}#ggcgggig i@n EE li:ﬂgn‘a’fah urop an égM

advant age. r exanpl e, system
I n the approzedeiicensk:edndbove, Iocatlng and power regul ation are perforned

Pgspggglegfgs runni g, 2ayNahceRtiatlay c4chiiheeReEo HapRafe @dir, each
P transmission quality.

4. A method of monitoring transmission quality of a
call in a mobile radiotelephone system, comprising the
steps of:

measuring signal strength of said call at a plurality
of receiver sites to yield a plurality of signal strength
measurements;

evaluating said signal strength measurements according
to criteria of transmission quality:

repeating said measuring step at intervals:;

repeating said evaluation step at a variable time
interval according to the results of a previous evaluation
step; and

issuing a command calculated to improve said
transmission quality.

5. An apparatus for mobile telephony comprising:

data processing means responsible for transmission
quality of radio communications in a plurality of cells:

means for classifying transmission channels into
classes according to transmission quality;

means for evaluating transmission quality of different
classes of transmission channels at different time
intervals; and

means for issuing a command calculated to improve said
transmission quality.

6. The apparatus of claim 5 wherein a time interval
for evaluating transmission quality of a class of
transmission channels previously determined to be of high
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for fetching its own neasurement data fromthe ACM process. An alternative
‘approach is to nerge together ACM LOC, and PWR i nto one lﬂmmﬁlﬂ'”mum
the need for signalling between processes. Wen neasurene

fromthe radi o base station, the ACM part of the process i s execut &d. “Whén

this part of the process is conpleted su tpat nmeasurenent data are
unpacked and stored, execution of the L part follows. LOC may now be used

to make an transmission quality is longer than an interval for
evaluating transmission quality of a class of transmission
channels previously determined to be of relatively lower
transmission quality.
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- 23 - evaluation of nmeasurenment data if necessary. However, it may al so
‘be decided in LOC to skip this evaluation (or even nore evaluations), if
the radio situation is considered stable. In this case, the execution of
PWR starts, etc. By deciding for how nmany neasurenent generations
including the current generation that evaluation can be skipped, basically
the sanme result is achieved as when the "T_WAIT" technique is used. The
difference is that the waiting time is_ ﬁﬁgressed for exanple in terns of
"skip evaluation for the next four neas ment generatlons i nst ead of "set

TWAIT val ue equal to r]gés Iﬂftf e‘&c[{(#%eldl }{5‘5 | c principle
in either |nplenentaf%on remai ns ? N e urgency of measur enent

evaluation reflected in a maltlngrEnEnHouﬂlsxsdﬂmwever the

This Sheet Has B Been

sssraacr Hllll!HlllﬂﬂlHﬂl!

Transmission quality of an ongoing call in a mobile
radiotelephone system is monitored by measuring parameters

indicative of transmission quality, evaluating transmission
quality according to the measured parameters, repeatedly
measuring the aforementioned parameters at intervals, and
repeatedly evaluating transmission quality according to the
measured parameters at a time interval variable according
to the results of the previous evaluation. Effectively,
the calls in progress are divided into different classes
according to transmission quality with some classes
requiring monitoring relatively frequently and other
classes requiring monitoring relatively infrequently.
Alternatively, the waiting interval according to which a
call is monitored may be determined on an individual cell-
by~cell basis.

No suitable figure
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actual environnent (hardware, operating systen) will of course be reflected
'in the actual details of inplenentation as will be apparent to one of
ordinary skill in the art. It will be appreciated by those of ordinary
skill in the art that the present invention can be enbodied in other
specific forms wi thout departing fromthe spirit or essential character
thereof. The presently disclosed enbodi nents are therefore considered in
all respects to be illustrative and not restricted. The scope of the

invention is indicated by the appended clains rather than the foregoing
description, and all changes which cone

i,Lhin the neaning and range of
equi val ents thereof are intended to be enbraced therein
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A nmethod of nmonitoring and altering transm ssion quality of a cal
receiver sites to yield a plurality of measurenents;

a nobi |l e radi ot el ephone system conprising the steps of:

measuri ng properties of a radi o channel
5

1
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repeating said evaluating step at a variable tine interval equal to the

-smal | est time value of a set conprising a first tine val ue determ ned
as a function of a 10

measurenment indicative of quality of reception.at. a
receiver site presently handling said call, a sec nﬁEp'mEMEqr[l@{EET !
determ ned as a function of a nmeasurenent indicative | ' of
a nobile station party to said call frorrézqid recei ver ditje prese t%
handling said call, and a third tinme val determined ag 4 f AhMAHAOH
di fference bet ween a signal strength measurenent aid recejyer
site handling said call and 15 a greatest signal stre measur enent at
the remai ning receiver sites; and I ssui ng
said transm ssion g | responsi ve to sa}d__' | uat i ng step.
2. An apparatus for nitoring and alteringtlransmEsion quality of a
cal | in a nobile fgytotel ephone syst ensedolipf i §ifrg:| 20 2]
means for neasuring RH-8 of a radio chayngl fgal r{ijro—s=fd call at a
plurality of receive s&%s‘ to yi® d a€pl ural ijt ;fcl sjurenment sy, ¢ :
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means for repeating said neasuring step at intervals; means
"for repeating said evaluating step at a variable tine interval equal to 25
the smallest tine value of a set conprising a first tine val ue determ ned

as a function of a nmeasurenent indicative of quality of reception at
a receiver site presently handling said call, a second tine val ue
determ ned as a function of a neas4#/@rent indicative of a distance of

a nobile station party to said call fromsaid

. | Loc P¥R D1SC

ACH STATS ]
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receiver site presently handling said call, and a third tinme val ue

determ ned as a function of a difference between a signal strength
measurenent at said receiver site handl ing said call and a greatest
signal strength neasurenent at the remaining receiver sites; and 5
means for issuing a command to alter said transm ssion quality responsive
to said evaluating step. 537 A net hod of nonitoring and
altering transmission quality of a call in a nobil e radi ot el ephone

measuring quality of

system conprising the steps of:
ntly 10 handl i ng said cal

reception of said call at a cell rec

and at a plurality of neighboring cell regeivers; det er m ni ng
a di stance between a nobil e statigh—partylio said call and said cel
receiver pr esﬂg i? sai dfcal | ; ggiLeeT eval uati ng:
: - HEASURENENT -S4
PRIOR ART osurs
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OH ~—1 —$2

S8— CH=—CH+1
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S8

S6
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!
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whet her quality of reception is better at a neighboring cell receiver; 15
. Whether quality of reception at said cell handling said call is

unaccept abl e; and whet her said distance between said nobile station
party to said call and said cell recei ver presently handling said
call is greater than a predetermned limt; repeating said
nmeasuring step at intervals; 6/7" epeating said evaluating step
at. a variable tine interval equal to the smallest 20 time value of a set
conprising a first tie value determ ned as a function o <Ay
quality of recegp Nt |y haﬁﬂaﬂﬁl agyd call, a

second tine val ue deterqrned—as—a—+unc dn of said digstance of said
nmobi |l e station {ffom saj-d-cell Lecei ver

esfent, ;ﬁﬁm 1cal |,

and a third ti val ue| det erﬁ'ﬁ@l as a f84ct i &40[ ﬁg’gﬂﬁgge_&
er | 25

ing cell r¥ceivers; and

—

saroa—cel | rec
receptlLon at the nei

bet ween quality] pf receptromat
and a highest quplity of

i ssuing a comrahn !
eval uating step
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rébeption at said cell receiver handling said call and a highest quality of
~reception at the neighboring cell receivers; and | ssuing a command

"cal culated to inprove said transm ssion quality. 4. A et hod of
nonitoring transm ssion quality of a

7/7

SET NOMINAL VALUE,
T WAIT = T_WAIT_NON

CHECK PROCESSOR LOAD;
T_WAIT = W(LOAD) * T_WAIT

CHECK CELL TYPE;
T_HAIT = W(CELL) % T_WAIT

CHECK RADIO NEASURENENTS;
T_WAIT = W(RADIO) * T_WAIT

TIME ‘____Q.ﬁg_S____* ------------ A el 4

ACM ¢ ! t

LOC e L e I S
(1} (2) (3) : (4)

PYR e S

DISC - — —

ner ol s R Al [Creiowen swe |
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Preupep o]
cal | ot el ephone system conprising the steps of:

meshsRERLAGEMENT SHEET r gt id call at a plurality of receiver sites to
yi gl fra-ptroratitty-pfi si d HE@ ﬂuﬂ Muremt S eval uating said
Si asjur e crif er i RERMACEMIESTSSEHRTS qUSKI TV,

re suring step at intervals; 0 Desqriyaionn gaget .0-- ey phgat i-on
hl uati on step; an i ssuing a command calft flirateg/-h @ phrar Ve, @ag -
tr f ' ' ag

st bpbatavarianld thme i nterval accor di bastd K Etmedl £ ot o fa
conprising: dag,'@h&rﬁccmeﬂqs:rreans resporisi ble for transmssio

| tlime interval according24d tHElaings)l t 3 pREedRPEL LS
ev ez
5. An apparatuy rbemhkl e;%géﬁpbggyﬁagcd -

1. A method of monitoring and altering transmission quality of a call in
a mobile radiotelephone system, comprising the steps of:
measuring properties of a radio channel carrying said call at a plurality of
5 receiver sites to yield a plurality of measurements;
evaluating said measurements;
repeating said measuring step at intervals;
repeating said evaluating step at a variable time interval equal to the smallest
time value of a set comprising a first time value determined as a function of a
10  measurement indicative of quality of reception at a receiver site presently handling
said call, a second time value determined as a function of a measurement indicative
of a distance of a mobile station party to said call from said receiver site presently
handling said call, and a third time value determined as a function of a difference
between a signal strength measurement at said receiver site handling said call and
15  a greatest signal strength measurement at the remaining receiver sites; and
issuing a command to alter said transmission quality responsive to said

evaluating step.

NG 2. An apparatus for monitoring and altering transmission quality of a call
in a mobile radiotelephone system comprising:
20 means for measuring properties of a radio channel carrying said call at a
plurality of receiver sites to yield a plurality of measurements;
means for evaluating said measurements;
means for repeating said measuring step at intervals;
means for repeating said evaluating step at a variable time interval equal to
25  the smallest time value of a set comprising a first time value determined as a
function of a measurement indicative of quality of reception at a receiver site
presently handling said call, a second time value determined as a function of a
measurement indicative of a distance of a mobile station party to said call from said



qual ity of

radio communi cations in a plurality of cells; means for

classifying transm ssion channels into classes according to transm ssion

qual ity;

means for evaluating transm ssion quality of different

means for issuing a command cal cul ated to i nprove said tran

quality.

6. The apparatus of cl a|2§1 5 wherein a ti ”’E@ﬁﬂﬁ@“lu ml”“'

eval uating transm ssion quality of a clasS of transm ssi on
previously determ ned to be of high

5
N
10
15
Yr
20
25

receiver site presently handling said call, and a third time value determined as a
function of a difference between a signal strength measurement at said receiver site
handling said call and a greatest signal strength measurement at the remaining
receiver sites; and

means for issuing a command to alter said transmission quality responsive

to said evaluating step.

3. A method of monitoring and altering transmission quality of a call in
a mobile radiotelephone system, comprising the steps of:

measuring quality of reception of said call at a cell receiver presently
bandling said call and at a plurality of neighboring cell receivers;

determining a distance between a mobile station party to said call and said
cell receiver presently handling said call;

evaluating:

whether quality of reception is better at a neighboring cell receiver;

whether quality of reception at said cell handling said call is unacceptable;
and whether said distance between said mobile station party to said call and said cell
receiver presently handling said call is greater than a predetermined limit;

repeating said measuring step at intervals;

repeating said evaluating step at a variable time interval equal to the smallest
time value of a set comprising a first tie value determined as a function of said
quality of reception at said cell receiver presently handling said call, a second time
value determined as a function of said distance of said mobile station from said cell
receiver presently handling said call, and a third time value determined as a function
of a difference between quality of reception at said cell receiver handling said call
and a highest quality of reception at the neighboring cell receivers; and

issuing a command to alter said transmission quality responsive to said

evaluating step.
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C L -M . S - 27 - transmssion quality
is longer than an interval for evaluating transmission quality of a class
of transm ssion channels previously determned to be of relatively | ower
transm ssion quality.

- 26 -

ADAPTIVE RESOURCE ALLOCATION IN A MOBILE
TELEPHONE SYSTEM

ABSTRACT

Transmission quality of an ongoing call in a mobile
radiotelephone system is monitored by measuring parameters
indicative of transmission quality, evaluating transmission
quality according to the measured parameters, repeatedly
measuring the aforementioned parameters at intervals, and
repeatedly evaluating transmission quality according to the
measured parameters at a time interval variable according
to the results of the previous evaluation. Effectively,
the calls in progress are divided into different classes
according to transmission quality with some classes
requiring monitoring relatively fregquently and other
classes requiring monitoring relatively infrequently.
Alternatively, the waiting interval according to which a
call is monitored may be determined on an individual cell-
by-cell basis.
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