A METHOD AND.AN ARRANGEMENT FOR FRAME DETECTI ON QUALI TY ESTI MATI GREM FHE
RECEI VER: OF A:RADI O COMMUNI CATI ON SYSTEM  TECHNI CAL FIELD  The present
dnvention relates to a method of achieving inproved quality estimation when
detecting information frames, and particularly when 'detecting erroneous
speech frames in conjunction with channel decodi ng and subsegeunt speech:
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Stati ons T aresgnt 15yEntfon AT e Whelibar bt RbnTavirsPiapshés

transmit tqarakbitly estimation when detecting information frames, and
particularly when detecting erroneous speech frames in conjunction
with channe{ decoding and subseqgeunt speech decoding in the
receiver of a radio communication system which operates, for
instance, with time division multiple access (so-called TDMA). The
inventive method, however, can also be used with frequency
division radio systems (FDMA). The invention also relates to an
arrangement in a radio station using the method.

BACKGROUND OF THE INVENTION

In a radio system which operatés with time division multiple
access (e.g. TDMA), data messages and control messages are
transmitted in bursts over c_ertain' time slots between primary
station (base statioh) and one or more secondary stations
(mobiles). -

The primary and the secondary station both have a transmitter and
a receiver side. The transmitter side includes a speech coder,
channel coder and a modulator. The receiver side includes
corresponding units, namely a demodulator, channel decoder and
speech decoder.

Speech to be transmitted from, for instance, a secondary station
(mobile) to a base station is speech-coded in the transmission
side of the secondary station and is divided into speech frames
prior to channel coding and transmission in the form of bursts in
accordance with the access method (TDMA) concerned.

For instance, the speech coded signals may be divided in speech
frames (which are not the same as the TDMA-frames) with coded
speech samples and transmitted in accordance with a given access



‘a receiver side. The transmitter side includes a speech coder, channel
coder antd a mbdul ator. The receiver side includes corresponding units,
:namely a denodul ator, channel decoder and speech decoder. Speech to be
transmtted from for instance, a secondary station (nobile) to a base
station is speech-coded in the transm s&ion side of the secondary station
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(TDMA). For instance, the speech can be divided in speech frames each of 20
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it is thy T npdPEAAENinESAhation and it is thus more important that
these bits can be received correctly.

These more sensitive bits can be protected, by adding redundant
parity bits in the channel coder. These redundant bits can be used
for error detection and/or erxror correction of bit errors later on
in the receiver. The so-called bit error rate (i.e. quality) of a
received message, e.g. a speech frame, may also be estimated in
the receiver. When a bit-containing frame is received, the channel
decoder uses the redundant bits to correct the most sensitive
bits. If it is not possible to correct bit errors, it is necessary
to indicate that the whole bit contents of the speech frame (or a
part of a speech frame) is bad, i.e. erroneous.

When decoding speech in the receiver (speech synthesis), a bad
frame can result in greatly impaired speech. The most sensitive,
or susceptible, bits belong to such frame parameters as amplifica-
tion and spectral distribution. When errors occur in bits which
represent these parameters, the decoded and outgoing speech will
be heavily distorted by slamming sound and disturbing noise.

One method of improving the subjective quality in a digital
cellular system in which, for instance, fading distorts a complete
speech frame, is to take action so as to reduce the speech
distortion. One example of such action is to repeat the previously
received error-free speech frame parameters and/or introduce
limitations of the speech frame parameters.

To the same end, it is also known to introduce a so-called BFI (Bad
Frame Indicator) into the channel decoder of the cellular :adio
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t'hese bits can be received correctly. These nore sensitive bits can be
protected} by adding redundant parity bits in the channel coder. These
redundant bits can be used for error detection and/or error correction of
bit errors later on in the receiver. The so-called bit error rate (i.e
quality) of a received nessage, e.g. a $peech frame, may al so be estinmated
i n the rexosven GSMdGlabgilt Sysheni fomiobideeConmunicatidn) t fhishginek an

decoder %ﬁ‘éh{cﬁelsﬁdmm £BichSof ta BAMHY slilRaiveh a%l%lp@e\eﬁ aééédteﬁfor':t

s not possible to correct bit errors, 1t is necessary I ndi cate that the
whol e bi ttR@nkaneivar ¢ fidepedtHich afenctes, yhether é sf)’é%‘% PrERE) has
bad, i.e.occuPPRAUSY nothen decodi ng speech in the receiver (speech
synthesis), a bad frane can result in greatly inpaired speech. The nopst
sensitive, or susceptible, bits belong to such franme paraneters as

anpl i fi cCcBUMMARYaOH PBHEG@NVBNTION ri buti on. Wen errors occur in bits which
represent these paraneters, the decoded and outgoing speech will be heavily
di storted by sl anm ng sound and di st ur bi ng noi se. One met hod of i nproving
t he subj ékn jaaedepdio aghiieve geedipropertiearreganding thehafaresaidiknowmce,

fading diggdQchsed C&fmllﬁb%%aaachtﬁéa@mjh St Brd 2kpedehl théﬂt%s tﬁtr%&me
t he speech distortion. One exar@ é(mjsuc action iIs tq regeat th

previ ousl‘}/e‘F%§§PF¥dt€r?%‘F1?Y% ACTHF ks &RtimpE 19998, IP‘T’lt‘?‘{ﬁ)‘u’c"e‘/
linitati aps athé hep&aencrfﬂarﬁredaaaarmé@és\red TerorheinstEneed, the ierdso

o ot R f 885880 80a 3l 8 Eha (ARLETRJAL,S 50 1200 shPEng R
system is too coarse, since the BFI only gives a logic "1" for an
error-free -frame and a logic “0" for a bad or erroneous frame.
Frame detection which is more bit selective, i.e. detection which
indicates more precisely those parts of a frame which contain
erroneous bits, " would greatly improve the speech quality.
Furthermore, the BFI itself may be erroneous. Error-free frames
which are detected as being erroneous, and similarly non-detected
erroneous frames, will impair the possibilities of taking error-
correcting measures in the subsequent speech decoding process (the
speech synthesis).

The aforesaid earlier known error detecting block code neces-
sitates the addition of redundant bits to the speech data bits,
which means that the bit rate must be increased. When the number
of redundant bits is redﬁced, the block code becomes too weak to
provide satisfactory error detection.

Ano'ther known method, on which the present method is based,
involves the use of so-called soft information in frame error
indicating processes. These values are already available to the
detection process, and hence no additional parameters or bits
which are able to influence the bit rate, such as when using block
codes are inserted. However, the sole use of soft information in
the error-indicating process, as is earlier known, does not
provide the improvement that is provided with the use of block
codes. The correlation between soft information and bit errors is



3 system GSM (d obal System for Mbile Comrunication). This gives an
indicatioh in the formof a binary signal to the speech decoder on the
recei ver side, which denotes whether a frame error has occurred or not.
SUMVARY OF THE INVENTION  I'n order to gchieve good properties regarding
the aforesaid known neasures of .inproving the subjective speech quality, it
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better and more accurate that the indication given, for instance,
by the aforesaid bad frame indicator (BFI). Such neural nets are
known per se, but are applied here in a radio receiver for
providing improved quality estimation of received information

frames (speech or data) in a simple fashion.

The proposed method can also be applied to achieve improved
quality estimation of parts of a speech frame, for instance a
given block or a part of a given block within a speech frame.

The inventive method and the inventive arrangement have the
characterizing features set forth in the following Claims.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention will now be described in more detail with reference
to the accompanying drawings, in which

Figure 1 illustrates the configuration of a speech frame; _
Figure 2 is a block schematic which illustrates the receiver side
of a radio station in which the inventive method is applied;
Figure 3 illustrates in more detail a simplified.-neural net used
in the receiver side shown in Figure 2; and

Figure 4 is a block schematic which illustrates the transmitter-
receiver side of a radio station of the same kind as that shown in
Figure 2 for training a neural net.

BEST MODES OF CARRYING OUT THE INVENTION
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Class la: The block of bits (50 bits) which are most sensitive to

transmission error and which can cause the most difficult
consequences with regard to the intelligibility of the transmitted

and decoded speech. When errors are found in these bits, large

parts of the immediately preceding, correct speech frame are

repeated (downtoning) as described in GSM Recommendation 06.11.

This error detection is effected with the aid of three parity bits

which are added to the 50 data bits as control bits.

Class 1b: The block of bits (132 bits) which is not protected by
parity bits. Four bits are added as so-called tail bits. These 132
data bits are not equally as sensitive with regard to the intel-
ligibility to transmission bit errors occurring as the bits in

class 1la.

A convolution code is used on the bits included in the class 1a,
1b blocks and the three parity bits and four tail bits.

Class 2: These 78 bits are the least susceptible bits and are not
protected at all by additional bits, as in the case of class la and
1b.

The three blocks in a speech frame thus contains 50+132+78=260
bits apart from the 3+4=7 parity bits. of the 260 bits, 53+136=189
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Figure 2 is a block diagram illustrating that part of a radio
receiver for time division multiple access (e.g. TDMA) with which
the inventive method is concerned, and also shows an arrangement
according to the present invention.

An antenna A of the receiver of a mobile telephone apparatus, for
instance, receives radio signals over a certain radio channel. The
signals (data/speech messages) transmitted over this channel may
become strongly distorted, for instance due to fading, so that the
TDMA-bursts give rise to a highly distorted speech frame.

Demodulation takes place in the radio receiver RM at a given radio
frequency (in the GSM-system 865-935 MHz) in a known inanner, SO as
to obtain a baseband modulated signal. The level of the radio
signals incoming to the radio receiver RM can be measured and are
referenced s in Figure 2. ' |

The baseband modulated signal is demodulated in the demodulator DM
within the IF-range, this demodulator also including an equalizer
for compensating or correcting the multipath propagation to which
the incoming signal has been subjected during transmission, in a
known manner. In this regard, the signal can be equalized by means
of a Viterbi equalizer in a known manner, for instance the manner
described in Swedish Patent Application 9102611-2.

So-called soft information is obtained from the equalizer in the
demodulator DM, this soft information being available and
referenced s, in Figqure 2. This soft information may consist
particularly of the information obtained subsequent to a first
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5 Shown at the top of Figure 1 is the configuration of a speech franme which
contains origimnally 260 bits in accordance with what* ius prescribed in the
GSM recommendati on, this speech frame being used in the illustrated

enbodi ment solely by way of exanpl e. The speech frame is divided into

t hree bl ocks of which each defines one of three different classes. One

bl ock of 30rdi {fih8rdSdiiEibd®id 3gtidbasebahdocigmdl 1a2addédrddricewstined
to cl ass Iﬁ) and t&e rgmai ning block of 78 bits is assigned to class 2. The
260 bits %‘%Ie?}'{/ PL8fromthe speech coder and formthe digiti- zed
speech after speech coding. A further speech frame of this kind is
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correct speech frame are repeated (downtoning) as described in GSM
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volution code). The channel decoder KD may also estimate the bit
error rate (BER), for instance by decoding the received and
decoded information bits and comparing the result with the bits
received from the deinterleaver DI. The difference constitutes a
measurement of the bit error rate. The channel decoder KD also
provides a measurement as to how bad, or erroneous, a full speech
frame is, so-called bad frame indicator BFI. As before mentioned,
this magnitude is specified in the GSM~recommendation 05.05. Thus,
there can be recovered from the channel decoder KD a signal Sy

which is a measurement of the bit error rate (BER) in the received

demodulated and equalized radio signal, and a signal s which

CRC
indicates whether an error has occurred in the class la-block.

The decoded speech framés are delivered from the channel decoder
KD to the speech decoder TD 'in a known manner, speech~frame by
speech-frame, where a complete synthesis of received speech frames
is effected so as to deliver speech signals to a sound reproduc-
tion unit H in the secondary station (mobile telephone apparatus).

According to the proposed invention, a so-called neural net NT is
arranged on the receiver side of the secondary station, this net
coacting with the speech decoder TD, with the purpose of obtaining
a better and more accurate estimation of the quality of the
received speech frames than that which can be obtained with the
aforesaid frame indicator BFI, for instance.
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and the three parity bits and four tail bits. Class 2: These 78 bits are
t.he | east susceptible bits and are not protected at all by additional bits,
as in the case of class la and |b. The three blocks in a speech franme
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access (e.galtieVilp thémedirah rdte Nmventive nethod i s concerned, and al so
shows an arrangenent according to the present invention.

Figure 3 illustrates an example of a neural net NT that can be used
on the receiver side illustrated in Figure 2. In this case, the

neural net has three inputs vl, vz, v3. Each of these inputs is

connected to a summator S11, S21 and S31 and each of these
summators receives the connections from remaining inputs.

Thus, the summator S11 receives the connections from the inputs v2

and v, in addition to receiving the connection from input vy

Although not shown, there is provided in each of the connections
a multiplier which multiplies respective input signals by a factor

wik 3 in accordance with the following:
’

Index i discloses the layers of the neural net, so that in the

£first layer (i = 1), the input signal v, is multiplied by the
factor

wlll and this multiplied signal is led to the summator S11;

wll2 and this multiplied signal is led to the summator S12;
ﬁ113 and this multiplied signal is led to the summator S13.

Correspondingly, the input signal v, is multiplied by the factors

1 and wl

1 )
w
21° ¥ 22 23

prior to these signals being delivered to respective summators
S11, S21 and S31.

Correspondingly, the input signal Vs, is mﬁltipl ied by the factors

1 1 1
Wigpr V5 30dV 4,



An antenna A of the receiver of a nobile tel ephone apparatus, for instance,
receives vadi o signals over a certain radio channel. The signals

(dat a/ speech nmessages) transmitted over this channel nmay becone strongly
distorted, for instance due to fading, so that the TDVA-bursts give rise to
a highly distorted speech frane. Denodyl ati on takes place in the radio
receiver RMat a given radio frequency (in the GSM system 865-935 WMHz) in a
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functions.

The neural net illustrated in Figure 3 has three layers, three
nodes in the first two layers and a single output node. Naturally,
it is also possible to increase (or decrease) the number of layers
and nodes and to use more than one output from the network.

The network may optionally be supplemented with pre-processing
units PP1-PP3 (the broken line blocks in Figure 3). For instance,
the pre-processing procedure may constitute lowpass filtration,
normalization to a given level, the formation of an average value
of a given number of bits beneath a given bit interval, variants
estimation, and combinations of these measures.

The inputs v_-v_ receive, for instance, the magnitudes sm, sj and

l 3
S, according to Figure 2. These are multiplied by respective
factors wlk 3 in accordance with the above, and summated in the

summators S1i-§31. Respective summation values are then delivered
to the respective non-linear limiter L11, L21 and L31.

The output magnitudes u, . u_ and u, from respective limiters are

2
then
1 1l 1l b
u1=f[(v1-w11+v2-w21+v3-w31)-b1]
1 1 1 1
u2=f[(v1-w12+v2-w22+v3-w32)-b2]
1 1 1
u, =f (v, - w,, +vVv -
3 1 "13 2 - Wyy tVy ot wa,) - by )



7 prelininary equalization of the baseband signal in accordance mnth V[>A
91/ 06165. * A deinterleaver D is connected downstream of the denodul a-
toor/equal i zer DM and recovers the time divided bursts intended for the

receiver, in a known nmanner. The main function of the channel decoder KD
Is to perforn1the opposite to the operation perforned by the channel coder
on the transmtter side, i.e. to recovel transmitted i nformati on fromthe
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this magnitude is specified in the recomrendati on 05.05. Thus, there
can be recoyered f oh1the channel, decoder XD a signal [err] which is a
measur enéid dhelig by 8.2 GPNFLARL(BER) in the received dempdul ated and
equalized radio S|gnal and a 5|gnal S whi ch
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speech signa a sound reproduc-
in the neural net.

The simplified neural net illustrated in Figure 3 can be expanded
to any desired number of levels m and any desired number of nodes
n ., as described in R.P. Lippmann "An introduction to computing
with neural nets", IEEE ASSP Magazine, April 1987. In the simpli-
fied case illustrated in Figure 3,

n =3
=3

ny

n, =3

n =1

The proposed neural net enables a better boundary separation of
the decision regions of the various soft values. The achievement
of this is a non-linear problem which requires a non-linear
solution, and since the decision functions of the neural net (the
units Sil, $21, ...) are non-linear, this constitutes a suitable
solution to this problem.

However, in order for the neural net illustrated in Figure 3 to
improve the quality at which a frame error is indicated, the net
must first be trained, i.e. it is first necessary to determine
suitable values of the parameters le ,k’ blk, which are then to be
used in the neural net for receiving signals over a virtual radio
channel.



tion unit Hin the secondary station (nobile tel ephone apparatus).
According®to the proposed invention, a so-called neural net NT is arranged
on thereceiver side of the secondary station, this net coacting with the
speech decoder TD, with the purpose of obtaining a better and nore accurate
estimation of the quality of the received speech franmes than that which can
be obt ai ned vm'th t he aforesai d frane ilddicator BFI, for instance.

S TIRIGHER "9k NTSSE Sl £lo WS SLahURIBE b ahd Scle AL o
denodul wing mmdofm MMestd'emUerfﬁb ipstavceyva wobdlehigllephane
shown, &B?a%-%'ﬁi& at e 3&‘%{%{] &E'h&@nai’fgﬁkﬁéﬁtaéfaﬁhén%hra\ia'ﬂ& tys the

neur al strates an exanple of a neural net NT that

can be asbdeved. & gécﬁweél% Yay @ft P&PBH]-PntFPEUF’ée xadip i$hatione,
the nedkahshgitdasnd hfaeeiwtslﬁerﬁhlt ;bxea ahgﬁalsnmtm iguleiphect ed

to a summator d each ese tors r ves the
connect PGRESH im ﬁ&ﬁg gge neuﬁg h‘éag e Saﬁpf % fthe
connect systefmr oim t hhlchpnbsledz timed @wltiplexedidsignals owidheimiXtiple
CO““ECtABEefsrsclm | r-‘-%‘étllk‘ar ébﬂm-signals are transmitted/received.

The transmitter side includes a speech coder TK, a channel coder
KK, a block MD which includes the baseband modulator and the TDMA-
interleaver, and also a radio transmitter RS which transmits a
radio signal (the 900 MHz-band for GSM) to the antenna of the radio
station. All of the aforesaid units are known to the art.

In the illustrated case, the output of the radio transmitter RS is
connected to a simulator CH which simulates a radio channel with
regard to fading, time dispersion, attenuation, etc.

The receiver side of the radio station includes those units
previously described with reference to Figure 2, namely the radio
receiver RM, the demodulator with equalizer and deinterleaver
referenced DMI, the channel decoder KD and the speech decoder TD.
All of these units are known and need not be described in detail
here. Those units included 'in the block schematic shown in Figure
4 and functioning to align the neural net NT are a comparator JF,
a difference former (summator) S and a calculating unit Sp.

One input of the comparator JF is connected to the output of the
speech coder TK over which the desired speech coded signal is
obtained. The other input is connected to the input of the speech
coder on the receiver side over which there occurs the speech
signal which was disturbed over the radio channel CH but at least
partially corrected in the receiver. The two signals delivered to
the comparator inputs both occur in the form of speech frames
(Figure 1).
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Al t hough not shown, there is provided in each of the connections a
multiplier which nmultiplies respective input signals by a factor [err]

i'n accordance with the foll ow ng: I ndex i discloses the |ayers of the

neural net, so that in the first layer (i = 1), the input signal [err] is
multiplied by the factor 1 [err] and this nultiplied signal is led to
the summator Sl11; [err] and this nmultiplied signal is led to the sunmator

S12; [ enpHe @i‘ﬂ:ﬂ\ﬁ' §15Hh§.' Ql i g4 ﬁk@r@; Sda%rét‘%ﬂ' be I:Q réE&HﬁE% BEB-value

Oorrespondl I'nput

mul tipli,ed act ors n%ﬁ
and [errWhi ‘g? is ?@?ﬂ%%ﬁréﬁgﬁﬁl §°5e|‘4?§ m ell)c/) Rors
S11, S21wikhS3k theCHFISSRAAME at chhebenaupeateaabhéﬁrmémg cﬁétsud:hed

by the f?:Ct e of r.JaSa.o] station in a virtual channel case. It is this BFI-
value which shall be improved by means of the neural net.

The neural net NT is therefore connected in the manner illustrated
in Figure 3, with its three inputs connected in the manner
described earlier with reference to Figure 2 and with its output
sn connected to the input of the difference former S, the other
input of which receives the output signal s £ This output signal
thus forms the difference between a) a signal s £ which infiicates
the value of the frame error that is obtained without using the
neural net and which thus constitutes a real value, and b) a signal
sn which denotes the improved quality value of the frame error

indication desired, i.e. a set-point or control value.

The difference between the signals Se and s, produces an error
signal e which is delivered to the calculating unit SP. This unit
calculates the values of the parameters wlj X and blk in different
'
calculating steps as a function of the error e concerned and in
dependence on the values of the parameters wij,k and bik calcu-
lated in preceding calculating steps, and the error e as described
in the aforesaid reference to Lippmann (see in particular page

17) .

The aforesaid alignment of the neural net can be effected in
conjunction with trimming respective stationary units and may be
a relatively complicated procedure which requires some time to
carry out. The neural net, however, is relatively simple in itself
and causes no unnecessary complication of the receiver side in
practice when training of the neural net has been completed.

The proposed method is unable to rectify errors in the speech
frames and is also unable to improve directly the error correction
performed in the receiver. However, the method does provide a
freer appraisal of an error when receiving the speech frames than
that afforded, for instance, by the known BFI:n, and therewith



9 prior to these signals being delivered to respective sumators S11, S21
and S31. * Limters L11, L21 and L31 are connected to respective sunmators
S11, S21, S31 for limting the level of respective summator output signals.
These Iimters conveniently have the formof non-linear stages with
hyperbolic transm ssion functions, forsinstance tanh- functions. The
neural net illustrated in Figure 3 has three |ayers, three nodes in the
first t ' e t I telsS @le0 Py Pl e
to incr}é‘g%%é%glr;gdgéc}?e%g heb%g{r:rggr of” .__ayg?‘tsfggg%ltﬁg estgn_ % use rirjore

t han oncovuegtingrumitse Primanidy tortbenspeech degodgxi shiigh ngsults

suppl enpRUsEe ¥b i g P RfEASIy10 uni ts PP1-PP3 (the broken line blocks in
Figure 3). For I1nstance, the pre-processing procedure may constitute

| owpass filtration, normalization to a given level, the formation of an
average val ue of a given nunber of bits beneath a given bit interval
variants estimation, and conbi nati ons of these neasures. The inputs [err]
receive, for instance, the magnitudes [err] and [err] according to Figure
2. These are multiplied by respective




factors [err] —+n-accardance with the above, and summated in the summators
S11-S31. Respective sunmationval ues are then deli vered to the respective
non-linear |i Wit Steet kil dlp ﬁl and L31. The out put mag err]land [err]

fromrespecti v hen ' [err] THIS SHEET HAS BEEN
10 where the H he transmiggion functionf of eERHPLQ.tEtdW

non-linear lim (assurred the sane). As an I on
can be chosen as crarMs ' (X) = tanhx 1 and

where b is a constant.

1. In a radio communication system in which radio signals are
transmitted between a primary station and one or more secondary
stations (MS) in accordance with a given access method (TDMA) a
method of estimating the quality of an information frame transmit-
ted in accordance with the access method (TDMA) concerned in order
to provide a better estimation with regard to a possible frame
error when decoding at least a part of the information frame
subsequent to detection and correction in accordance with an error
detecting and/or error correcting code, characterized
by recovering soft information in the form of a number of signal
values from the radio signal incoming to the receiver side of a
primary or secondary station and processed after certain receiver

stages, and by

a) multiplying each of all recovered signal values with predeter-
mined coefficients (w ).

b) summing all recovered and according to a) multiplied signal
values by one another to form a given number n of summation values;

c) effecting a non-linear operation (L11-Liln, L21-L2n, ...) on
each of the summation values obtained according to b}, wherein the
same number n new values are obtained; and

d) evaluating at least one of the thus obtained values to obtain
a measurement of said quality.

2. A method according toClaiml, characterized by
repeating steps a)-c) a given number m (m > 1) of times prior to
effecting the evaluation according to 4d).

3. A method according to Claim 2, characterized by
varying said number n of summation values from the time at which
the steps a)-c). have been carried out once until all steps have
again been carried out.

AN



Mul tiplication, summation and non-linear operation and linmitation of the

magni t udes [ efgsS cesut i n an anal ogous maner — LHEse maori L uges
now formng in [ to the second layer in HENS, tf'g_ HAGBEEN e
sinmplified neu iy ated in Figure 3 can bdlLexpa any |

desired nunber of levels mand any desiitped nunber of nodes n , as descri bed
in R P. Lippmann "An introduction to conputing with neural nets", |EEE ASSP

l[vaga]zi ne4T 3 AX Hetm7acb6ra|iﬁg5"tt8pbialiﬁi fdoﬁaét%te il i&)@tﬂa al edti @ Fi?w Y a% .
err e_proposed neural net enables a better undary separ n o e.
deci si orP¥ 3 a‘c')'FP‘W\eP et capskants h@’)@()h&éﬂ?ﬁ&ﬁ&oP th?‘?sPs a
non- | i nevalpeshirvodjutictioruiwieh stepnchi.near sol ution, and since the

deci sion functions of the neural net (the units S11, S21, ...) are
non-linear, this constitutes a suitable solution to this problem

However ,5i n 2omgghodoacchedingrbd ary one ff theepreaedinur@laing, i nprove the
qual ity @tp WihCh @ § I 3€5101q | Byl a%s%eﬂga%ﬂhg siP&ierlt b gig14ty ned,

i.e. it 1s first necessary to detéerm ne sul val ues of the paramefers
[err] wPghchrebtained subsamiant £o Faidegyal uakion #ith AcPORRYTrePgR s

over a v{ é}l-)lilif tAdi saikd' @1adlity measured in the radio receiver in the same
way.

6. A method according to Claim 4, characterized by
combining said evaluated quality measurement with the same quality
measurement calculated in the receiver side, in accordance with a
binary "OR"-function.

7. A method according to any one of the preceding Claims,
characterized by determining said soft information from
one or more bit error rates (BER) estimated by the decoding matrix
of the receiver side, the signal strength of the demodulator
output signal, estimated phase error in the demodulator, the level
of the incoming radio signal, and CRC-flags.

8. An arrangement in a radio station included in a radio com-
munication system which includes a first radio unit (RM) which
produces a measurement of the level of the radio signal incoming
to the receiver, a second radio unit (DM) which produces a
measurement of the degree of equalization when demodulating the
radio signal delivered from the first radio unit, and a third
radio unit (XD) which produces a measurement of the receiving
quality of the signal delivered from the second radio unit, ch
aracte-~

r i z ed by a neural net (NT) having at least two layers (m = 2)
and at least two nodes (hm = 2), wherein the two inputs of the
neural net (NT) belonging to said at least two nodes are intended
to receive said measurement from at least two of said radio units
and to deliver an output signa'l to a fourth radio unit (TD) in the
receiving side of the radio station, said fourth radio unit

I
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Figure 4 is a block schematic of the transmtting and Fece i je

of a radiv Jhi as ' ance a nobil e tel ephone a#DﬁHﬁﬂSHEEEMMSBEEN
il lustrates hE ﬁl " ﬁ" f the neural net is achievéd. |tREPLAEEDNEd b
way of exanpl io station transmts and r@ceFvEs—t1

mul ti pl exed signals wth nultiple accqgs (TDVA), -although the neural net
can also be applied in a systemin which coded tine nultiplexed signals
W th miifungtdonifRs to &9atahtetHIdMndiittlsignad widRsthet PIEERELLN S
The trzgfnlttﬁr S|ge |nclﬁdes a speech coder TK, a channel coder KK, a

bl ock NBRRKCYANG,AESEUNCHABaseband nodul ator and the TDMA- interl eaver,
and also a radio transmtter RS which transmts a radio signal (the 900

MHz- band for GSM to the antenna of the radio station. Al of the aforesaid

units are known to the art. In the illustrated case, the output of the
radio transmtter RS is connected to a sinulator CH which sinulates a radio
channel with regard to fading, tinme dispersion, attenuation, etc. The

recei ver side of the radio station includes those units previously
described with reference to Figure 2, nanely the radio receiver RM the
denodul ator with equalizer and deinterl eaver referenced DM, the channel
decoder KD and the speech decoder TD.

_
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Al of these units are known and need not be described in detail here.
Those unists included in the bl ock schematic shown in Figure 4 and
functioning to align the neural net NT are a conparator JF, a difference
former (summator) S and a calculating unit SP. One input of the
conmparator JF is connected to the outp#t of the speech coder TK over which
the desired speech coded signal is obtained. The other input is connected
to the input of the speech coder on A8&RA%cei ver side over which there
occurs thas MATHER ANDi AN ARRANGEMENT\FOR GiRANMETIRTHCTEON QUAIETY cESTIMATEONNel CH but

at | east pifgkokiokTiRd 0FC ' ﬁﬁm{= two signals delivered to
t he conparatoraifr%uts t())gt %gg(t:@urdol n fl?éﬁdéfﬁqy% speech frames (Figure 1).

h ' s
12 The %Wéﬁh(?&e %,Irﬁ?t Ia%%:f)x%arﬁ]eeﬁ«{}&a%@ﬁxgigi JEs L ERA €567 Wheh BEtecditRy

whi ch i s charac nsm tter-recelver used and which js the

BFI - val uean hinfemmabion framesd tArehngtangeon eSReeFh {xane, frangmy t&ed g, i n
a virtualachaanel com@nikhtisnt Bysteh -inddsordanse shpth bimenpicieddy

e ! LT bohenSts r) Ml bt he b S SR SRR B bad e

manner dewithbeteemienicyr ddiviildede i radine esysténgur Fherandisyiused t theusRft s

connect ediﬁ?o%ﬁt@lgglgvaoﬁamee ﬂxftt.ﬁé %(fﬁg Q'Eg‘érivér Eﬂ?, %‘ﬂebl, KD) which
is intended to " detect the speech frame and process this signal
information in accordance with those principles applicable to
known neural nets. Prior to use, the neural net (NT) is aligned to
the radio communication system concerned. The invention enables

better information relating to possible error in the speech frame
" to be delivered to error correcting units (TD) in the radio
receiver. '

FIGURE 2 SHOULD ACCOMPANY THE ABSTRACT WHEN PUBLISHED



input of which receives the output signal [err] This output signal thus
forms the diffserence between a) a signal [err] which indicates the val ue of
the frame error that is obtai hed without using the neural net and which
thus constitutes a real value, and b) a signal s which denotes the inproved
quality value of the franme error indicaiitwsdesired, i.e. a set-point or
control val ue. The difference between the signals [err] and [err]
produces an error signal e which is delivered to the calculating unit SP.
This unit cal cul ates the values of the paraneters [err] and [err] in
Theiefy or € can(zer;red and in
i k18Hithi k cal&bit fated in
fje as de¢scribed irf the aforesaid
reference to Lipprmann (see in particlular page 17) The afdresaid
in conjunction Wth trinmng
| ativgly conplicdted procedure
which requires sone tine to carry . The}l neuralf net, howeJer, is
relatively sinple in itself and ca unnecegsary conplifcation of the
receiver side in practice when trgrmmo tHre—rmetrat—ret hgs been
conpl et ed. The proposed nethod ifs 8®alfdgd to rtify pforg in the speech
frames and is also unable to inpreve dIfTectry the error gorrjection
performed in the receiver. Ho er, the nethod does provjde fa freer
apprai sal of an error when receiving the speech frames than |t hat afforded,.
for instance, by the known BFl:n, and therewith '
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.13 functions to supply better error information to the error correcting
units, psimarily to the speech decoder, which results in better speech
.quality. ' 14 . _

CLAIMS 1. In a radio comrunication systemin which radio signals are
transmtted between a primary station aggﬂine or nore secondary stations
(M5) in accordance with a given access | od (TDVA) a nethod of estimating
the quality of an infornmation frame transmt- ted in accordance with the
access nmethod (TDVA) cpwcerned in order to provide a better estimation with
regard to a possible fyanme error when decoding at |east .a part of the

I nformation frame subseguent to detection and corréection in accordance with
an error detectiomg pnd/or| error correcting code, c har acteri zed
by recovering sef nfornation in the formof a nunber of signal val ues
fromthe radio signpl incpomng to the receiver side of a primary or
secondary station ant processed after certain receiver stages, and by

S13

Fig. 3




a) nmultiplying each one of said recovered signal values with a
predeterm ned -set of coefficients [err] b) sunm ng ‘val ves derived
according to a) wth one another to forma given nunber n of summation
values; «c¢) effecting a non-linear operation (L11-L1n, L21-L2n, ...) on
each of the summation val ues obtained acc@yg8ing to b), wherein the same
nunmber n new val ues are obtained; and d) evaluating at |east one of the

t hus obtained values to obtain a nmeasurenment of said quality. 2. A net hod
according to Claiml, char acter i z.edbyrepeating steps a) -c) a
given nunber m(m> 1) of tinmes prior to effecting the eval uation accoydi ng
to d). 3. Anethod according to Claim2, char acteri ze

varyi ng said nunber n K summati onKKal ues fronmmohe tine atRshi ch t he\lbt eps
a)-c) have been carried out once ugtil all stegs have agai f been carnied
out . !
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15 4. A method according to Claim1 or 2, ¢ haracterized

subt’racti ng p_LegeLeLniﬂed_consLants [err] from each m@g@ﬁm”bm

conjunction with s nmet hod accordi ng atry—OITE t he
precedi ng cl ai mg ﬂl n d by conbining the'} npasu

quality [err] ‘M“H | nt to said eval uation a{ﬁggn{??ement
[err] of the sahe qualr y neasured in t radi o recei e A—ret+h

according to daim4, char acter i zed by colrbrnrng sard evaluted

qual ity measurement with the same qual $¥3I¥Basur ement

receiver

Cateti-atedTT tne
side, in accordance with a binary "OR'-function. 7. err]

. A t di t d
system whtch BRI RALS G RerSheAtic tYTHER o Onfebofadid ‘Holkle ahent
of the | evehnsmittted doitoresing realprimeony rsg:atl'dctrh@ndewrever norecserandadyo
uni t (DM <eieGbrl GGeS P SBRATHE with G190 GecRbsCREehod At TalaYNE"

denodul atr ng t

method of estimating the quality of an information frame transmit-
ted in accordance with the access method (TDMA) concerned in order
to provide a better estimation with regard to a possible frame
error when decoding at least a part of the information frame
subsequent to detection and correction in accordance with an error
detecting and/or error correctingcode, characterized
by recovering soft information in the form of a number of signal
values from the radio signal incoming to the receiver side of a
primary or secondary station and processed after certain receiver

stages, and by

a) multiplying each ef—add one of said recovered signal
values with g predetermined set of coefficients (wJ k) :

b) summing edd—recevered—and valves derived according to

R — A A

a) ﬂﬂ&ﬁpl-a.-ed—ﬁgﬁai—ma-}ueg—by with one another to form a

given number n of summation values;

c) effecting a non-linear operation (L11-Lln, L21-L2n, ...) on
each of the summation values obtained according to b), wherein the
same number n new values are obtained; and

d) evaluating at least one of the thus obtained values to obtain
a measurement of said quality.

2. A method according to Claiml, characterized by
repeating steps a)-c) a given number m (m > 1) of times prior to
effecting the evaluation according to 4d).

3. A method according toclaim2, characterized by
varying said number n of summation values from the time at which
the steps a)-ci have been carried out once until all steps have
again been carried out.

AMENDED SHEET
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radi o s‘i’gnal delivered fromthe first radio unit, and. a third—+eadioy
(KD) which produces a nmeasurenent of the receiving REPLAQEMEWSHEE
deliwvered fromthe s Hm\mmcharacten r=—7"¢ d bV
neural net (NT) haV| mﬂ““m“‘ | ayers (m= 2) gn %f@@%@sﬂﬂ npdes
([err] = 2), wherein*th® two " nputs of ;£ he neural rlet} ( I

said at | east two nodes are intended to Teceive sai
| east two of said radio uniis and to deliver an out ut si gnal to.a fodrth
radi o unftt (*Orebhofraceerding kP GIinil Ofe2padt & T

radi o unbly subtracting predetermined constants (b if)‘) ffdﬁcéaﬁﬁlﬂﬁ these

n of Ki roving its function.
eval uate t H'u%sog%pggnghgcglon w1t}t1 ste LBt e)nt o P 9

5. A method according to any one of the preceding
claims, chaftacterized by combining the measurement of
quality (S,) obtained subsequent to said evaluation with a

measurement (Sg:) of the same quality measured in the

radio receiver. nmthe—Same=—Wai.

6. A method according to Claim 4, ‘characterized by
combining said evaluated quality measurement with the same quality
measurement calculated in the receiver side, in accordance with a

binary "OR" -function.

7. 2 138 — TG GO - A= < -1 e = & = -rta i 73> = —
characterized bydetermining said soft infoImation from
one or more bit error rates (BER) estimated by the decoding matrix
cf the receiver side s signal strength of the demodulator
output signal; estimated phase error in the demodulator, the level
7

A#. An arrangement in a radio station included in a radio com-
munication syst"e"m which includes a first radio unit (RM) which
produces a measurement of the level of the radio signal incoming
N to the receiver, a second radio unit (DM) which produces a
measurement of the degree of equalization when demodulating the
radio signal delivered from the first radio unﬂ:, and a third
radio unit (KD) which produces a measurement of the receiving
quality of the signal delivered from the second radio unit, ch
aracte-
rized by a neural net (NT) having at least two layers (m = 2)
and at least two nodes (n = 2), wherein the two inputs of the
'.r:';_";"-:neural net (NT) belonging to said at least two nodes are intended
“to receive sa1d measurement from at least two of said radio units
and to deli 1ver an output szgnal to a fourth radio unit (TD) in the
" -receiving. su!ée of the radio station, said fourth radio unit

AS\,’EEND’ED SHEET
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