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10 Field of the Invention

The present invention relates t0 communications systems, and more
particularly, to discontinuous transmission (DTX) and configuration changes m

adaptive multi-rate communications systems.

15 k. f the Inventi

Today, multi-mode coding systems employing at least two different source
and channel codec modes can be used to maintain near-to-optimum communication
quality under varying transmission channel conditions. A mode with low source
coding bit rate and a high degree of channel error protection can be chosen for bad

20 channels. On the other hand, good channels allow selection of a codec mode with

high source coding bit rate and a relatively low degree of error protection.



As is well known in the art, such nulti-node coding systens nust convey
(either explicitly or inplicitly) the actually chosen codec node to a
receiving decoder to enable proper decodi ng of received d%%%Bngﬁﬂ%@y
communi caky@po3dvst ens Wi th codec node adaptati on have additiona to
transmt simlar 5 information over the return link. This is either

quanti zed |ink neasurenent data describing the present forward channel
state, or a correspondi ng codec node request/comuand taking the channel
state account. Such link adaptation data is known in the art as codec nobde
information, consisting of codec node indications (the actually selected
codec node) and codec node requests/conmmands (the codec 10 node to be used
on the transmtting side). The evolving G obal Systemfor Mbbile

Communi cation (GSM) Adaptive Milti-Rate (AVR). stand h&ieonddove
descri bed codec mdeksauamlhlqlwmﬁe%ﬁ&%&%@%@ﬂﬁ%&ﬁ Si gnal?ﬁg is
used to reallocate parts of the speech transm ssion resopurce far.
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control channels are avail able. The GSM AMR speech codi ng standard is an
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describing the present forward channel state, or a corresponding codec mode
request/command taking the channel state account. Such link adaptation data is
known in the art as codec mode information, consisting of codec mode indications
(the actually selected codec mode) and codec mode requests/commands (the codec
10 mode to be used on the transmitting side). The evolving Global System for
Mobile Communication (GSM) Adaptive Multi-Rate (AMR) standard employs the
above described codec mode adaptation.
In such AMR systems, in-band signaling is used to reallocate parts of the
speech transmission resource for trans:mitting control information. It is applied
15 where no other suitable control chanﬁéls are available. The GSM AMR speech
coding standard is an example which makes use of in-band signaling. It uses parts
of the GSM speech traffic channel for the transmission of AMR link adaptation
data. More specifically, the GSM AMR standard provides an in-band channel for
the transmission of codec mode information.

20 Codec mode information consists of codec mode requests/commands and

codec mode indications, which are transmitted every second frame (every 40 ms),



-3 in alternating order. Codec node information identifies a codec node in
a subset of up to 4 codec nodes out of 8 (for adaptive full-rate speech,

or AFS) or 6 (for adaptive half-rate speech, AHS) avail abl hese
codec nodewouWBsE¥s are referred to as active codec sets. 5'??129%%@2”;

comuni cati on system including the above descri bed GSM AMR system

transm ssion capacity is a limted and costly resource. For this reason, in
order to save transm ssion capacity, Discontinuous Transm ssion (DTX) is

wi dely applied when transmtting speech. Sonetinmes DIX is referred to as
Voi ce Qperated Transm ssion (VOX). The basic principle of DIXis to turn
off 10 transm ssion during speech inactivity. Instead, so-called confort
noi se (CN) paraneters are transmtted which enable the decoder to

reproduce the inactivi.t ignal , whi VS I . und
noi se. CN par an‘é‘tagtFE“aPBélﬁ’F‘feé’ %ﬁ W%%M?ﬁ%ﬁgéﬁ%ﬁl&&d%?@g% rﬁgﬁ%’{sﬁ%%gch.
DTX is also an inportant feature for nobile tel ephones as In‘%‘ngl 0

turning of f powefrupctorcedesgneriesogbef § {los adantive Sull-gie spaerBrf ?rsg\?fd’ﬁri ng
inactivity. Doing so hel ps to save battery power and to increase the talk
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will typically be one link active while the other link is inactive (as one
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system, transmission capacity is a limited and costly resource. For this reason, in
order to save transmission capacity, Discontinuous Transmission (DTX) is widely
applied when transmitting speech. Sometimes DTX is referred to as Voice
Operated Transmission (VOX). The basic principle of DTX is to turn off
10 transmission during speech inactivity. Instead, so-called comfort noise (CN)
parameters are transmitted which enable the decoder to reproduce the inactivity
signal, which usually is some kind of background noise. CN parameters require
much less transmission resource than speech. DTX is also an important feature
for mobile telephones as it allows turning off power consuming devices (such as
15 radio transmitters) during inactivity. l'Doing so helps to save battery power and to
increase the talk time of the phones.
In two-way communication systems employing DTX, there will typically
be one link active while the other link is inactive (as one speaker is talking while
the other is listening). The active link has, with some reduced frame transmission

20 rate, to convey silence descriptor (SID) frames (also known as background

information, or comfort noise, descriptor frames) to the receiver. SID frames



WO 00/ 31996 PCT/ SE99/ 02178 -4 contain CN paraneters and enable a receiver
to generate a confort noise silence signal, for exanple to reassure a

| i stening t the connection is still active. 1In th M
speech cod‘?ﬁg&gﬁgﬁdar ds FR, HR and EFR, DTX is realised inepacpl\?géé}aglﬂ?n'ﬁl ar
way. By way of exanple, the state of the art of DTX 5 operated speech
comuni cation in the GSM systemw || be described with respect to the GSM
EFR codec. For additional information, see for exanple the GSM 06. 11, GSM
06. 12, GSM 06.21, GSM 06.22, GSM 06. 31, GSM 06.41, GSM 06.61, GSM 06. 62,
and GSM 06. 81 standards, and rel ated dodunents. The GSM EFR schene is
characterised as follows: 10 End of speech activity is signaled by the
transm ssion of a first SID frame, which is not phase-aligned to the

SACCH. Rat her, cbﬁtai.nSCNrEg?gﬁne;cEﬁla)ﬁ feﬂhﬁl%‘lgi 6@%&&5‘% gbftFhte AomiErt IBR %\%ex{m%age-

After such a first SID updat e rames-are transmtte

period of once per 24 franes (=480ns).. Update SID frane transm.ssi.on is
BT gmed wi th & SRR 0 SRR EHEAR IR ISORBE U5 B 16 CORENSH BB he
radi o subsystens and which is derived fromthe SACCH frame structure.
Apart from SI D fr ands therpresenh &SM speech cadiag tstandards FRe fRjamd BHR; A isvity.
Sinply resumng the transm ssion of active speech frames ends the

inactivity peri@fised ifa BSS shanst way SBY WipoEskadpld, Sadtae of Beesd of DANES.
This means in particular that the sanme channel codi ng and di agonal

interleaving i }g?r%ﬁegts%g?%g&%‘%&gm&gﬁ’ﬁglg t{u{]ggﬁf Sysérrpw 6L aQdriBhd §5th' re&lete

fourty-three ( use

to the GSM EFR codec. For additional information, see for example the

GSM 06.11, GSM 06.12, GSM 06.21, GSM 06.22, GSM 06.31, GSM 06 .41,
GSM 06.61, GSM 06.62, and GSM 06.81 standards, and related documents. The
GSM EFR scheme is characterised as follows:

10 End of speech activity is signaled by the transmission of a first SID frame,
which is not phase-aligned to the SACCH. Rather, it is immediately following the
last active speech frame. After such a first SID frame, update SID frames are
transmitted with a period of once per 24 frames (=480ms). Update SID frame
transmission is aligned with the time alignment flag (TAF), which is generated in

15 the radio subsystems and which is derived from the SACCH frame structure.
Apart from SID frames, no other frames are transmitted during inactivity. Simply
resuming the transmission of active speech frames ends the inactivity period.

The RSS handles SID frames as regular speech frames. This means in
particular that the same channel coding and diagonal interleaving is used as for

20 speech frames. A number of effectively fourty-three (43) net bits is used for the

comfort noise parameters which describe spectral shape and gain of the inactivity



confort noi se paranmeters which describe spectral shape and gain of the

I nactivity WO 00/31996 PCT/ SE99/ 02178 -5 signal. N nety-five (95) net bits
are used for a special SID bit pattern to identify the fragg /§E99?02§)8D
frame and o owsiwei t di stinct fromspeech frames . CN para TRFE Ar e
differentially encoded with respect to paraneters, which are derived from
the last transmtted speech frames. 5 The described SID frane transm ssion
is illustrated in Figure 1 for TCHFS (i.e., traffic channel / full-rate
speech) and in Figure 2 for TCHHS (i.e., traffic channel / half-rate
speech). The upper row synbolises the speech frames, as they are seen at
the input of the speech encoder. The m ddl e row synbolises the TDVA franes
that transmt the respective speech or SID bits via the radio 10 interface.

The | ower row synbolises the speech or confort nois : ol :
speech decoder . signalr Ningtifive 954 Ret bits g 4549 &rfépﬁ%ﬁlg&igﬁﬁ%@%waﬁgms
have in average a distance of exactly 5 nms. TDVA franmes faqr SA and | DLE
are not shown. inefr&ieas alSIDriraed agcbtoanal(mitld'étm@ifﬂénéﬁeébtf%aﬁiﬁse t shown
either. Apart fromregular transm ssion of SID franmes, synchronously and

time 15 aligne ' &hg@ké}ﬁaﬁ EIdEA Sithl rEspedt toameamesadavhinh are
G 729/ Annex B ggxgag}e?egég'ﬁ‘é; TX rrpt%od whi ch trgﬁsmts SI D franes whenever

an update of the CN parapeters is .requi shecause they have changed
significantly sidgeged ﬁ'@ml ‘ggﬁa“ga‘bmﬂng&rgb{e gﬁrsrr g’si on. In the well known
Pacific Digital Cellular (PDC) systemw th VOX | | -

5 The described SID frame transmission 1s iltustrated in Figure 1 for

TCHY/ES (i.e., traffic channel / full-rate speech) and in Figure 2 for TCH/HS (i.e.,
traffic channel / half-rate speech). The upper row symbolises the speech frames,
as they are seen at the input of the speech encoder. The middle row symbolises
the TDMA frames that transmit the respective speech or SID bits via the radio
10 interface. The lower row symbolises the speech or comfort noise frames after the
speech decoder. Every speech frame is exactly 20 ms long. The TDMA frames
have in average a distance of exactly 5 ms. TDMA frames for SACCH and IDLE
~ are not shown. Implementation delays and other side effects are not shown either.
Apart from regular transmissicjn of SID frames, synchronously and time
15 aligned to a fixed time structure, ITU;T recommendation G.729/Annex B
describes a DTX method which transmits SID frames whenever an update of the
CN parameters is required because they have changed significantly since the last
SID frame transmission.
In the well known Pacific Digital Cellular (PDC) system with VOX
20 functionality, special post- and pre-amble frames are used to signal transitions

from speech to inactivity or, respectively, back from inactivity to speech (see, for



20 functionality, special post- and pre-anble franes are used to signal
transitions from speech to inactivity or, respectively, back from

inactivity to speech (see, for WO 00/31996 PCT/ SE99/ 02178 P—%/@@Pﬂyg, RCR
STD- 27D) . Wwhews1996¢ anes contai n unique bit patterns on gross hi evel to

identify them Post-anble franmes consist of two channel frames of which
the first carries no other information than the identification bit pattern
and of which the second carries confort noi se paraneters describing the
inactivity signal. 5 During voice inactivity, post-anble franes are sent
periodically to enable the receiving egd to update the confort noise
generation. For both post- and pre- anble franmes, the sane interleaving is
used as for speech franmes. The above descri bed conventional DTX sol utions,

as realized in GSM FR_ __EFR v are not I s %gmu&g i it

mul ti - node codieﬂgmﬁlﬁsm%.s’r?ﬁ 0 eégﬁﬁesfpw%%@d{*ea@?p{f at Sl %)fdfg? grre
signaling is done on net bit level. A special bit patternidentiffin t he
SID frane is paeteles ideeifyntiembi Postamblmirameecapsist of Nypchaghg! SpEAmEs P at
the receiver is executed after de-interleaving and channel decoding. This

approach is i”atﬂé’?&%r Al dPstheinfornaBes tiemcthe gleatifitation biti pattermandeott han one
source and channél node since the SID frane identification wwuld 15 depend
on the correct chojce of the cod : ] desE86ias kidinadifGtyCsigiabct
codec node at t‘f'i@ché]é“e?e\‘i@?‘?ﬁgﬁfesgwﬁ%%égé?rggg&%gdees tra%srri ssion errors,

not always be guaranteed. Moreover, for_ anal ogue rease@n varilati.pns of
the int e5|yeavi nguﬂng.ggig;: inactivity, post-amble frames atd Sent perlo&cglly 6 Bie! (B

receiving end to update the comfort noise generation. For both post- and pre-
amble frames, the same interleaving is used as for speech frames.
The above described conventional DTX solutions, as realized in GSM FR,
EFR, and HR, are not well suited for use in multi-mode coding systems. This
10 results from the fact that SID frame signaling is done on pet bit level. A special
bit pattern identifying the SID frame is part of the net bit stream. The SID frame
detection unit at the receiver is executed after de-interleaving and channel
decoding. This approach is inappropriate for multi-mode coding systems with
more than one source and channel mode since the SID frame identification would
15 depend on the correct choice of the cc;dec mode for channel decoding. The correct
codec mode at the receiver can, due to possible mode transmission errors, not
always be guaranteed.
Moreover, for analogue reasons, variations of the interleaving scheme,
either for the different codec modes or for SID frames, are also hﬁpractical, for

20 complexity reasons. Such approaches require in the worst case to run SID frame



either for the different codec nodes or for SID frames, are al so
inpractical, for 20 conplexity reasons. Such approaches require in the
worst case_to run SID frame WO 00/ 31996 PCT/ SE99/ 02178 -7,Qﬁ0§§@@§h§aving
and, nore ¥V channel decoding in addition to speech frane de-

i nterl eaving and channel decoding. Additionally, there are at |east two
maj or problens in adopting the PDC realization. Firstly, as post-anble
frames consist of two traffic frames, the 5 inactivity transm ssion node is
relatively inefficient in terns of transm ssion power savings. Each
confort noi se paranmeter update requires-The transm ssion of two franes.
Secondly, as transitions from speech inactivity to activity are signal ed
by pre-anble franes, either parts of the speech onsets may be clipped or

transmi ssion of 4SReGRhyARSELS ot &S | a¥@i2YintalGitiBh 8o SPERLIE fiafrRIdR-
efrect di

The 10 forner ectly degradés the quality of the reconstructed
speech while the latfer increases the speech transm ssion delay which may
cause degradat i Brlegyingpad c@wﬁﬁ Mnal quality. Note al so that applying
a common di agonal interleaving schenme over two franmes for SID and_speech
frames, as is presenidgitiboaldy,itheroardhatdsast awd PO, problems i adopting ithe PDC
probl ens. Applying diagonal interleaving for transnission of single SID

frames is ineffigigilon "EaNTEs Bostiadlo Han®o okt us RUS Al foames the
consunption since only one“halt of every transmitted TDVA frane carries
(SIS 5 c Ih n:‘l\grégrfely ﬁgﬁqa\éwﬁﬁ%;yggtgxysg}igstigne {noﬁé‘ gsf reia‘?%fyrﬁefﬁ@iéﬁ{aﬂx B8Rk bftrddifissiist ed
power savings. Each comfort noise parameter update requires the transmission of
two frames. Secondly, as transitions from speech inactivity to activity are signaled
by pre-amble frames, either parts of the speech onsets may be clipped or
transmission of speech onsets is resumed delayed by the pre-amble frame. The
10 former effect directly degrades the quality of the reconstructed speech while the
latter increases the speech transmission delay which may cause degradations of the
conversational quality.
Note also that applying a common diagonal interleaving scheme over two
frames for SID and speech frames, as is presently done in both GSM and PDC,
15 causes further problems. Applying diagonal interleaving for transmission of single
SID frames is inefficient in terms of radio resource usage and power consumption
since only one half of every transmitted TDMA frame carries SID information
while the other half remains unused and is thus wasted (such wasted half bursts are
marked in Figures 1 and 2).

20 This efficiency loss in current GSM and PDC systems is small as SID

frame transmission is relatively seldom. However, it is more severe for new



marked in Figures 1 and 2). 20 This efficiency loss in current GSM and PDC
systens is small as SID frame transmssion is relatively seldom However,
it i's noreyggysfess f or new WO 00/ 31996 PCT/ SE99/02178 -8 myddsdiDifims
conmmruni cation systens with codec node adaptation. H gh adapt a{| on
performance requires nmuch nore frequent information transm ssion
(adaptation data) over the inactive |link conpared to the transm ssion of
SID franes in current systens. 5 Moreover, there are certain upper limts
of the radio channel activity during inactivity (e.g., the AVR system
requirement is: TCH AFS: 16 TDVA frames-per 480 ns nultiframe; TCH AHS: 12
TDVA franes per 480 ns nultifrane). WAsting half of the available radio
resource woul d nean that codec node information could only be transmtted

hal f frequent | ymiltianode donahmgtdtionlsystens siitl €ded BOE Q8aPtitionS BighCldapiatish
performance | oss due to slower codec node adaptation. A further

di sadvant age of i ] | Jinterl eaving f.or. S fr.ames
(carrying coded eﬁnggiéﬂﬁkﬁ% 8# rnatsi%gﬁrg.1 %é&?%%gﬁﬂelﬁzcxﬁfﬁgwg‘%%sﬁl%&58?%{)0% aused
by this kind of interleaving. Wth respect to achieving the best possible
15 per f or mance 98t Q¥efide ﬁ’%ﬁ?g"%&lﬁ]ﬁf‘é@%‘ﬁdé‘? ﬂteﬁéarxﬁmmonrﬁgcﬁ@cfmmmn@meah
system transm ssion delay of codec node information should be kept at a
m nimum This spstemsbits the usage of diagonal interleaving.

5 Moreover, there are certain upper limits of the radio channel activity
during inactivity (e.g., the AMR system requirement is: TCH/AFS: 16 TDMA
frames per 480 ms multiframe; TCH/AHS: 12 TDMA frames per 480 ms
multiframe). Wasting half of the available radio resource would mean that codec
mode information could only be transmitted half frequently than principally

10 possible. The result is a potential performance loss due to slower codec mode
adaptation.

A further disadvantage of applying the same diagonal interleaving for SID
frames (carrying codec mode information) as for speech frames is the delay caused
by this kind of interleaving. With respect to achieving the best possible

15 performance of codec mode adaptatio;l of the multi mode communication system,
transmission delay of codec mode information should be kept at a minimum. This
prohibits the usage of diagonal interleaving.

A particular problem in systems with DTX is the detection of speech onsets
after periods of inactivity. Missing the onset results in clipped speech output of

20 the decoder. On the other hand, if a non-transmitted frame is erroneously detected



A particular problemin systens with DITX is the detection of speech onsets
after periods of inactivity. Mssing the onset results in clipped speech
out put of w@@oh{yes decoder. On the other hand, if a non-traqﬁaii/%]égggn%ane is
erroneously detected WO 00/ 31996 PCT/ SE99/ 02178 -9 as a speech onset
frame, undesirable plop or bang sounds can be produced which can degrade
comuni cation quality considerably. In principle, AMR systens with DTX
operation nerely need to transmt codec node requests for the currently
active link over the inactive Iink. No codec 5 node indications for the
inactive link need be transmtted. Howe®er, when the inactive |ink becones
active again, a suitable codec node nust be selected. A solution of howto
sel ect the codec node for speech onsets after inactivity has to be found

whi ch ensures hbatpddchonsetitanie) uadesiFaBREIY) BY badl@uadPln B WREE -
Mor eover, this codgc node shoul d be suifetegb e w tgg{’%ruespect e{]%-ot e current

radio 10 chan ifl . Apart fromt dec node signaling nmethod in
t he AMR st anda?%,l d%g%aédﬁlﬂ§n¥€th%%@Wa%?m%’ﬁﬁ%?yoI channel s are avail abl e.
However, there is a_need for such a channel in order to be able to perform
fast configuration &mBrBeiple; AMR systems ety TXepezationvmerelydwed setransmait change
t he phase of codec node information in order to 15 mnim ze transm ssion
del ay, to handewdsc hedeareqaeststor e EpMmldetvelishonsd thRinactireRinlor NoRodend/ or

to switch to a future application such as a w deband codec, speech and
data, or mul ti {fRdiiAdications for the inactive link need be transmitted. However, when the
inactive link becomes active again, a suitable codec mode must be selected. A
solution of how to select the codec mode for speech onsets after inactivity has to
be found which ensures that transmitting and receiving side apply the same mode.
Moreover, this codec mode should be suitable with respect to the current radio
10 channel conditions.
Apart from the codec mode signaling method in the AMR standard, so far
no further fast control channels are available. However, there is a need for such a
channel in order to be able to perform fast configuration changes (e.g., to change
an active codec set, to change the pha§e of codec mode information in order to
15 minimize transmission delay, to handewer to an existing GSM codec such as FR,
EFR, or HR, and/or to switch to a future application such as a wideband codec,
speech and data, or multi-media).
Accordingly, there is a need for improved methods and apparatus for

performing DTX and configuration changes in adaptive multi-rate systems.

20



Accordingly, there is a need for inproved nethods and apparatus for
perform ng DITX and configuration changes in adaptive nulti-rate systens.
20 WO 00/ RBE/ SE99/ 02178 -10- Summary of the Inventi ent
inventionsﬁﬁg?rf s the above-descri bed and ot her needs by qg?§§?9?ﬂ3§nove
solutions for DTX and fast in-band signaling of configuration changes and
prot ocol nessages, as well as the interaction of both operations, in the 5
context of adaptive multi-rate systens. Advantageously, the disclosed

met hods and apparatus are cost efficient in terns of radio transm ssion
capacity, in terns of fixed line transbhdssion, and in terns of

i npl ementation effort. An exenplary nethod for perform ng di scontinuous -
transm ssion (DTX) in a comunications systemin which source data is

i nterl eaved for&m%&mm 10 a first conponent in the systemto a
second conmponent 1n the systemincludes the steps of detecting periods of
source data inactivity, and ftransmtit.i si] enc escri.ptor (S frames
fromthe first to tH%Péé’éﬁ%ﬂngﬁﬂbo&r@ml&gﬂ? P%’fbvef(f?écrg%ﬁiaﬁ‘éso e5fngg Yce data
inactivity, wherein certain of the transmtted SID franes are_ interleaved
usi ng a di f f er @mviding movelspiuiipns feroP TXKandAfastdnibped signalingtdfgzonfigwdtioor 15

source data. For exanple, the source data can be bl ock diagonally
interl eaved, @hghgeshahdprotedol nitgsapks) dsvidIESs B intbRActidroskbdth bpéraBa%eah thehe

exenpl ary nmethod can further include the steps of transmtting a first
5 context of adaptive multi-rate systems. Advantageously, the disclosed methods
and apparatus are cost efficient in terms of radio transmission capacity, in terms of
fixed line transmission, and in terms of implementation effort.
An exemplary method for performing discontinuous transmission (DTX) in
a communications system in which source data is interleaved for transmission from
10 a first component in the system to a second component in the system includes the
steps of detecting periods of source data inactivity, and transmitting silence
descriptor (SID) frames from the first to the second component during the periods
of source data inactivity, wherein certain of the transmitted SID frames are
interleaved using a different interleaving algorithm as compared to that used for
15 source data. For example, the source. data can be block diagonally interleaved,
and certain of the SID frames can be block interleéved.
The exemplary method can further include the steps of transmitting a first
type of SID frame to indicate a transition from source data activity to source data
inactivity, periodically transmitting a second type of SID frame during source data

20 inactivity, and transmitting a third type of SID frame to indicate a transition from

source data inactivity to source data activity. Advantageously, where the



type of SID frane to indicate a transition from source data activity to
source data inactivity, periodically transmtting a second type of SID
frame duriphgoegngsee data 20 inactivity, and transmtting aphidedobdpe Of
SID frane to indicate a transition from source data inactivity to source
data activity. Advantageously, where the WO 00/31996 PCT/ SE99/02178 -11
communi cations systemis an adaptive multi-rate (AVR) system the SID
franmes can include codec node information in addition to silence
description information. An exenplary nethod for transmtting protocol
messages froma first conponent to a serlend conponent in a speech

communi cations systemincludes the 5 step of transmtting an escape frane
in place of a speech data frane, the escape frame including a gross bit

pattern to di SEérﬂﬁiﬁﬁﬁﬁﬁéﬁk@sy@éﬁﬁﬁG‘anfaﬁﬁﬁ?vefrhﬁ’l@i‘-r%&eéﬂﬂ%{) Qfskan,fth?@ FRIRRE

conveying a protocol nessage. The escape franme can further ude aS dat a
field to indicate.tp .the.second. conponent particul ar pratoco] . nessage.
10 An exenpl ar §3alh’é)€ﬁ'88 cpdec @B?%Hﬁ?r%a%ef}d’? F@‘HF‘%‘B iooﬂféeﬁ%fl.%sgpﬁlw ipformation.
comuni cations systemincludes the step of transmtting an escape franme in
place of a speech ddtexemplary mathad oz ¢rapsmitiingyprotasol messagesafromastirsbi t
pattern to distinguish the escape franme from speech data franes and

conveying a cegthpgnenfitd #8ecohdbemporitdi &fd kfech Ihamanikaishsisyaem iaaadésht her
include a data field 15 to indicate to the second conponent a particul ar

confi guati on GR3EFahdnfiind Rl Escapd RAmE {2 BRES o ¥Afetn bl sRAETHY &RLIONS

systemiIs an system

frame including a gross bit pattern to distinguish the escape frame from speech
data frames and conveying a protocol message. The escape frame can further
include a data field to indicate to the second component a particular protocol
message.

10 An exemplary method for effecting configuration changes in a
communications system includes the step'of transmitting an escape frame in place
of a speech data frame, the escape frame including a gross bit pattern to
distinguish the escape frame from speech data frames and conveying a
configuration change indication. The escape frame can further include a data field

15 to indicate to the second component al particular configuration change to be made.

For example, where the communications system is an AMR system, an
escape frame can be used to change an active codec mode set. Alternatively, an
escape frame can be used to change a phase of codec information.

The above-described and other features and advantages of the invention are

20 explained in detail hereinafter with reference to the illustrative examples shown in

the accompanying drawings. Those of skill in the art will appreciate that the



escape frane can be used to change an active codec node set. Alternatively,
an escape frane can be used to change a phase of codec infornmation. The
above- desgyh bheshogd ot her features and advantages of the i np¢gdo@hi35€e 20
explained 1n detail hereinafter with reference to the illustrative exanples
shown in the acconpanyi ng drawi ngs. Those of skill in the art wll

appreci ate that the WO 00/ 31996 PCT/ SE99/ 02178 -12 descri bed enbodi nents
are provided for purposes of illustration and understanding and that

nuner ous equi val ent enbodi nents are contenpl ated herein. Brief Description
of the Drawings 5 Figure 1 depicts an ekenplary full-rate silence
descriptor (SID) franme transm ssion schene according. Figure 2 depicts an
exenplary half-rate silence descriptor (SID) frame transm ssion schene.

Fi gure 3 depi cHssceibe®¥mbpdiaientsodta prdw@ed ok purposdscofGRiditafios ahd fgersadigpn 10
in which the present invention can be inplenented. Figure 4 depicts an

Gepi ot on exeht A ninEts BHEREN dplRubtls B AR B RBRL " Cor i ng o

the present invention. 15 Figure 6 depicts an exenplary half-rate SID frane
interleaving schene according to the present invention.

Brief Description of the Drawings

5 Figure 1 depicts an exemplary full-rate silence descriptor (SID) frame
transmission scheme according.
Figure 2 depicts an exemplary half-rate silence descriptor (SID) frame
transmission scheme.
Figure 3 depicts an exemplary adaptive multi-rate communications system
10 in which the present invention can be implemented.
Figure 4 depicts an exemplary SID frame format according to the present
invention.
Figure 5 depicts an exemplary full-rate SID frame interleaving scheme
according to the present invention.
15 ' Figure 6 depicts an exemplarf'half-rate SID frame interleaving scheme
according to the present invention.
Figure 7 depicts an exemplary first-SID frame format according to the
present invention.
Figure 8 depicts an exemplary speech-onset frame format according to the

20 present invention.



Figure 7 depicts an exenplary first-SID frame format according to the
present invention. Figure 8 depicts an exenplary speech-onset frame format
accor di ng W obBfyes 20 present invention. WO 00/31996 PCT/ SEQ!%%Z/%ZWS 13
Figure 9 depicts an exenplary schene for inhibiting first-SID framnes
according to the present invention. Figure 10 depicts an exenplary schene
for inhibiting regular SID frames according to the present invention. 5
Figure 11 depicts an exenplary full-rate schenme for detecting transitions
from speech inactivity to speech activity according to the present

I nvention. Figure 12 depicts an exenpl-a3y half-rate schene for detecting
transitions fromspeech inactivity to speech activity according to the
present invention. Figure 13 depicts an exenplary full-rate schene for
detecting a speech | i
repl aced by a syst e?%‘%?le&ge \r{@a%t??%gxa)gﬁ%?%c%ﬁﬁ% @%@grguf\%‘ %ﬂﬁqﬁléf %r esent

I nvention. Figure 4 depi cts an.exe Iary hal f-rate schene for detecting a
speech onset W& H‘gstﬁ %Weé?fgé?vqnﬁgﬁlcatlon frame is replaced by a system
configuration change frane according to the present invention. 15 Detail ed
Description of the [HigematliOatepicts an exemplary scheme for inhibiting regular SID frames

according to the present invention.
5 Figure 11 depicts an exemplary full-rate scheme for detecting transitions
from speech inactivity to speech activity according to the present invention.

Figure 12 depicts an exemplary half-rate scheme for detecting transitions
from speech inactivity to speech activity according to the present invention.

Figure 13 depicts an exemplary full-rate scheme for detecting a speech

10 onset when a speech-onset indication frame is replaced by a system configuration
change frame according to the present invention.

Figure 14 depicts an exemplary half-rate scheme for detecting a speech
onset when a speech-onset indication frame is replaced by a system configuration
change frame according to the present invention.

15

Although embodiments of the invention are described hereinafter with
respect to speech transmission in the GSM system, those of skill in the art will
immediately appreciate that the disclosed techniques are equally applicable in other

20 contexts. For example, the invention is readily applied in any wireless or fixed-



Al t hough enbodi nents of the invention are described hereinafter with
respect to speech transmssion in the GSM system those of skill in the art
wi i mmegoabaldge appreci ate that the disclosed techniques ﬁfﬁsﬁ)@}d?hhy
applicable in other 20 contexts. For exanple, the invention is readily
applied in any wireless or fixed WO 00/31996 PCT/ SE99/02178 -14 line
communi cation system including TDVA systens (e.g., D-AWS), PDC, 1S95,
and the Internet. Figure 3 depicts an exenplary AVR systemin which the
techni ques of the present invention can be inplenented. The exenplary AMR
systemincludes a 5 Transcodi ng and Rat&-Adaption Unit (TRAU) and a Base
Station (BTS) on the network side, as well as a Mobile Station (M5). On
the network side, a speech encoder (SPE) and a channel encoder (CHE), as

wel | as a chanmgk coRaR@ARiatiofsitem 2REhRirEPEBMA gﬁ%%% g SBDAMI%)GPB@‘“GN ed

via the well known serial A-bis 1nt erface For” each 17 nk, qual’i

information is iV i mating the current 10 channel state Based on
t he channel géjg agﬁgheb?ﬁéﬁx%akl ng into consideration possible constraints
from netvvork control t he codec node control, which is |ocated on the
network side, sel ectfigurad depiscamexemplary &MRawplenemWhlhbﬂEHQMHmM@eto
use (TCH AFS or TCH AHS) is controlled by the network. Uplink and downli nk

al ways apply t peessanivaiiontah bsugplenikatedo rTHecskempipd A MR apitathi ificluddshe
receiving side perfornms link quality nmeasurenments of the incom ng |ink.

The meagur ementg, A §4iRE A€ RERIAXAPR0A THE: PrEXNS) hida Base Station (BTS) on the

network side, as well as a Mobile Station (MS). On the network side, a speech
encoder (SPE) and a channel encoder (CHE), as well as a channel decoder (CHD)
and a speech decoder (SPD), are connectéd via the well known serial A-bis
interface. For each link, quality information is derived by estimating the current

10 channel state. Based on the channel state, and also taking into consideration
possible constraints from network control, the codec mode control, which is
located on the network side, selects the codec modes to be applied.

The channel mode to use (TCH/AFS or TCH/AHS) is controlled by the

network. Uplink and downlink always; apply the same channel mode.

15 For codec mode adaptation, fhe recei\‘/ing side performs link quality measurements
of the incoming link. The measurements are processed yielding a Quality
Indicator. For uplink adaptation, the Quality Indicator is directly fed into the UL
mode control unit. This unit compares the Quality Indicator with certain
thresholds and generates, also considering possible constraints from network

20 control, a Codec Mode Command indicating the codec mode to be used on the



I ndi cator. For uplink adaptation, the Quality Indicator is directly fed
into the UL node control unit. This unit conpares the Quality Indicator

with certaygoobsfogshol ds and generates, also considering pqssidiHo6o217s
constraints fromnetwork 20 control, a Codec Mbde Command i ndicating the

codec node to be used on the WD 00/31996 PCT/ SE99/02178 -15 uplink. The
Codec Mbde Command is then transmtted in-band to the nobile side where
the incom ng speech signal is encoded in the correspondi ng codec node. For
downl i nk adaptation, the DL Mode Request Generator within the nobile
conpares the DL Quality indicator with-d8rtain thresholds and generates a
5 Codec Mbde Request indicating the preferred codec node for the downlink.
The Codec Mbde Request is transmitted in-band to the network side where it

is fed into tRyikk NECIRENMEe Chinand N t?xeﬁ' RlabsRi8BE irRbdnd tgrtﬁé‘hﬁ)bfl@%de

requested node. = However, considering possible constraints from network
control, it can_,als erride t reguest. . The resulting.code

Chen appl i ed f ofEs o Frich SERh oo ndr U B e RO Raineg Rk
direction. Both for uplink and downlink, the presently applied codec node

is transmtted in- tﬁmdioél@h@b@é@mbthmﬁldﬂpd@mmwg preratar whithihéecoded
speech data. At the decoder, the Codec Mode Indication is decoded and

appl i ed for deQﬂ@Bin:g:oﬁﬂparéshhe DIcQuyles indiefohwithlcartaih Shiestigds addeenst@ct | on
is done froma set of codec nodes (ACS, Active Codec Set), which may

include g to 4 AR MERCRIRRESinaCHHRCHB e MEd Bodelinfodt$hr the downlink. The

Codec Mode Request is transmitted in-band to the network side where it is fed into
the DL Mode Control unit. This unit generally grants the requested mode.
However, considering possible constraints from network control, it can also
override the request. The resulting codec mode is then applied for encoding of the

10 incoming speech signal in downlink direction.

Both for uplink and downlink, the presently applied codec mode is
transmitted in-band as Codec Mode Indication together with the coded speech data.
At the decoder, the Codec Mode Indication is decoded and applied for decoding of
the received speech data.

15 Codec mode selection is done from a set of codec modes (ACS, Active
Codec Set), which may include 1 to 4 AMR codec modes. Associated with this set
is a list of 1 to 3 switching thresholds and hysteresises used by the DL Mode
Request Generator and the UL mode control unit to generate the Codec Mode
Requests and Codec Mode Commands. These configuration parameters (ACS, |

20 thresholds, hysteresises) are defined at call setup and can be modified at handover

or during a call.



isalist of 1 to 3 switching thresholds and hysteresises used by the DL
Mode Request CGenerator and the UL node control unit to generate the Codec
Mde Requestos/spag Codec Mbde Conmmands. These confi gurati onp@Pps@RLeRS
(ACS, 20 thresholds, hysteresises) are defined at call setup and can be
nodi fied at handover or during a call. W 00/31996 PCT/ SE99/02178 -16
According to the invention, DITX in a systemsuch as that shown in Figure 3
is based on in-band signaling with three different frame types: SID FIRST,
regul ar SID, and speech onset franmes. These frane types have in comon
that they use particular gross bit patt#éns, which identify them 5
Moreover, they can al so convey payl oad data, which consists of CN
paranmeters and codec node information. For exanple inplenentations

according to the i n\esidig o thenvealibR DPR ind FitkA! suekht Hapkhown in
t el econmuni cati ons system ( Phase 2+); Channel “coding (draft ETSI EN 300

909 V7.2.0 (1999- ); Q6. 93: Di.git el l.yl.ar tel ecomuni cation
syst em ( Phase ﬁ%‘ﬂéglggg%FS%%ﬁ@nagl@%ﬁ%?@géﬁrﬁ d%@f%t frage RSt i ve
Miulti-Rate (Al\/Ripzé)eech traffic channels (draft ETSI EN 301 707 V.7.2.0
(1999-11)), eacHPFIRH aegular ST ngspeschonsesifeames; Thesesframa typesthavrin
reference. SID franes are identified on gross bit level. SID franes are
defined to be comamarthitithey use prgtibuldibsd bia pRtternd, whicH fdetifyanemst of k *
114 bits. A suitable 15 choice for k is 4. In this case SID frames consi st

of 456 Bits, | MoreQferOfifey BRAMRE!convey payload data, which consists of CN parameters

and codec mode information. For example implementations according to the
invention, see GSM 05.03: Digital cellular telecommunications system (Phase
2+); Channel coding (draft ETSI EN 300 909 V7.2.0 (1999-11)) and GSM 06.93:
Digital cellular telecommunication system (Phase 2 +); Discontinuous

10 Transmission (DTX) for Adaptive Multi-Rate (AMR) speech traffic channels (draft
ETSI EN 301 707 V.7.2.0 (1999-11)), each of which is incorporated herein in its
entirety by reference.

SID frames are identified on gross bit level. SID frames are defined to be

transmitted using & TDMA frames, i.e. they consist of k * 114 bits. A suitable

15 choice for k is 4. In this case SID fraﬁxes consist of 456 bits, i.e. of one channel
frame of 456 bits for TCH/AFS and of two channel frames of 228 bits each for
TCH/AHS. Each SID frame has a SID frame identification field containing a
unique bit pattern and two message fields. The one message field is reserved for
channel encoded comfort noise (CN) parameters, the other for channel encoded

20 codec mode information. The codec mode information field can carry codec mode



frame of 456 bits for TCH AFS and of two channel franes of 228 bits each
for TCH AHS. Each SID frane has a SID frane identification field
cont ai ni ngwe ocoBveglue bit pattern and two nmessage fields. TheO§RqEBSsa0€
field is reserved for channel encoded confort noise (CN) paraneters, the
ot her for channel encoded 20 codec node information. The codec node
information field can carry codec node WO 00/ 31996 PCT/ SE99/02178 -17
requests only, or it can be further subdivided into two parts, one carrying
codec node requests/conmands and the other carrying codec node
i ndi cations. An exanple of the regular -37/D frame format definition is given
in Figure 4. In this exanple, the SID franme consists of a SID franme
identifier of 212 5 bits, a field of 212 bits for the confort noise
paranet ers and raqids@! shipfor32c b6 frter sitiBviaaP o {mﬂgartst'foﬂé Hﬁ&y@g codldt this
h nvol utionalTy

exanple, it is assumed that the CN paraneters are ¢ encoded

and the codec i.nfo tion consists. of bl.ock encoded requests/commands
and indi cat i On;ﬁgcﬁnﬂe%es err %?‘ﬁ\félastg? 8%5?33“5(%0?‘%9 r?t%@s‘ﬁé)‘@&?qnéi ds can be
put together, if, e.‘%é, CN paranmeters and codec 10 node information are
bot h encoded usi ng theexupile obHieoregeiap SHP framefoonk defidision ingivendiing to t he
invention, regular SID frames are block interleaved rather than

di agonal I'y. \WiBigureh. In ¢hiv esampiay theSIBi fodrfle toristtd G STIP fraime Addnitifier of e
transm ssion is potentially | ess robust against transm ssion errors), SID
frames ener aly: -' H{Qaé t nd
t hey cangt herefdét)ré’eg%gfdﬁ%é%??%lgsgo g usdlnﬂdgnnr{tg)r?% ﬂ;)ag%t ulaﬁgﬁgﬁh?de{)f %ﬁﬁ%f‘?han

used for speech
P the codec mode information. In this example, it is assumed that the CN

parameters are convolutionally encoded and the codec mode information consists
of block encoded requests/commands and indications. In an alternative solution
the two message fields can be put together, if, e.g., CN parameters and codec

10 mode information are both encoded using the same convolutional or block code.

According to the invention, regular SID frames are block interleaved rather

than diagonally. While this gives away possible interleaving gain (i.e., the
transmission is potentially less robust against transmission errors), SID frames
generally carry less information than regular speech frames, and they can therefore

15 be protected using more powerful channel codes than used for speech
transmission. This compensates for the loss in interleaver gain, or even makes
SID frame transmission more robust than is possible for current solutions (GSM
FR, EFR, or HR). Important information like codec mode information can, e.g.,
be protected by stronger channel codes (compared to the in-band transmission of

20 codec mode information in regular speech frames). Furthermore, CN parameters

are usually represented with much fewer bits than speech parameters. The few



transm ssion. This conpensates for the loss in interleaver gain, or even
makes SID frame transm ssion nore robust than is possible for current

sol uti ons W&ohk1obfR, EFR, or HR). Inportant information |ike 603@8€
information can, e.g., be protected by stronger channel codes (conpared to
the in-band transm ssion of 20 codec node information in regular speech
frames). Furthernore, CN paraneters are usually represented with nuch
fewer bits than speech paranmeters. The few WO 00/ 31996 PCT/ SE99/ 02178 -18
CN bits can thus be protected with | ower rate channel codes. As an exanple,
out of a nunber of 35 CN bits, all canl®e protected, first, by a 14 bit
CRC code (which nmakes possible very powerful error detection), and then by
using a rate '/ convolutional code (constraint |ength k=5). Moreover, both

CN paraneters mbﬁs@&dﬁmsr&qﬁm&é@mﬁb% fate GERRERIIYs." & gagle%ﬁ#lmes Lt ¥

varying information. Also taking into account the propose Fae rate

(of every 8th franme hi.gher  t exi i ons,
occasi onal | os4& rg%ﬁbgrgf%?ﬁl\z%s OBEQ %‘?ﬁ{‘lrgi fl@r’rwgiéh’gg@ggﬁo Sl er abl e.
As shown in the respective Figures 5 and 6 for both TCH AFS and 10

TCH AHS, SI D f r(hich raakesipossiblg very powerful rior deteation) nagshiben byaisingdi tate %o t he
invention, by block interleaving onto 4 TDVA franmes. The purpose of the

interleaver is coavélugéral bodec(congrabitDedgtR e Shi Moredved UBGth TNPirapietsrs hhé
avai l able TDVA franes that the robustness against transm ssion errors IS

mexim zed. The coﬁé&sra@@ivxgarngﬁa%romégarerélgr retRGEN NdW G adyihg iOimAREY- ATS

de-interl eavi ng I.S no

taking into account the proposed SID frame rate (of every 8th frame), which is
much higher than in existing solutions, occasional losses of a SID frame due to
channel errors are even tolerable.
As shown in the respective Figures 5 and 6, for both TCH/AFS and

10 TCH/AHS, SID frames consisting of 4 * 114 bits are mapped, according to the
invention, by block interleaving onto 4 TDMA frames. The purpose of the
interleaver is to distribute the SID frame bits in such a way onto the available
TDMA frames that the robustness against transmission errors is maximized. The
diagonal interleaver for speech frames is not used. As de-interleaving is not very

15 demanding in terms of complexity, this solution with a particular block interleaver
for SID frames is feasible. In the worst case, the decoder execrltes both SID frame
block de-interleaving and conventional speech frame diagonal de-interleaving, but
not more than one channel decoder. Advantageously, the problem in current GSM
and PDC systems of wasted bits in the TDMA frames belonging to SID frames is

20 thus solved.



15 demanding in ternms of conplexity, this solution with a particular block
interleaver for SID franmes is feasible. In the worst case, the decoder
execut es bRblyeSlidesframe bl ock de-interleaving and conventiggfggﬁmgﬁgh
frame di agonal de-interleaving, but not nore than one channel decoder.
Advant ageously, the problemin current GSM and PDC systens of wasted bits
in the TDVA franes belonging to SID franes is 20 thus solved. WO 00/ 31996
PCT/ SEQ9/ 02178 -19 For TCH AFS, the actual block interleaving schene for
the SIDframe is of relatively minor inportance. In order to get a maxim
interleaver gain, identification markeil9bits, as well as CN and codec node
information bits are distributed as equally as possible on the TDVA franes
used for transm ssion. 5 For TCH AHS, special cases can occur due to the

fact that the SID f ' ] ' . .
IFETCHAAFS, ane Hﬂ:ﬁlﬁletﬂoéléinfsl‘iﬂsg\lfﬁg i@g'{étﬁ{e fof 81D ﬁgrne is of

di scussed in detail below w th respect to frames, t

situation can Qq the first half, of the TDVA  fraes carrying the

SID frame has 6&@1{'?1&%%@% W%Od‘{agﬁ%l Prhgrdgxé&)glega PRmALINEICAYRE 82{th ans i t t ed
due to a speech onset. For this case, it is inportant to be able to 10

i nhi bit the S| Odgnbification markes Bithaas welt andN nderodecemode informnationdits ared by

transmtting the second half of the pattern bits on the odd positions of

the second haldisteibutethas SGRidiiyfas Ppoesible \Bhtthe TENIA Franhed usb® fF AEREMIRIN.
information, it is inportant that the codec node to be used for decoding

the speech onset is Fo?\'ﬁilllé)gg{ﬁ' spBiaP c BN RIS HIEE BY el 53¢ M Bkt "9

the second half of the co

is transmitted using 2 channel frames. As discussed in detail below with respect to
SID inhibit frames, the situation can occur when the first half of the TDMA
frames carrying the SID frame has been transmitted and the second half cannot be
transmitted due to a speech onset. For this case, it is important to be able to

10 inhibit the SID pattern, which has already been sent. This is ensured by
transmitting the second half of the pattern bits on the odd positions of the second
half of the TDMA frames. With respect to the codec mode information, it is
important that the codec mode to be used for decoding the speech onset is
available. This can be ensured by also transmitting the second half of the codec

15 mode indication bits on the odd positions of the second half of the TDMA frames.

A possible solution is to map the pattern bits and the codec mode indication

bits on the TDMA frames by using diagonal interleaving. Consequently, the CN
bits and codec mode request/command bits are transmitted in the odd positions of
the first half of the TDMA frames and in the even positions of the second half of

20 the TDMA frames. The described interleaving scheme for SID frames on

TCH/AHS is illustrated in Figure 6.



15 node indication bits on the odd positions of the second half of the TDVA
frames. A possible solutionis to nmap the pattern bits and the codec node
i ndi cati oRyoBhsmepn the TDVA frames by using di agonal interd&adoa1rs
Consequently, the CN bits and codec node request/command bits are
transmtted in the odd positions of the first half of the TDVA franes and
in the even positions of the second half of 20 the TDVA franes. The
described interleaving schene for SID frames on TCHHAHS is illustrated in
Figure 6. WD 00/31996 PCT/ SE99/02178 -20 According to the invention,
particular SID FIRST frames are transm-20ed imediately after the | ast
speech franme when going fromactivity to inactivity. The solution is
nerely to identify end of speech rather than al so transmttlng CN

parameters. An exanmi@offhg'td @8 ihwntid g‘%ﬁg&léﬁsw aﬁ%@ af¥l fradsfilt Eid

consisting 5 of 212 rrarker bits and 16 bits |nformat|on as

shown in Fi gur 0 de i format on i.s =|ther uest/comrand or
i ndi cati on, H’g"qy Sﬁeﬁﬁ?ﬁtlmgp?eﬁ ViR &0188% Ergwclnygyrgo HRatYEen
transmtted Thet pe of codec m)delnforrratlontransmtted with the
S| D- FI RST frarréf hemﬁlt@ap%mselbmo tdeatifyr endef spesebanthanthan htsottransmitiisg CHH
phase of the codec node information. A 10 special interleaver maps the

SI D_FI RST fr angatunieters NArR&Giniplé solatien falfCHIAFS o us b 228 bltdidid boisktin
Figure 5 i I I ustrat es the described transm ssion schene of the SID FIRST

T s P AR e B 654 e 7

The codec mode information is either request/command or indication, depending

on what is in turn (if a speech frame had been transmitted). The type of codec
mode information transmitted with the SID_FIRST frame thus depends on the
frame number and the transmission phase of the codec mode information. A

10 special interleaver maps the SID_FIRST frame onto the 228 bits available in the
unused half bursts. Figure § illustrates the described transmission scheme of the
SID_FIRST frame for TCH/AFS. Note there are no longer wasted half bursts.

An analogue solution for TCH/AHS would transmit a SID_FIRST

identification pattern and codec mode information on the 2 available usually

15 unused half bursts. An example which makes the detection of SID_FIRST more
reliable is, hoWever, to use also the next 2 TDMA frames. This means that 2
chanpel frames SID_FIRST 1 and SID_FIRST 2 are transmitted. A possibly
identical 228 bit frame as it is used in the TCH/AFS example solution (consisting
of 212 marker bits and 16 bits for codec mode information, see Figure 7) is

20 mapped on the even positions of the TDMA frames, which carry the last speech

frame (unused half bursts), and on the odd positions of the two subsequent TDMA



identification pattern and codec node information on the 2 avail able
usual Iy 15 unused hal f bursts. An exanple which nmakes the detection of

SI D- FI RST welhg31%¢! i abl e is, however, to use also the next &byl Hanmes.
This means that 2 channel franes SID- FIRST-1 and SID FIRST-2 are
transmtted. A possibly identical 228 bit frame as it is used in the
TCH AFS exanpl e solution (consisting of 212 marker bits and 16 bits for
codec node information, see Figure 7) is 20 mapped on the even positions of
the TDVA franmes, which carry the |ast speech frame (unused half bursts),
and on the odd positions of the two sub2tquent TDVA WO 00/ 31996

PCT/ SE99/ 02178 -21 frames. This kind of diagonal mapping all ows
application of the existing diagonal (de-)interleaver. The codec node

i nformation is feirhdyer THiS RURB&f GRFEMNhafPing LGS 1R MioSPER dkiiEn Hitaggfr?]al

frame nunber and the transm ssion phase of the ‘codec node infor

T ' d i i f .1 nf d 5 whi ch ld h b
cent in the rodiaaisleated HAPERR: FROE GBI  HwoebRoipd eLd. “Tro

mapping is doneg in a way that equal portions both of the pattern bits and
the codec node indifetiqradepending an fiedrasmg nypbarradfthe transmigsiemphase ef thecond

two used TDVA franes. Figure 6 illustrates a techni que for

i ncreasing the

reliability of cSié moRSTnfoffationanEradehieed iomaskint lof todéchasde bsmiatlbAg t o
the invention, the even positions of the additional two TDVA franes are

fi11ed v th an leh oaeheyedRBh ki 57 HRRENE Mo srarhS 130G HeBl © 10

use a part of these ha ursts for the transm sSion

transmitted. The mapping is done in a way that equal portions both of the pattern

bits and the codec mode information bits are put on the first two and the second

two used TDMA frames.

Figure 6 illustrates a technique for increasing the reliability of SID_FIRST

10 frame detection still further. According to the invention, the even positions of the

additional two TDMA frames are filled with an additional identification pattern. It

is also possible to use a part of these half bursts for the transmission of codec

mode information. The identification pattern could also be the code word of the

codec mode information, repeated that often that all available bits are used. If,

15 e.g., 114 bits are available and the code word for the codec mode information is

16 bits wide, then it could be repeated 114/16 times.

The diagonal interleaving used for speech frames implies that the odd

positions of the first half of the TDMA frames carrying the first speech frame after

an inactivity period are free for other purposes. A solution improving onset

20 detection, according to the invention, is to fill these bits with a special onset

identification pattern. Moreover, parts of these bits can also be used for



node information. The identification pattern could also be the code word of
the codec node information, repeated that often that all available bits
are used. wdooz1hds €. 9., 114 bits are avail able and the codeMdefQhst he
codec node information is 16 bits wde, then it could be repeated 114/16
times. The diagonal interleaving used for speech franes inplies that the
odd positions of the first half of the TDVA frames carrying the first
speech frane after an inactivity period are free for other purposes. A
solution inproving onset 20 detection, according to the invention, is to
fill these bits with a special onset 2 ntification pattern. Mreover,
parts of these bits can al so be used for WO 00/31996 PCT/ SE99/02178 -22
transm ssion of a codec node indication that signals the codec node

according to wahehiséibe of bcblecSROGS thdidafo® tab sighaAP BRGodé: fRle héRdARIsh
bot h conveys an onset bit pattern and the codec node indication isto

repeat the codegg. . _.ndi I QN 0 rd,that. of ten that all avail able
bits are used, ﬁrgééﬂl)tgglqr%{%?? r atfg%mf % ﬁ%#raé %.Soglh% w&cgm)q CPREYT AR i's
to repeat the 16 bit code word of the jndication 228/16 tinmes. For

TCH AHS, the 1Bitpriteragznd the pedecdnodsyadicatipmisp 1epeqs the sodecgneds indicatient
frame is mapped by a particular interleaver onto the otherw se wunused half
bursts. The resqiecwondethhr afem thatalk avadiablerbits ahensed, ik hllistratedGh/Agreand

TCH AHS are depicted in Figures 5 and 6. 10 For TCH AHS, regular SID franes

and Sl DsFI RST %ﬁﬁgﬁl})&ﬁ fortrEAed a4 reﬂ%;[%% fzhgdl% BN S orl 'R TRSindRhhisRt | ONs

can thus occur | h a hi gher priori
228/16 times. For TCH/AHS, the 16 bit code word is repeated 114/16 times.

Such an onset frame is mapped by a particular interleaver onto the otherwise
unused half bursts. The respective frame transmission schemes both for
TCH/AFS and TCH/AHS are depicted in Figures 5 and 6.

10 For TCH/AHS, regular SID frames and SID_FIRST frames are transmitted
using 2 channel frames. Situations can thus occur in which a higher prioritized
speech onset is transmitted after the first but before the second channel frame of
the SID frame has been transmitted. In such a case, the error event could happen
that the receiver misses the onset and instead detects a SID or, respectively, a

15 SID_FIRST frame, even though it has actually only received the first half of it.

To help avoid this problem, a special SID_FIRST inhibit frame is used
instead of a regular onset frame when the first half of the TDMA frames carrying
the SID_FIRST have been sent but the second half cannot be sent due to a speech
onset. The pattern bits belonging to the second half of the SID_FIRST frame,

20 which would have been transmitted, are now inverted. This inhibits the detection

of the whole SID FIRST pattern at the receiver. The codec mode information bits



speech onset is transmtted after the first but before the second channel
frame of the SID franme has been transmtted. In such a case, the error
event coul §owBpRe that the receiver msses the onset and iféi ,fligt ects
a SID or, respectively, a 15 SID-FIRST frame, even though i as ‘actual ly
only received the first half of it. To help avoid this problem a special
SID FIRST inhibit frame is used instead of a regular onset frame when the
first half of the TDVA franes carrying the SID FIRST have been sent but

t he second hal f cannot be sent due to a speech onset. The pattern bits
bel onging to the second half of the SID-B-RST franme, 20 which woul d have
been transmtted, are now inverted. This inhibits the detection of the
whol e SID FIRST pattern at the receiver. The codec node information bits WO
00/ 31996 PCT/ SERSAAR tHeBsante2 3s h%ﬁ?ﬂi& Jri¥nal &TD Fﬁ{%’ﬁﬁﬂﬁt e QedeHeP 11 llgetan

SI D_FI RST frarre The receiver will get  an unusable frane in the

si tuation. IS._Uus to. hide this.fra b a in error
conceal nment (EC)mlfsé@ﬁtﬁ‘%ee tklerﬁgscalgggﬂ%agﬁn Z}E@ ‘PE}“}{W ﬂ‘&g g?’@ﬁleltﬁ’ Fi gure
9. 5 Another special frame, nanely a SID inhibit frame, is used instead of
a regular SID APRIYBS DFeDST EFeT CpResalmext (EC) teph@qﬂﬂswﬂﬁermedanasqlsng t he
SID have been sent but the second half cannot be sent due to a speech
onset. The patt #lustrated s Fiekr®0gi ng to the second half of the SID frane,
whi ch woul d have been transmtted, are now inverted. This inhibits the

detecti 0oR of the V"hOAﬁ tﬁEP pﬂ%@ ?{aﬂlelgaﬁgl %%itvﬁgme,-ﬁg%s&f) ggt%aggg S

information bits, V\/mc

regular SID frame when the first half of the TDMA frames carrying the SID have
been sent but the second half cannot be sent due to a speech onset. The pattern
bits belonging to the second half of the SID frame, which would have been
transmitted, are now inverted. This inhibits the detection of the whole SID pattern

10 at the receiver. The codec mode information bits, which represent a codec mode
indication, remain the same, as from the original SID frame. The receiver will get
an unusable frame in the described situation, for which it will continue to generate
CN using the previous CN parameters. The receiver can also check for the
patterns that are transmitted in this special case in order to detect speech onsets

15 with improved reliability. The described case is iltustrated in Figure 10.

According to the invention, SID frames are transmitted during inactivity

every ng frames (TCH/AFS) and, respectively, every ng, frames (TCH/AHS). A
suitable choice iS nz = ng; = 8. Phase-aligned transmission and decoding of SID
frames (alignment deduced from the SACCH, as in the current GSM system) is

20 one solution existing in today's GSM system, which helps to achieve good SID

frame decoding performance. However, the proposed SID frame identification



indication, remain the sane, as fromthe original SID frame. The receiver
wll get an unusable franme in the described situation, for which it wll
conti nue tWo3BARRate CN using the previous CN paraneters. J@ﬁs#ﬁﬁﬁh er can
al so check for the patterns that are transmtted in this special case in
order to detect speech onsets 15 with inproved reliability. The descri bed
case is illustrated in Figure 10. According to the invention, SID franes
are transmtted during inactivity every nFR franes (TCH AFS) and,
respectively, every nHR franes (TCH AHS). A suitable choice is nFR = n. =
8. Phase-aligned transm ssion and decod2#g of SID franes (alignnent
deduced fromthe SACCH, as in the current GSM system is 20 one solution
existing in today's GSM system which helps to achieve good SID frane

decodi ng per f OlbARACS grideVBY Phtterhd i S dbAERid ddrPidagRe WO
00/ 31996 PCT/ SEBO 0TS o5 b%segfdé??]&gﬁﬁﬁ“% %i]{)gi?xggghgﬁﬁﬁﬂo ofdblaBte, O on

SID frane detection f or mance t.hat e.flexible sglutions without a
fi xed phase ar %&%Fﬁeéﬁﬁcﬂu@%ﬁﬂﬁ@#g[%r{deQt‘%FFtar? P28¥¥¥5-ssi on of SID
frames with the third frame after the transm ssion of the SID FlI RST

pattern, and then t &nerexampia isp tattrtansmissPnanfSID fBinhesfwithrthe thivd dtaner nat i ve
solution is asynchronous SID transm ssion (i.e., not aligned to any fixed

time structurehfiedthearanemissionef tid ST TARSY paftérnt Aad&%h td @dnitie SBY §Fanfesn0de
request changes, possibly with the constraint that a certain maxi num of

Aot hor “ennanc el arrraR: At HERaE ol TR iRy Fip, iR SOE BT

not aligned to any fixed time structure). As an example, SID frames are

transmitted whenever a mode request changes, possibly with the constraint that a
certain maximum of traﬁsmitted TDMA frames per 480ms multiframe has not yet
been exceeded. Another enhanced solution can transmit a SID frame if the CN

10 parameters have changed significantly and certain maximum of transmitted TDMA
frames per 480 ms multiframe has not yet been exceeded. Such solutions with
asynchronous SID frame transmission can fall back to time aligned transmission
whenever certain minimum transmission requirements per time interval have not
been met.

15 Note that the different bit patterns which are sent for identifying the
different frame types can partially be corrupted by transmission errors. In order to
ensure reliable detection of the patterns also in the presence of channel errors,
correlation techniques can be used. One possible solution is to count the number
of matching bits, when comparing the received bits with the patterns. As an

20 example, if 70% of the bits coincide, then the receiver can regard the pattern as

found. An alternative solution using soft bit information is to accumulate the



10 paraneters have changed significantly and certain maxi rumof transmtted
TDVA franmes per 480 ns nultifranme has not yet been exceeded. Such

sol utions wWblhszig@gynchronous SID frame transm ssion can falj-HaelkpbPgti me
aligned transm ssion whenever certain mninmumtransm Ssion requirenents
per tinme interval have not been net. 15 Note that the different bit
patterns which are sent for identifying the different frane types can
partially be corrupted by transmi ssion errors. In order to ensure reliable
detection of the patterns also in the presence of channel errors,

correl ation techni ques can be used. One2possible solution is to count the
nunber of matching bits, when conparing the received bits wth the
patterns. As an 20 exanple, if 70% of the bits coincide, then the receiver

can regard the r ; t i i f.r (bit
information is rte%ti%e?c%rrﬁﬁﬁ gtxgﬁgg%oﬁgo%gigg%g% %ﬁ?@%@%&%ﬁé B g%a?é%:éi ved
soft bits with a.pasitive sign i.f the correspondi S,H_{};t of the patternis 1
and vi th a negdBHVATLE BEAtFe Piin if e CocsShentitg B is U s acehmulaie meRmIER e
measure can be normalized by the product of |ength of the pattern and the
maxi mal possi bican bg @prmyized\by| the praduct ¢fclengsh ofi Hiezmtterrearsiuthe mexirealdwssible
certain threshold, e.g. 0.4, the 5 receiver can regard the pattern as

found. (ne furtsbRibitovalieer ifahe nufthdlize€ aitafive URREdS DEerBliPireMIRE . ¢ 0 e CRC
of the CN bits. If there is a CRC error, the frane is not regarded as a

valid SIP fra - F=ar ilel.sydesirable that the identification
o A ReceiVedcafl ard §HRRm d okl

One further criterion, which can be used for SID frames, is the CRC of the
CN bits. If there is a CRC error, the frame is not regarded as a valid SID frame.
For cost reasons, it is desirable that the identification patterns do not
require much memory for storing them. As an example, the identification pattern
10 for SID_FIRST and regular SID for TCH/AFS can be constructed by repeating
short 9-bit sequences ceil((228-16)/9) = 24 times and then discarding the last 4 '
bits. Such a 9-bit sequence is, e.g., {0,1, 0,0, 1, 1, 1, 1, 0}.
For THS/AHS, it is further important to avoid the possible decoding of a
SID_FIRST frame as a regular SID frame, and vice-versa. Therefore, the
15 identification patterns for SID and SID_ FIRST are made as distinct as possible.
As an exaﬁlple, the pattern for the SID_FIRST frame can be identical to the
pattern used for TCH/AFS. The pattern used for regular SID frames can then be
constructed by inverting the SID_FIRST pattern. |
The solution to transmit only a special bit pattern and codec mode
20 information in the SID_FIRST frame rather than also transmitting CN parameters

helps to keep the DTX efficiency at a maximum (i.e., the activity on the air



require much nmenory for storing them As an exanple, the identification
pattern 10 for SID FIRST and regular SID for TCH AFS can be constructed by
repeati ng we bgioo®- bit sequences ceil ((228-16)/9) = 24 ti ﬁ%g

discarding the last 4 bits. Such a 9-bit sequence is, -nq,% 9@{16

1, 1, 1, 1, 0). For THS/AHS, it is further inportant to av0|d t he p055|ble
decodl ng of a SIDFIRST frame as a regular SID franme, and vice-versa.
Therefore, the 15 identification patterns for SID and SI D FIRST are made as
di stinct as possible. As an exanple, the pattern for the SID FIRST frane
can be identical to the pattern used #26- TCH AFS. The pattern used for
regular SID franes can then be constructed by inverting the SID FIRST
pattern. The solution to transmt only a special bit pattern and codec node

20 i nf or mat i oniritérfideds Repe-at hRBhihimITe At M@l A t6é a&eétf(ﬁl%ﬁwﬁﬂyn% ey

parameters helps to keep the DIX efficiency at a maxi num
activity on th 9 CI/ SE99/.0217 |nterfac | s _kept at a
i mur . a1 Rty b Do Pl s fhed o e TR
identification pattern can be maxi mal since all avai I able bits are used for
the bit pattePHIBLISHEPt thasssused derftransmissiomefigodes made infermapsionode
information). A problemwth this is, however, that the receiver does not

get a set of Cprdblemamdtiethiris, fiowevel tgaﬂﬁéaédem&r dogsi nvg gethesgpericdd from end
of speech until the reception of the first regular SID franme. The sol ution

is to derive t?he é'tgg%’ﬁ%‘@ﬁtg%ﬁ&aﬁ&?aﬁﬁﬂg R Jeli6d HRGFLYESs PeediSidi dide speech

paraneters of

reception of the first regular SID frame. The solution is to derive the CN
parameters locally in the receiver by using the speech parameters of the last n
frames before end of speech. Usually, the encoder operates with hang-over, i.e.
even though the VAD detects voice inactivity, a certain number of m frames is still
10 encoded as speech. The decoder can thus derive CN parameters locally by, e.g.,
averaging the gain and spectral parameters of the hangover frames, i.e. n = m.
Another solution is to apply the last received set of CN parameters of a preceding
inactivity period.
According to the invention, an AMR receiver incorporates a 2-state model
15 with the states activity and inactivity. The purpose of this state model is to
support the speech/SID/non-transmitted frame distinction. Going from activity to
inactivity requires the detection of a SID_FIRST frame following speech frames.
Going from the inactivity to the activity state requires to detect the speech
onset identification pattern and a valid first speech frame which can be decoded
20 without CRC error and, optionally, which exhibits quality measurements that are,

e.g., derived from the receiver/channel decoder and which exceed certain



frames before end of speech. Usually, the encoder operates w th hang-over,
i.e. even though the VAD detects voice inactivity, a certain nunber of m
frames iswadbddedd encoded as speech. The decoder can thus pg@fdp¥olehs
paranmeters locally by, e.g., averaging the gain and spectral paraneters of
t he hangover frames, i.e. n = m Another solution is to apply the | ast
recei ved set of CN paraneters of a preceding inactivity period. According
to the invention, an AMR receiver incorporates a 2-state nodel 15 with the
states activity and inactivity. The purpose of this state nodel is to
support the speech/SID non-transm tted-27-ame distinction. Going from
activity to inactivity requires the detection of a SID FIRST frane

foll owi ng speech frames. Going fromthe inactivity to the activity state

requires to deygeihddie Aﬂ%ﬁ&ﬁggqggggsdﬁecg?ﬂ%&%ﬁgﬁﬁkmt%é‘s&&a@gx@i&%hﬁ

first speech frame which can out error

optionally, whic xhi bi t Ity neasurenmepts that are, e.g.,. derived
fromthe recei bstﬁl’F@Wa?ﬂ’i’é‘i %‘%@gﬁer%&%’é&\%ﬁﬁh@ho &‘é“esé"ﬁ?e ARSI CARCPOICTRRsRSE
PCT/ SE99/ 02178 -27 thresholds. An exanple is the SFQ neasure (gross bit
error esti mat efithihe epnstaint thasenere|than enenframéen musidedecadeable etittmot CRG/ of
this state transition can be increased wth the constraint that nore than

one frames nmustrrbg, 4dcopeahilg, nottdxeeddisdb cerlih 8FQ R ure0 PAhGRS drtteribRl
exceeding a certain SFQ neasure. Another criterion, 5 as illustrated in
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the activity is that received frames immediately following SID frames can never be
a speech frame, provided that block vinterleaving is used for SID frames which
requires less delay than diagonal interleaving for speech frames. Figure 12
illustrates this criterion for the example of TCH/AHS.

10 Another way to improve the detection of first speech frames and to help to
distinguish them from non-transmitted frames is to access measures from other
components of the receiver (e.g., the RF receiver or the equalizer). Examples for
such measures are carrier and interferer strength estimates and derived measures
such as C/I ratio.

15 A further way to improve both SID_FIRST and first speech frame
identification performance is to transmit the TDMA frames carrying them with
increased transmission power.

According to the invention, the following solutions are suitable for defining
the codec mode for speech onsets after a period of inactivity:

20 (a) Selection of the most robust codec mode or, alternatively, with the n-th

robust codec mode. The safest solution is to choose n=1. No codec mode



a speech frane, provided that block interleaving is used for SID franes
which requires |less delay than diagonal interleaving for speech franes.

Figure 12 wigdodsdogates this criterion for the exanpl e of T%.ﬁg@%} 3
Anot her way to inprove the detection of first speech frames and to help to

di stinguish themfromnon-transmtted franes is to access neasures from

ot her conponents of the receiver (e.g., the RF receiver or the equalizer).
Exanpl es for such nmeasures are carrier and interferer strength estinates
and derived neasures such as C/I ratio. 15 A further way to inprove both
SID-FIRST and first speech frane identigBication performance is to transmt
the TDVA franmes carrying themwith increased transm ssion power. According
to the invention, the followi ng solutions are suitable for defining the

codec node for ; : : .0 ' Lty 2 a) ,Sel ection
of the nost rob%gﬁag%d%gaﬁéégq%#%a td E?I:I%etcﬁ\a}g%%/é,kr}?\ﬂlﬁvlt%éhaﬁi{)Oﬁ(gog)gbust

codec nobde. The  saf ?st sol uéi on é‘% to_choose n=1. No codec npde WD 00/ 31996

PCT/ SE99/ 02178 ShaBRel§, 200 4PPush cadacqnede With dovs infrinsie eppecty gualdy aeeledted.or n =

1 is that, for good channels, a too robust codec node with lowintrinsic

speech quality is sedbpSelection ¢fithe Sahe codeermade 4stfer grroarnendhe activedakasThior
the currently active link. This is notivated by the fact that uplink and

?OW'”” i nk- channek nftavhiel ibySh@tRt HafubRik ar J@ﬁﬂﬁ&%ﬁﬁﬂeﬁ Ghd1Bics afesififiiaf NE 11 0K
esum ng speech transm sSion applies the codec
5 The transmitting side of the link resuming speech transmission applies the codec
mode which it is requesting for the incoming currently active link. The receiving
side of the link becoming active again knows the applied codec mode as it is
identical with the codec mode requests which it is receiving for application on the
outgoing currently active link. The scheme can be made more robust if a mode is
10 selected for speech onsets which is n (e.g. n=1) modes more robust than the mode
of the currently active link (provided that such a more robust mode exists).

(c) Selection of the same codec mode which was selected at the end of the
last speech period preceding the inactivity period. This is motivated by the fact
that radio channel conditions generally do not change very fast. The scheme can

15 be made more robust if a mode is selected for speech onsets which is n (e.g. n=1)
modes more robust than the mode which was used at the end of the last speech
period (provided that such a more robust mode exists).

(d) Selection according to measurements of the inactive link. As
transmission on inactive links is not completely stopped, link quality measuring is

20 possible. Corresponding measurement reports or codec mode requests /

commands are transmitted over the active link. When the inactive link resumes



node which it is requesting for the incomng currently active |link. The
receiving side of the Iink becom ng active again knows the applied codec
nmode as itwbgosigdentical with the codec node requests whi Chhdrcdo§os@§€ei Vi Ng
for application on the outgoing currently active link. The sé%ene can be
made nore robust if a node is 10 selected for speech onsets which is n (e.
g. n=1) nodes nore robust than the node of the currently active |ink
(provided that such a nore robust node exists). (c) Selection of the sane
codec node which was selected at the end of the |[|ast speech period
preceding the inactivity period. This i-89notivated by the fact that radio
channel conditions generally do not change very fast. The schene can 15 be
made nore robust if a node is selected for speech onsets which is n (e.g

n=1) nodes norspedohittisismisRin, bltedsDHedsiredipYRAng/artle Mst Eé&@w@&‘éo@éa hb&e ' ast
speech period (provided that such a nore robust node exi sts).

Sel ection accorggd&t fs%e{égéaurerrent s of the inactive link. As transm ssion
on inactive lin I'S not conpletely stopped, link quality measuring is 20
possi bl e. Correspondj \9 measur enent, reports or codec node requests /
commands are transmiA4EHEATRIS: felutions (2, (B) ard (Nebave ¢ra mpkecase\ad the fakt
resumes WO 00/ 31996 PCT/ SE99/ 02178 -29 speech transm ssion, a codec nobde
correspondi ng tthattrioecodes mode cequestd forottie dnactide link aepdetdtbei translited! €The

Advant ageously, solutions (a), (b) and (c) above can make use of the fact

El_ﬂgt no yodec G iREEASHESs SiVe thO trahdRslibY Cagab il f819%Hed MolE rdduBR ST W€ Y-
it for some other purpose. An example is to use this transmission capacity for
 better protected transmission of codec mode indications.
In addition to the above described techniques for performing DTX in AMR

systems, the invention further provides techniques for performing fast

10 configuration changes in AMR systems. The purpose of these techniques is to
enable fast configuration changes which cannot be done using existing slow control
channels. Moreover, existing control channels cannot ensure that configuration
changes are synchronized with speech data transmission. Like the above described
DTX mechanism, the configuration change mechanism is based on in-band

15 signaling. Applications are, e.g., in connections with tandem free operation
(TFO), the change of the active codec set and the change of the phase of the codec
mode information (in order to minimize transmission delay). Further general
applications are handovers to one of the existing GSM codecs (FR, EFR, HR), or

to switch to a future application as, e.g. a wideband codec, speech and data, or

20 multi-media. Like the DTX mechanism, the configuration change mechanism is



5 active link can thus save the transm ssion capacity for codec node
request and use it for sone other purpose. An exanple is to use this
transm ssiwg oga@agi ty for better protected transm ssion ofpGaeasos@ge
indications. In addition to the above described techni ques for performng
DTX in AMR systens, the invention further provides techniques for
perform ng fast 10 configuration changes in AMR systens. The purpose of
these techniques is to enable fast configuration changes whi ch cannot be
done using existing slow control channels. Moreover, existing control
channel s cannot ensure that configurati-8® changes are synchronized with
speech data transm ssion. Like the above described DTX nechanism the
configuration change nechanismis based on in-band 15 signaling.

Appl i cations aggscrided with fRseN REECHPARS Whll Wd@ﬂﬁﬁﬂx{tﬁ@%ﬂ?@%&éxﬁ??u&i%wo) ’

t he change of the active codec set and the change of the phase © e codec
node i nformati in order to mnimze transm ssion delay). Further general
appl i cations a?@%&fgnﬁ(yg&?ﬁb&e P})Otg‘ eccaxfex?%e exi sting GSM codecs (FR, EFR HR),
or to switch to a future application as, e.g. a wi deband codec, speech and
data, or 20 nulti - nddegonfigyratiemehapgx meshindsm énbasehen frantkei stpating istmilarhtange
mechani smis WD 00/ 31996 PCT/ SE99/02178 -30 described with respect to

TCH AFS and TCHieAS] kiowi & AGIMH Syiccstealidgl(i.b S sp@@H damés ARPIpRabd gyi n ot her
contexts. The configuration change nechanismis based on frame stealing

simlar 3t gy t heoftduradiPMAnE ebddel)! 3P isShEREI D Setblred 1o nSRRSAL Jsreaslcr:rzﬁasé are

repl ace

signaling. Since the escape signaling mechanism is used only occasionally during
a connection and only few speech frames will be stolen, the error concealment unit
at the receiver is able to make the frame stealing virtually inaudible. |

According to the invention, escape frames are of similar format as the SID

10 frames described above. They are identified on gross bit level by a particular
identification pattern. Like SID frames, they include this pattern and one or two
message fields. One field carries the actual channel encoded escape message, the
other codec mode information. As an example, the escape frame can include 456
bits and be of exactly the same frame format as SID frames (see, for example,

15 Figure 4), where the CN field is replaced by the escape message.

The payload to be transmitted by the escape mechanism is called the escape
message. Escape messages constitute of a number of net bits, which can be
grouped to logical units. For example implementations according to the invention,
see GSM 05.09: Digital cellular telecommunication system (Phase 2+); Link

20 Adaptation (draft ETSI EN 301 709 V7.1.0 (1999-11), which is incorporated

herein in its entirety by reference.



5 configuration change franmes), and is therefore referred to hereinafter as
escape signaling. Since the escape signaling nmechanismis used only

occasi onalwy oflgfobslgd a connection and only few speech frangsdobohes
stolen, the error concealnent unit at the receiver is able to nmake the

frame stealing virtually inaudible. According to the invention, escape
frames are of simlar format as the SID 10 franes descri bed above. They
are identified on gross bit level by a particular identification pattern.
Like SID franmes, they include this pattern and one or two nessage fields.
One field carries the actual channel en8bded escape nessage, the other
codec node information. As an exanple, the escape frane can include 456
bits and be of exactly the sane frame format as SID franes (see, for

exanpl e, 15 Figure 4scap¥i@eRagditafteichemtil Eﬁcoﬁ@@h@ﬁ%x&ﬁ%ﬁm@cﬁﬁﬁ@p@odﬁg
d C ed

nmessage. The payload to be transmtted by the escape anismi1s ca

uhi ch can be - GrBI Ao o ARPHEOMLsouiske (e Aol e Ren ol ae o

according to the invention, see GSM05.09: Digital cellular

t el ecomuni cat iU6f ex3eslydhe sammehanpel)codingras ywed fetthe &N parasdiess in tRe SIDEN 301
709 V7.1.0 (1999-11), which is incorporated hereininits entirety by
reference. WO Gfinl@O€esBlHISER OPHiE Sheand YoEowRpahd BISSRARECriv2A champlannel

encoded with any suitable channel coding schenme, as e.g. block or
ConvOLuton! SR IS R Sl SRS o eSS i
14 bit CRC and then convolutionally encoded with a code rate of 1/4 and
constraint length k=35.

As with the SID frame, the codec mode information field can carry both
block or convolutionally encoded codec mode indication and codec mode

10 command/request.

Escape frames are block diagonally interleaved, like speech frames. This
implies, assuming the example solution with an escape frame of 456 gross bits,
that an escape frame replaces one speech frame on TCH/AFS and two speech
frames on TCH/AHS.

15 For TCH/AHS, these are not necessarily two consecutive frames, however
it is assumed in the described example solution. Not stealing two consecutive
frames is advantageous for the error concealment in order to hide the stealing. On
the other hand, stealing two consecutive speech frames is beneficial in terms of
transmission delay of the escape message. The interleaving is done in such a way,

20 that the first half of the escape frame (228 bits, see Figure 4) replace the first

speech frame. It is important that this first half contains the escape identification



frane as descri bed above. This neans, follow ng the above descri bed exanple
5 solution with 35 CN bits, that an escape nessage of 35 net bits is
protect ed wblbsmee 14 bit CRC and then convol utional |y encodger,gdobjgz@scode
rate of 1/4 and constraint length k = 5. As with the SID frame, the codec
node information field can carry both block or convolutionally encoded
codec node indication and codec node 10 command/request. Escape franes are
bl ock diagonally interleaved, |ike speech frames. This inplies, assum ng
the exanple solution with an escape frane of 456 gross bits, that an
escape frane repl aces one speech frane -8 TCH AFS and two speech franes on
TCH AHS. 15 For TCH AHS, these are not necessarily two consecutive franes,
however it is assumed in the described exanple solution. Not stealing two
consecutive frames, i Fhid GHAELGE iR 1o ERRKTHS @s SRRAEANMRP FindifagQh&ler to
hi de the stealing. On the other hand, stealing t consecutive gpeech
frames is benefjcial .in terns. of  transm.ssion . delay of the esc nessage.
The interl eavi rPa&’l?’ fsrseriveiis ahlefo Jaca e% Setpad (H%F}/?HGF%II prﬁ%i’fef Wgﬁﬁtcﬁgles
escape frane (228 bits, see Figure 4) replace the first speech frane. It

i s inmportant tHbg sacAnd half of thergseapecisameai ns the escape identification WO
00/ 31996 PCT/ SE99/ 02178 -32 pattern. This enables the receiver to check

for this pattern. Aflhetddratodicthidérifete Wit the FépuldrRfankBiSion &F cbdecalabge t 0
| ocate the second stol en speech frane, which carries

5 information, the interleaver can further map one of the codec mode information

code words on bit positions of the first stolen speech frame. Consequently, the
other codec mode information code word is mapped on bit positions of the second
stolen speech frame. Furthermore, the placing of codec mode information, i.e.
codec mode indication and requests/commands into the codec mode field is done

10 with respect to the codec mode information phase during transmission of regular
speech frames. If, e.g., the first half of the escape frame replaces a speech frame
which would have carried a codec mode indication, then this first half of the
escape frame has still to transmit a codec mode indication.

Note that the above described escape mechanism can also be used in

15 conjunction with the above described DTX mechanism. Thus, according to the
invention, escape frames can replace not only speech frames, but also all other
types of frames, namely SID FIRST, regular SID, NoTX, and speech onset
frames. Considering the case that an escape frame is to be sent during an
inactivity period, it is efficient in terms of transmission resource usage to apply

20 block interleaving, as is done for SID frames. However, since the escape

mechanism is targeted to be used only occasionally, transmission resource usage is



the second half of the escape franme. In order not to interfere with the
regul ar transm ssion of codec node 5 information, the interleaver can
further magoyesi1ek the codec node information code words op-PkhooR@Fist | ONS
of the first stolen speech frane. Consequently, the other codéc node

I nformati on code word is mapped on bit positions of the second stolen
speech frame. Furthernore, the placing of codec node information, i.e.
codec node indication and requests/comands into the codec node field is
done 10 with respect to the codec node information phase during

transm ssion of regular speech franes.-33F, e.g., the first half of the
escape frane replaces a speech frane which would have carried a codec node
indication, then this first half of the escape frane has still to transmt

a codec node i ngitqRd Bt imYtirfint Hideribe FABRY ScolEsficicRe PnshaRRidEalARIs M can
al so be used in 15 conjunction with the above described DITX nechani sm

Thus, according to.the .i.nventio escape fra can. re e t.only
speech franes, ‘fﬂwplﬁ’f@olsdmp Og‘f'ﬂte pl‘hqrg/t%éez ao‘f“?ﬁ‘i%@?@ﬁ&r’r&&%?%ﬁ%#&@?,
regular SID, NoTX, and speech onset frames. Consideri n?ﬁthe case that an
escape frane i sformapehamnel ceding mpdahlock diggenal intsrlesuingowhichtis alsoased firent in
ternms of transm ssion resource usage to apply 20 block interleaving, as is
done for SID fraogs frijeved@ting pedele t he escape nechanismis targeted to be
used only occasionally, transm ssion resource usage is WO 00/ 31996

PCT/ SE99402178 -3 . A biok PRRELAN inEAkivily P es BBl Bies §8hg DTX
implies that there are half bursts not defined by the interleaving. For TCH/AFS,
the odd positions of the first 4 bursts and the even positions of the last 4 bursts
carrying the escape frame are undefined. Undefined bits are no problem per se,
however, the following problem can be solved by setting the undefined positions

10 appropriately. Consider the case of a speech onset. As described above, a speech
onset frame is marked with an onset pattern which both allows for better
identifying the frame as an onset and identifyiﬂg the codec mode used for the onset
speech frame. If an escape frame must be sent at the same time, it will replace the
onset frame. Thus, for subsequent speech frames, it is more difficult to identify

15 them as speech frames, since the onset pattern was stolen.

According to the invention, this problem is avoided by filling the first half
of the undefined bits (odd positions) with the onset pattern, regardless if there is an
onset or not. For the case that there was actually no onset, it needs to be signaled
that inactivity continues. Sending SID_FIRST immediately following the escape

20 frame does this. This defines the second half of the otherwise unused bits (even

positions). This solution is further beneficial in terms of implementation costs. It



conplexity is inportant. Therefore, a beneficial solution is to keep the
frame format, channel coding, and bl ock diagonal interleaving, which is

al so used W@pos@sgape franmes during speech. 5 Note that usigeeg/dHe96ki7s
di agonal interleaving for escape frames during DTX inplies that there are

hal f bursts not defined by the interleaving. For TCH AFS, the odd
positions of the first 4 bursts and the even positions of the last 4 bursts
carrying the escape frane are undefined. Undefined bits are no probl em per
se, however, the follow ng problem can be solved by setting the undefined
positions 10 appropriately. Consider th84-case of a speech onset. As

descri bed above, a speech onset franme is marked with an onset pattern
which both allows for better identifying the frame as an onset and

i denti fyi ng t halews@endiRgeorusepe fdmds h@pa@ﬂﬁ‘@fn chaRRe ebdihs 28ictly bs ﬁﬂt gagape
frame nust be sent at the sane tine, It repl ace the onset frane.

f
nem as spoech Paed EGE, 13 ST Hhulse %F{c‘”calbgé Olbidh it TR g 10 ¢ e

invention, this problemijs avoided byfllllngtheflrst hal f of the
undef i ned bitsTﬁﬁ' Eownd TeHéAHR tespedivebinset pattern, regardliess if there
is an onset or not. For the case that there was actually no onset, it

needs to be signal e?Not¢ tait speeals friastiet ywhioh thave/Bsen sﬁﬂadfdigas&g
i mredi ately foll owi ng the escape 20 franme does this. This i nes the

Seeen B onch i RS R0t Tl CRLED, Ok i R 25k
PCT/ SE99/ 02178 the %Aéech transmission delay. However, SID frames that are affected by the
escape frame transmission can be rescheduled for transmission immediately after
escape frame transmission. Advantageously, this helps to maintain a high
subjective comfort noise signal quality. Example solutions are provided in the
10 above cited GSM 06.93.
In order to ensure correct reception of escape messages and to define
appropriate routines for error events, an escape protocol is proposed. Example
solutions are provided in the above cited GSM 05.09.
Those skilled in the art will appreciate that the present invention is not
15 limited to the specific exemplary embodiments which have been described herein
for purposes of illustration and that numerous alternative embodiments are also
contemplated. The scope of the invention is therefore defined by the claims

appended hereto, rather than the foregoing description, and all equivalents which

are consistent with the meaning of the claims are intended to be embraced therein.



al l ows handling of escape frames, apart from channel coding, exactly as if
it was speech. Figures 13 and 14 illustrate the described solution with
respect towolelid®ES and TCH AHS, respectively. Note that s %ESUO%W?S’
whi ch have been stolen for escape purposes, 5 cannot be reschedul e or
transm ssion after the escape, since this would increase the speech
transm ssion delay. However, SID franmes that are affected by the escape
frame transm ssion can be rescheduled for transm ssion inmediately after
escape frane transm ssion. Advantageously, this helps to maintain a high
subj ective confort noise signal quality:35%xanple solutions are provided in
the 10 above cited GSM 06.93. I n order to ensure correct reception of
escape nessages and to define appropriate routines for error events, an
escape protocol Cigimgr oposed. Exanple solutions are provided in the above
cited GSM 05.09. Those skilled in the art wll appreciate that the present
invention is not 15 limted to the specific exenplary enbodi nents which
have been described herein for purposes of illustration and that nunerous
alternative enbodinents are al so contenpl ated. The scope of the invention
is therefore definedlby tAemethad for peafopmingdisooativaqs traasmission (BT X)Ha a
foregoing description, and all equivalents which are consistent with the
meani ng of the cimmusicatiensisystemdadviiich bairendutaiscidtetlogvedi for trRnRiedicd 86 a
PCT/ SE99/ 02178 -35- C ai ns:

5 first compopent in the system to a second component in the system, the method
comprising the steps of:
detecting periods of source data inactivity; and
transmitting silence descriptor (SID) frames from the first to the
second component during the periods of source data inactivity,

10 wherein certain of the transmitted SID frames are interleaved using

a different interleaving algorithm as compared to that used for source data.

2. The method of claim 1, wherein source data is block diagonally

interleaved, and wherein certain of the SID frames are block interleaved.

15
3. The method of claim 1, wherein the SID frames include comfort
noise (CN) parameters.
4. The method of claim 1, including the steps of:
20 transmitting a first type of SID frame to indicate a transition from

source data activity to source data inactivity;



1. A nethod for perform ng discontinuous transm ssion (DTX) in a

communi cations systemin which source data is interleaved for transm ssion
froma 5 Worgkigenponent in the systemto a second conponegtrigyolohfrs
system the nethod conprising the steps of: detecting periods 01? source
data inactivity; and transmtting silence descriptor (SID) franes fromthe
first to the second conponent during the periods of source data
inactivity, 10 wherein certain of the transmtted SID franes are
interleaved using a different interleaving algorithmas conpared to that
used for source data. 2. The nethod of -86aim 1, wherein source data is

bl ock diagonally interleaved, and wherein certain of the SID franes are
bl ock interleaved. 15 3. The nethod of claim 1, wherein the SID franes

incl ude confort noise ( GMioRRIRTRLAIHirk « HSIBHBOH 86 (Rl Mring dolEleidi ng

the steps of: 20 transmitting a first type of SIDfrane to indicate a
transition fro S e d activity to source data inactivity, WO

00/ 31996 PCT/ S@@@/%&Sty’g@g periodically transmtting a second type of SID
frame during source data inactivity, and transmtting a third type of SID
frame to i ndicate a trangqnﬁ)@ﬁimgé rd type of SID frame to indicate a transition from

source data inactivity to source data activity.

5
5. The method of claim 1, wherein the communications system is an
adaptive multi-rate (AMR) system, and wherein SID frames include codec mode
information in addition to silence description information.
10 6. The method of claim 1, wherein each SID frame includes a bit
pattern to distinguish the SID frame from source data frames.
7. The method of claim 6, wherein the bit patterns are gross bit
patterns.
15
8. The method of claim 1, wherein the source data is speech, and

wherein the communications system is one of a Time Division Multiple Access
(TDMA) wireless system, a Frequency Division Multiple Access (FDMA)
wireless system, and a Code Division Multiple Access (CDMA) wireless system.

20



source data inactivity to source data activity. 5 5. The nethod of claim1,
wherein the comuni cations systemis an adaptive nmulti-rate (AVR) system
and wher eiwoSbBides anes i ncl ude codec nmode information in agseékgf2iR
silence description information. 10 6. The nethod of claim1, wherein each
SID franme includes a bit pattern to distinguish the SID frarre from source
data franmes. 7. The nethod of claim®6, wherein the bit patterns are gross
bit patterns. 15 8. The nethod of claim1, wherein the source data is
speech, and wherein the conmunications systemis one of a Tinme D vision
Multiple Access (TDVA) wi rel ess system37a Frequency Division Miltiple
Access (FDMA) wireless system and a Code Division Miultiple Access (CDVA)
wirel ess system 20 WD 00/31996 PCT/ SE99/02178 -37 9. The nmethod of claim
L (wherein escape fIRES PiembhBASFLLIA], Wherdh ERShe RAREL B BhishfnafBnICS.

and wherei n an escape frame can repl ace source rane, a rane

or a no-transm on 0, The net hod of claim9, wherein SID
franes are bl oc 9333 HM@%& Cli‘a%t?r?a Wﬁé}"@?rﬁme@ceéﬁﬁ’efﬁ%%@hﬁ? g@Rurce
di agonal |y interl eaved.

data frame, a SID frame, or a no-transmission (NoTX) frame.

5 10.  The method of claim 9, wherein SID frames are block interleaved,

and wherein escape frames are block diagonally interleaved.

11. The method of claim 9, wherein the communications system is an
adaptive multi-rate (AMR) system, and wherein an escape frame is used to change

10 a codec mode set.

12.  The method of claim 9, wherein the communications system is an
adaptive multi-rate (AMR) system, and wherein an escape frame is used to change
a phase of codec information.

15

13.  The method of claim 1, wherein active speech source data is block
diagonally interleaved, and wherein unused bits within the interleaving scheme for
a last speech frame are used for a specific bit pattern to mark end of speech, and
wherein unused bits within the interleaving scheme for a first frame are used for a

20 specific bit pattern to mark beginning of speech.



11. The method of claim9, wherein the comuni cations systemis an
adaptive nulti-rate (AVR) system and wherein an escape frane is used to
change 1Gyg o6@fleg node set. 12. The nethod of claim9, wheg @

conmuni cations systemis an adaptive nmulti-rate (AVR) systen1 an mﬁereln
an escape franme is used to change a phase of codec information. 15 13. The
met hod of claim 1, wherein active speech source data is block diagonally

i nterl eaved, and wherein unused bits within the interleaving scheme for a
| ast speech franme are used for a specific bit pattern to mark end of
speech, and wherein unused bits wthin38he interleaving schenme for a first
frame are used for a 20 specific bit pattern to mark begi nni ng of speech.
WO 00/ 31996 PCT/ SE99/02178 -38 14. In a speech conmunications systemin
whi ch speech data ig4. trgaeMNpé@tontiRtRieations g;fst&l?%mﬂfcﬂt EQnaatesond

conponent, a nethod for transmtting protoc nessages o the second
conponent, r1sing,the st transmtting an escape f in place of
a speech dat a”%f‘&ﬁf&l fl omg %E%WWQ%%WEW@?W%C% éé’éeﬂg(?‘{?%attern to

di stinguish the escape frame from speech data franmes and conveying a -

protocol messad@nsmitingrpeoteaol medsages t thie second campordint, ¢omeprisingathe sfepaife
further includes a data field to indicate to the second conponent a

particul ar protocol messag@smitting an escape frame in place of a speech data frame, the
5 escape frame including a gross bit pattern to distinguish the escape frame from

speech data frames and conveying a protocol message.

15.  The method of claim 14, wherein the escape frame further includes

a data field to indicate to the second component a particular protocol message.

10
16.  Ina communications system in which speech data is transmitted
from a first component to a second component, a method for effecting
configuration changes, comprising the step of:
transmitting an escape‘f:rame in place of a speech data frame, the
15 escape frame including a gross bit pa&ern to distinguish the escape frame from

speech data frames and conveying a configuration change indication.

17.  The method of claim 16, wherein the escape frame further includes
a data field to indicate to the second component a particular configuration change

20 to be made.



10 16. In a comruni cations systemin which speech data is transmtted from
a first conponent to a second conponent, a nethod for effecting

confi gur atweryosi@gges, conprising the step of: transmttingp@fsesniapg frane
in place of a speech data frane, the 15 escape frane |nclud|ng a gross bit
pattern to distinguish the escape frame from speech data frames and
conveying a configuration change indication. 17. The nethod of claim 16,
wherein the escape frane further includes a data field to indicate to the
second conmponent a particular configuration change 20 to be made. WO

00/ 31996 PCT/ SE99/ 02178 -39 18. The neBRed of claim 16, wherein the
communi cations systemis an adaptive nulti-rate (AMR) system and wherein
an escape frame is used to change a codec node set. 5 19. The method of

claim 16, wherein theg, conmhemembd @pslaiii I6EWheifthe c@HﬂR&ﬁéﬁﬁoHyéﬁsL ;ﬁuf
(AVR) system and wherein an escape frarre is used to change ase o0
codec informati

of: 10 transm tat(a tb‘%gln %%e%? gt ?@B%gffa’rn;ar%gssgfr O(ﬁwngg ‘fSSIFﬁi g"? ¢ %gELZ

second conponent during periods of source data inactivity, wherein an
escape frame c&f n@g@sa source data frame, a SID

5 19.  The method of claim 16, wherein the communications system is an
adaptive multi-rate (AMR) system, and wherein an escape frame is used to change

a phase of codec information.

20. The method of claim 16, further comprising the step of:
10 transmitting silence descriptor (SID) frames from the first to the
second component during periods of source data inactivity,
wherein an escape frame can replace a source data frame, a SID

frame, or a no transmission (NoTX) frame.

15 21.  The method of claim 20, wherein the SID frames include comfort

noise (CN) parameters.

22.  The method of claim 20, wherein source data frames and escape
frames are block diagonally interleaved, and wherein certain of the transmitted

20 SID frames are block interleaved.



frame, or a no transm ssion (NoTX) frame. 15 21. The nmethod of claim 20,
wherein the SID franmes include confort noise (CN) paraneters. 22. The

met hod of wbabhBied§, Wherein source data frames and escape 351?#?92/ g bl ock
di agonal ly interleaved, and wherein certain of the transmtte 8 § D
frames are bl ock interleaved. WO 00/31996 PCT/ SE99/02178 -40 23. The

met hod of claim 20, including the steps of: transmitting a first type of
SID frane to indicate a transition from source data activity to source
data inactivity; periodically transmtting a second type of SID frane
during source 5 data inactivity; and t#@nsmtting a third type of SID
frame to indicate a transition from source data inactivity to source data
activity. 24. The nmethod of claim 20, wherein the comruni cations systemis

an 10 adaptive nul ti3: r atphe(AMRN 57 SLBAL0 ARCLNRET B ,gg .frames include
codec nobde information in addition to si1enggﬂgescrgﬁe t&'n i nformati on. 25.

A speech conmuni cati ons st em.._conpr.i sing. i rst copponent transmtting
i nterl eaved speech data f%?'( ﬁ@'@m%ﬁg&tlt@%gg%@)oﬁam% fft 2 ragien Hm he
interleaved speech data franes, wherein the first conponent detects
periods of spe&@¥rce da@tactivity taasriree data inactivity;

periodically transmitting a second type of SID frame during source

5 data inactivity; and

transmitting a third type of SID frame to indicate a transition from

source data inactivity to source data activity.

24.  The method of claim 20, wherein the communications system is an
10 adaptive multi-rate (AMR) system, and wherein SID frames include codec mode

information in addition to silence description information.

. 25. A speech communications system, comprising:
a first component transmitting interleaved speech data frames; and
15 a second component receiving the interleaved speech data frames,
wherein the first component detects periods of speech inactivity and
transmits silence descriptor (SID) framés instead of speech data frames during the
periods of speech inactivity, and
wherein at least some of the SID frames are interleaved using a

20 different interleaving algorithm as compared to that used for speech frames.



transmts silence descriptor (SID) frames instead of speech data franes
during the periods of speech inactivity, and wherein at |east sone of the
SI D framesvao@siopd er | eaved using a 20 different interleavipggsogesihg hm as
conpared to that used for speech franmes. WD 00/ 31996 PCT/ SE99/ 02178 -41
26. The nethod of claim25, wherein speech franes are block diagonally
interl eaved, and wherein certain SID franes are block interleaved. 27. A
comuni cations system conprising: 5 a first conponent transmtting source
data; and a second conponent receiving the source data, wherein the first
conponent transmits an escape frame in-$l-ace of a source data frane to
indicate a configuration change to the second conponent, and wherein the
escape frane includes a gross bit pattern to distinguish 10 the escape

frame from source daéa f ThemsethdBof clhien PEtwindeiafspedcdifianset ars\BRERI N t he
escape franme further includes a data field to indicate to the second

cowonent a PaffabGMIB infePRATRAVLAL WABrSD 8RS SHY tRGheTaF e oM interleaved.

27. A communications system, comprising:
5 a first component transmitting source data; and
a second component receiving the source data,
wherein the first component transmits an escape frame in place of a
source data frame to indicate a configuration change to the second component, and
wherein the escape frame includes a gross bit pattern to distinguish

10 the escape frame from source data frames.

28. The method of claim 27, wherein the escape frame further includes
a data field to indicate to-the second component a particular configuration change
to be made.

15



