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_Transmission equipment for an interexchange connection

Field of the Invention _
_ The present invention relates to mobile communica-
tion systems employing spéeéh coding, and in particular to
.trénsmission equipment for interexchange connections.

~ Background of the Invention

Mobile communication networks generally provide

service in a very wide area, which is based on radio
coverage offered by a terrestrial base station network or
satellite repeaters. Base station systems or satellite
terrestrial stations are connected to mobile services
switching centres. A network operator may employ several |
interconnected mobile services switching centres. Further-
more, the mobile services switching centres must have con--

‘nections to the public switched telephone network PSTN and
'to other mobile communication networks in wvarious coun-

tries. Normally; interexchange digital connections are
provided through which'speech and data are transferred in
64 kbit/s PCM (Pulse Code Modulation) ‘channels. These
connections may be fixed or semi-fixed, or they may be
establiShed for each call individually. The.fixed or semi-
fixed connéctidns_are purchased and leased connections. In
each case, it is important to'the_operatdrs.to optimize
the utilizatioh_of the connection capacity and to minimize -
the costs arising therefrom. _

One way of realizing this is to multiplex several
calls into a PCM channel. Since there is a standard  PCM
interface between the exchanges, through which e.g. spee¢h
is transferred in the form of 64 kbit/s PCM samples, this
requires speech compression, i.e. speech céding to a lower
rate, and decompression_at the ends of the connection.
Compression equipment is complex and causes compatibility
and signalling probiems at the interexchange interfaces.
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Furthermore, speech coding to.a low rate will inevitably
deteriorate speech quality in”comparison with 64 kbit/s
PCM coding and is therefore not always an acceptable |
solutlon. . ' .
In dlgltal mobile communication systems, also the

- entire speech and data transmission is digital. As far .as

the mobile communication network is concerned, the most
limited resource is the radio path between the mobile sta- .
tions and the base stations. To reduce the bandwidth. re- .
quirements of a radio connection in the radio path, speech
transmission utilizes speech enCoding_affording'a lower
transmission rate, for example 16 or 18 kbit/s instead of
the'64 kbit/s transmission rate typically used in tele-
phone networks. Speech encoding, which is based on repres-
enting speech as parameters, will be generally termed vo-
coding (speech encoding) herein in distinction to PCM

. coding. Both sides of the radio interface, i.e. both the .

mobile station and the flxed.netwozk end, have a speech -
encoder and a speech decoder. The speech coder on the net-
work side is sometimes  also termed a transcoder. The
transcoder may be accommodated in. several alternative
locations, for example at the base station or in the

‘mobile services switching centre. The transcoder is often’

located remote £from the base station in a ‘'remote
transcoder unit'. In ‘the latter case, speech encoding
parameters are sent between the base station ‘and the

‘transcoder unit in specific frames.

In each mobile termlnatlng or mobile orlglnatlng
speech call, a transcoder is connected to the speech con-
nection on the network side. The interface of the trans-
coder towards the mobile services switching centre is 64
kbit/s. The transcoder decodes the mobile originating
speech signal ({uplink direction), vocoded into a 8/16
kbit/s transmission channel, to a rate of 64 kbit/s, and

encodes the mobile terminating 64 kbit/s speech signal
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~ {downlink direction) to a rate of 8/16 kbit/s. Hence, also

speech guality is lower than in a normal telephone -
network. _ | o ;
However, compression equipment at interexchange
connections would further degrade speech quality; This is
due to tandem speech_coding: encoding at the mobile sta-
tion, décoding in the transcode:,.encoding'in first com-
pression equipment, and decoding in second compressioﬁ
equipment. In such a case, one party of the call is a
mobile station and the other a subscriber of a public
switched telephone network (PSTN), for instance. _
| If the call takes place between two mobile sta-
tions (Mobile to Mobile Call, MMC), even multiple_speech'
coding may be performed. In such a case,there is a trans-
coder on the connection between the calling mobile station
and the mobile services'_switching' centre, and, corre-
spbndingly, a second transcoder between the called mobile
subscriber and the (same or another) mobile services
switching centre. These transcoders are then intercon-
nected through the connection between the mobile services
switching centres as a result of normal call switching. In
other words, for each MMC call there are two transcoder

- units in series connection, and speech encoding and de-

coding are performed twice for the call. So far, tandem
coding has not been a major prbblem because relatively few
calls have been MMC calls. However, as the number of
mobile stations increases, the number of MMC calls will

"also be higher and higher. One speech compression oper-

ation on the interexchange connection would worsen the
situation by increasing the number of speech coding oper-

'ations to three. If the'éall has to be routed via several

mobile services switching centres and via compressed
intermediate connections, the number of speech encoding

operations may be multiplied.



WO 97729566 - PCT/FIOT/00062

10

15

20

25

30

35

4

Brief Summary of the Invention
The object of the. present invention is novel'
transmission equlpment for optimizing 1nterexchange con-
nections. ' .
The invention relates to transmission'equipment

for a connection between neéetwork elements, such as ex-

changes or base station controllers, the transmission_
eguipment being intended to be connected to a number of
inbound PCM transmission channels from a network -element
for rece1v1ng a speech sxgnal from each PCM transmission
channel and for transferrlng said speech signal to another

‘transmission equipment via an interconnecting . PCM 1link

having a transmission capacity lower than said number of

" PCM transmission channels received from ;he network ele-

ment. The equipment is characterized in that
the speech signal between the network element and
the transmission equipment is either a pure PCM coded

speech signal or a PCM coded speech signal in which one or =

more least significant bits of the PCM samples provide a
subchannel for lower-rate vocoded speech, _
said-interconnecting PCM link has one or more PCM
channels in which bits of the PCM samples provide -two or
more subchannels in each of which lower-rate vocoded
speech or data can be transmitted,
- the transmiSsion'equipment is arranged, ih.res-_
ponse to the fact that the speech signal of the PCM chan-
nel received from the network element is a PCM coded

-speech signal containing said subchannel, to multiplex the_

content of the subchannel into one of the subchannels in
said interconnecting PCM link, s |

the transmission equipment is adapted, in responsee
to the fact that the speech signal received from the net-
work element is a pure PCM coded speech signal, to encode
this PCM coded speech signal into a lower-rate vocoded

speech signal and to multiplex the vocoded speech signal"
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into one of the subchannels in said interconnecting PCM
link. .

.. The invention also relates to a method in accord-
ance with Claim 10 for transferring digitally. encdded
speech between network elements, such as exchanges or base
station controllers, in a mobile communication system.

In the present'invention, both endé of the con?

nection between network elements in a telecommunication

network, such as exchanges or base station controllers,
are provided with a transmission_equipment connected to
the respective one of the network elements with PCM chan-
nels. Preferably at least one of the exchanges is a mobile

~ services switching centre. Speech conveyed between the ex-
-change and the compression equipment is either pure PCM

coded speech, or PCM coded speech in which one or more

least significant bits of the PCM samples provide a sub-

channel for -lower-rate vocoded speech. This subchannel
contains the same speech information as the PCM samples,
but in the form of speech parameters of the vocoding
method-émploYed by the mobile communication system. Bet-
ween the tranSmission-equipment, one PCM channel  carries
several subchannels. The transmitting compression equip-
ment analyzes the 'speech._signal received from the ex-
change. If the _spéech signal contains a subchannel of

.vocoded speech, the content of this subchannel is multi-

plexed into one of the subchannels in the PCM channel bet-

‘ween the transmission equipments. For a case where the

speeéh signal.contains'only PCM coded speech the trans- -
mission equipment includes a transcoder unit encoding the
PCM coded speech by the vocoding method of the mobile
communication system. This gives a lower-rate vocoded
speech signal that is then multiplexed into one of the
subchannels in the PCM channel between the compression
equipments. ' | ' ' '

The receiving transmiésion equipment comprises a.
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transcoder decodlng the vocoded speech 51gnal received
from each subchannel into PCM samples in accordance with
the vocoding method ‘employed by the mobile communication

‘system. In addition, the transmission equipment inserts

the vocoded speech content of the subchannel into one or
more least significant bits of the PCM samples without de-
coding. Thereafter the PCM samples and the vocoded sub-

'_channel ‘therein are transferred via a dedlcated PCM chan-
‘nel to the exchange.

The invention affords significant savings in:
interexchange connections. For instance, if one subchannel
utilizes one bit in a PCM sample, 8 speech signals can be
multiplexed into the PCM sample. Hence, the number of

requisite . interconnecting: PCM 1links 1is considerably

reduced, e.g. from 7 to 1, as some of the time_slots are

‘utilized for signalling.

_ Since there is a normal PCM 1nterface between the_'
exchange and the transmission equipment of the invention,
the equipment is suited to all interexchange PCM links
without any compatibility problems. The saving in the
number of intercohpecting links is achieved even though
the lower-rate vocoded subchannel "hidden"” in the PCM
ceded speech is not utilized elsewhere. In that case,
however, compression will cause deterioration of speech

‘quality, as described above.

In any case, the vocoded subchannel "hldden" in
the PCM coded speech permits preventlon of multlple speech
coding if the transcoder of the mobile communication sys-

' tem is capable of utilizing it. The Applicants' co-pending

PCT application W096/32823 discloses one such transcoder
having: prevention of ‘'tandem coding'. An MMC call is
established by normal procedures in such a way that the
dohnection has two transcoders in tandem configuration.
The speech transferred between a transcoder and a mobile

‘station is encoded by a vocoding method which reduces the
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transmission rate. Both transcoders carry out the normal

transcoding operations on the speech, decoding it in one .
trénscoder into normal digital pulse code modulated (PCM)
speech samples which are forwarded to the second trans-
coder and encoded therein by said vocoding methOd. In the

- subchannel provided by one or two least significant bits

of the PCM speech samples, speech information in accord- .
ance with said vocoding method, which is received from the
mobile station, is simultaneously transferred. The in-

formation comprises speech parameters on which no trans-.

coding Operations'(encoding and decoding) are carried out
in either of the tandem-connected transcoders. The receiv-

- ing transcoder primarily selects the speech information

that is in accordance with this vocoding method to be

‘transmitted over the radio interface to the receiving

mobile station. Consequently, vocoding is carried out:

f_primarily'in the mobile stations only, and the vocoded

speech -information - i.e., speech parameters - is passed
through the mobile communication network without tandem

.coding;' which will improve speech quality. When the

rece1v1ng transcoder cannot find vocoded speech informa-
tion in. the least sxgnlflcant bits of the PCM speech

- samples, the speech information to be transmltted over the

radio interface is encoded in the normal manner from the

-PCM speech samples

If. the transmission equipment of the present
invention receives PCM samples including vocoded speech

-information in the least significant bits from a trans-

coder of the above type, the transmission equipment for-
wards this vocoded speech information to a subchannel in
the 1nterconnect1ng PCM link without transcodlng The
second transmission equipment decodes the PCM samples from

" the vocoded.speech information received from the subchan-
nel, and'the_vocoded'speech information is inserted into

the least significant bits of these PCM samples without
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decoding. If also the second transcoder supports tandem

" prevention, it forwards the vocoded speech information to
“the mobile station without decoding or encoding. Hence,
‘the transmission equipment in accordance with the inven-
:tion will not cause extra vocoding or_deterioration of

speech quality in an MMC call. If the other party, e:g. a
subscriber in a PSTN network, does not support tandem pre-

‘vention, it utilizes PCM samples decoded by the other

transmission equipment. In the reverse direction, the
second transmission equipment voencodes PCM samples re-

celved from the PSTN. network and transmits the vocoded -
_speech information to the interconnecting PCM link. The

first transmission equipment and transcoder forward the
vocoded speech information as such to the mobile station.

‘Also in this case, the transmission equipment do not cause

extra vocoding, as the encoding and decodlng are only per-
formed at the mobile station and in the second transmis-
sion equlpment.

The transm1551on equipment in accordance with the

invention does not affect exchange messaging or outbound

voice mail calls. This is due to the fact that these in-
volve normal PCM signals on which compreSSion in accord-
ance with the 1nvent10n is performed for the 1nterexchange
transmission. '
In one embodiment of the 1nventlon, the transmis-
sion equipment of the 1nventlon -supports two or more types
of vocoding employed by the mobile communication system.
The transmission equipment’ in accordance with the inven-
tion may select the vocoding method to be employed in the
1nterconnect1ng PCM ' link’ by identifying the vocoding
method employed in the subchannel at the PCM interface
between the exchange and the. transmission ‘equipment. If
this PCM ;nterface does not have encoded speech, - the
transmission equipment may use a preselected vocoding

method as'default.'If, for example, two mobile stations
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have selected different vocoding methods in a call, the
transmission equipment can perform conversion on the

.encoded speech from one vocoding method to another in at
' least one transmission direction. It is possible that the

conversion is performed by a TRAU ‘unit in the other
transmission direction. Let us assume by way of example
that the first type of vocodlng enmployed at the PCM
interface of the exchange is different from the vocodlng
method employed in the interconnecting PCM link. In such a
case, the transmission equipment will decode the speech
information received from the exchange, which is in
accordance with the first vocoding method, into a linear
PCM sample or applles the received PCM samples directly,

‘the samples being then ‘encoded into speech information in-

accordance with the second vocoding method.. leferent_
vocoding methods often have different bit rates, cf. for
example GSM full rate vbcoding (transfer rate typically 16

"kbit/s) and half rate vocoding (transfer rate typically 8

kbit/s). In this case, the interconnecting PCM links may
compriseefo:_example four 16 kbit/s subchannels that may
transfer 8 kbit/s or 16 kbit/s speech information, for

example. It is also possible that on the interexchange

connections, some of the transmission equipment and inter-

‘connecting lihks are adapted to employ full rate vocodihg

only, and some of the transmission equipment and intercon-
necting links are adapted to -employ half rate vocoding

:Data'may also be transferred through transmission
equlpment ln accordance with the present 1nventlon In_
that case, the transmission equlpment is prov1ded with the
necessary rate adaptation functions.

Brief Descr;pt;on ‘of the Drawlngs
The - invention will be explained in the following

by means of preferred embodlments with reference to the
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accompanying drawzngs, in which

Figure 1 shows a mobile communlcatlon system in
accordance w1th the lnventlon, ' _

Figure 2 shows a TRAU speech frame in accordance
with GSM recommendation 8.60,

Flgures 3a and 3b illustrate the forming of sub-

. channels in least significant bits of a PCM sample,

Figure 4 illustrates the 1nsertlon, in accordance
with the 1nventzon, of the TRAU frame of Flgure 2 into 160
successive B-bit - PCM samples,

Figure 5 is  a ‘block dlagram illustrating the'
transfer of signals of seven PCM channels via one lnter-
connecting PCM 1link by transm1551on equlpment of the
1nventlon, '

Figures 6a and 6b 1llustrate the formlng of sub-
channels in least significant bits of a PCM sample in a

 PCM channel between the transmission equipment,

Figures 7 and 8 are block diagrams illustrating
the operation of the transmission equipment at the differ-
ent ends of the interconnecting PCM link.

Preferred Embodiments of the Invention
The present invention is applicable to any moblle

-communlcatlon system which utilizes digital speech trans-

mission and speech encodlng technigues reducing the trans-
mission rate. - |

One example is the Europeah digital cellular
mobile communication system GSM (Global System for Mobile
Communications) which'is becoming ‘a world-wide standard
for mobile communication systems. The basic elements of .
the'GSM system'afe described in the GSM recommendations.
For a closer description of the GsSM systeﬁ, reference is
made to the GSM recommendations and "The GSM System for
Mobile Communications” by M. Mouly & M-B. Pautet,
Palaiseau, France 1992, ISBN: 2—9507190—0-7. -
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. The GSM and its modification DCS 1800 (Digital
Communication System) which operates in the 1800 MHz

frequency range are the primary targets for the invention,
but it is not intended ‘that the 1nventlon be restricted to

 these systems.

Figure 1 very brlefly descrlbes the basic elements
of the GSM system. A mobile servrces switching centre MSC
handles the connecting of inbound and outbound calls. It

" performs functions similar te_those of an exchange of a

fixed network. In addition to these, it also performs
functions characteristic of nwbile_communications only,
such as subscriber location management. Mobile radio sta-
tions MS, i.e. mobile units; are connected to the exchange
MSC by base station’ systems. A base station system con-
51sts of a* base station controller BSC and base stations
BTS. One base station controller BSC is used to control

several base statlons BTS.

The GSM system is entirely digital, and speech and_
data transmission are also carried out entirely dlgitally,

‘which results in uniform quallty of speech. In speech

transmission, the current speech encodlng method in use is
RPE-LTP (Regular Pulse Excitation - Long Term Prediction),
which utilizes both short-term and longeterm prediction.
The encoding produces LAR, RPE and LTP parameters which
are sent instead of the actual speech. Speech transmission
is dealt with in the GSM recommendations in Chapter'G, and
speech encoding partlcularly in Recommendation 06.10. In
the near future, other encoding methods such as half rate
methods and reduced full rate coding will be employed;
with these the present invention can be used as such. As
the present invention does not relate to the actual speech.

~ encoding method and is independent ‘thereof, no speech
encoding method will be  described in further detail
~ herein. The speech encoding method will also be termed

vocoding (voice coding) in the present appllcatlon in
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distinction to normal PCM coding.

Naturally, the mobile station must have a speech
coder and decoder for speech coding. As the implementation
of the mobile station is neither essential to the present

‘invention nor unigue, it will not be described more

closely in this context.
On the network side, various functions relating to
speech encoding and rate adaptation are integrated in a

transcoder unit TRAU (Transcoder/Rate Adaptor Unit). The

TRAU may be accommodated in several alternative locations

~in the system according to choices made by the manufac-

turer. The interfaces of the transcoder unit include a 64
kbit/s PCM (Pulse que Modulation) interface towards the

‘mobile services switching centre MSC. (A interface), and a
16 or 8 kbit/s Abis interface towards the base station

BTS. _
' In cases where the transcoder unit TRAU is piaced
remote from a base station-BTS, informationlis sent at the .
Abis interface between the base station and the transcoder

" unit TRAU in 'TRAU frames'. A TRAU frame includes 320 bits
- according to Recommendation 08.60 and 160 bits accdrding

to Recommendation 0.61. There are presently four different

. frame types defined according to the information content

of the frame: speech, operations/maintenance, data, and
tidle speech frame'. A transcoder unit placed remote from

"the base station BTS must receive information on the radio

interface for efficient decoding. For such control and
synchronization of the transcoder, a special kind of in-
band signalling is used on the 8 or 16 kbit/s channel
between the base station and the transcoder unit. This
channel is also used for speech and data transmissions.
Such remote control of a transcoder unit is described in
GSM Recommendations 08.60 (16 kbit/s channel) and 08.61 (8
kbit/s channel). ' _ ' '
Normally, only PCM coded speech is transmitted at



WO 97/29566 - : : " PCTIFI97/00062

10

15

20

25

30

35

13

the A interface between the transcoder TRAU and the_MSC.
In that case,'the transcoder TRAU can perform the trans-
coding between vocoded speech and PCM coded speech.

_ The ”Applicants'- co-pending PCT application
WO96/32823 discloses an improved transcoder TRAU,'which

besides performing the normal transcoding operations from
.~ vocoded speech into PCM coded speech also transmits speech

information received from the mobile station, which is in
accordance with said vocoding method, i.e. speech para-
meters on which no transcoding operation (decoding) is

"performed, in the subchannel formed by one (8 kbit/s capa-
~city) or two (16 kbit/s capacity) least significant bits

of the PCM speeéh samples. Likewise, in the other trans-

' mission direction the :transcoder receives vocoded speech

from the subchannel contained in the PCM samples of the A

- interface, said speech being transmitted to the Abis

interface without any transcoding operation (encoding).
When an MMC call involving two such transcoders in tandem
configuration is switched, . each transcoder actually only
relays vocoded speech, possibly modifying or replacing
parameters but not performing any extra vocoding. In con-
sequence, vocoding is normally only carried out in the
mpbilé station MS, whereby tandem coding is avoided and
speech Quality is improved.:The implementation and oper-
ation of this improved transcodér has been disclosed in

greater detail in the above PCT application.

Hence, two types of signals may appear at the A

interface: 1) normal 64 kbit/s PCM, 2) PCM wherein one or
' two least significant bits of the PCM samples provide a

Subchannel_fo: vocoded speech (or data). The transmission
of vocoded speech in the 1east-si§nificant bits of a PCM
sample is illustrated in Figures 3A and 3B. Figure 4

further illustrates one possible way of inserting the TRAU
frame of Figure 2 into 160 successive B-bit PCM sampies.

- Two bits of the TRAU frame are inserted into each PCM
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sample in place of two least significant bits of the PCM
sample in accordance with Figure 3A. PCM samples 1-8 con-
tain synchronization zeros, PCM samples 9-18 control bits
C1-C15, PCM samples 19-155 data bits, and PCM samples 156-
160 control bits C16-C21 and T1-T4. The six most
significant bits of the PCM samples are original-bits of
the PCM speech sample (marked with the symbol x). In the

]example of Figure 3A, the transfer rate .of the PCM coded

speech is 48 kbit/s and that of the subchannel 16 kbit/s.
If the subchannel is implemented with one bit, as in Fig- -
ure 3B, the transfer rate of the PCM coded speech 1s 56
kblt/s and that of the subchannel B kbit/s. -

The mobile servxces switching centre MSC switches

‘the calls at a nominal transfer rate of 64 kbit/s, irres-
‘pective of whether the slgnal to be connected is of type

1) or. type 2). _ _

' In a conventlonal mobile communication network,
also the 1nterexchange links comprise one .64 kbit/s PCM
channel for.each'signal.of the A interface. Interexchange
1inks'in this context mean both links between mobile ser-
vices switching centres MSC and links between a mobile
services sw1tch1ng centre MSC and a gateway mobile ser-
vices sw1tch1ng centre GW in a publlc switched telephone
network. As stated previously, for reasons of economy it
would be advantageous to optimize the requlred capac1ty on__
the interexchange connections. : .

In accordance with the invention, the exchanges_
are intetconnected_with a pair of transmission equipments
in such a way thatithete is one'equipment at both ends of

the connection, as shown in Figures 1 ‘and 5. These . -~

transmission equipment are_termed compression equipment
TRACU (Transcoding and Rate Adaptation Compressor Unit) in
the present descripticn. Speech is transmitted between the
MSC (GW) and the TRACU similarly as at the A interface,
i.e. either as pure PCM coded speech (type 1) or as PCM
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 coded speech cohtaining a subchannel of vocoded speech. At
least one 64 kbit/s PCM chamnel is provided between the

TRACUs, in which speech is always transmitted as vocoded 8

"kbit/s or 16 kbit/s speech in one or two bits of the PCM

sample. The- prznc;ple is the same as shown for interface A
in Figure 3, but now all bits of the PCM sample are used
as subchannels and no PCM coded speech is transmitted.
Hence, for example two least significant bits form one 16

kbit/s subchannel, two next more'significant bits a second
.16 kbit/s subchannel, two next more significant bits a .
third 16 kbit/s subchannel, and the two most significant
bits a fourth subchannel, as illustrated'in Figure 6B.

cOrrespondlngly, each PCM bit can form one 8 kbit/s sub-

channel, as shown in Figure 6A. The same PCM channel may -

also contain both 8 kbit/s and 16 kbit/s subchannels. In
this way, the TRACUs can multlplex 1- 8 PCM bit streams of

‘the A interface into one PCM bit stream for communlcatlon
" between the TRACUs. In the example of Flgure 5, TRACUl and_

TRACU2 multiplex 7 PCM lines of the A interface into one
PCM line (compre551on ratio 1:8, transmission ratio 1:7).
Speech transferred between ‘the exchange MSC and -
the compre531on equlpment TRACU is elther pure PCM coded
speech or PCM coded speech in which one or more least.
significant bits of the PCM samples form a subchannel of
lower-rate vocoded speech as shown in Figures 3A~ and 3B. .
The following will describe the operation of com-
pression equipment in accordance with the invention in
transmitting a speech signal in one direction MSC1-TRACUl-
TRACU2-MSC2. In the reverse direction, the transfer takes

" place in a similar manner..

TRACU1l analyzes the speech 51gnal recelved from
the exchange MSC1 in each PCM channel. If the 51gnal con-
tains a subchannel for vocoded speech, the content of the
subchannel is multiplexed into one of the subchannels in
the PCM channel between the TRACUs. If the speech sigﬁal
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contains only PCM coded speeéh, TRACU1 encodes the PCM
coded - speech by the vwvocoding method: of the mobile
communication system. This will give a lower~-rate vocoded
speech signal which is multiplexed into one of the sub-

'channels in the PCM channel between the TRACUs.

Figure 7 shows a block diagram representing the

operations of a transcoder TRACUl. In accordance with GSM o

Recommendation 8.60 or B8.61, synchronlzatlon block 71 of
TRACU1 contlnuously searches for synchronization in the'
subchannel in the,PCM-samples received from the A inter-
face, i.e. in the one or two least significant bits.

" Synchronization with the TRAU frames takes place by means

of the sYnchronization zeros and ones in the frames. At

~the beginning of the call when synchronization has not -

been fQund yet, or during the call when synchronization
has been lost, reception of a sufficient number of TRAU
frames is awaited in order to ensure that a 8 or 16 kbit/s
subchannel'céntaining TRAU frames has truly been found,
and not merely a synchronization pattern randomly produced

- by the least significant bits of normal PCM samples.

Synchronization with the frames is carried out contlnu—

ously. : o :

Separation block 72 sepérates the PCM . speech

samples to encoding block 73 and the TRAU frames to pro-
- cessing block 74.

- The encoding block 73 performs encoding of the PCM

‘speech samples into speech encoding parameters of the

lower rate speech encoding method in full accordance with '
the GSM recommendations. The encoding of the PCM samples
takes place continuously regardless - of whether syn-
chronization with TRAU frames has been achieved or not.
If synchronization with TRAU frames has not taken

.place, or verification or synchronization is awaited, the

speech coding parameters that have been encoded from the
PCM speech samples are forwarded from the encoding block
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73 to a frame building block 75. The building block 75 in-
serts the speech coding parameters into TRAU_ffames in
accordance with GSM Recommendation 08.60 or 08.61 for
transfer to TRACUZ.

If synchronlzatlon w1th TRAU frames has taken
place, the speech codlng parameters are not forwarded from
the encoding block 73 to the frame building block 75.
Instéad the bulldlng block 75 is supplied with the TRAU
frames received from the A interface, ‘which TRAU frames
have possibly been processed in supplementary processing
block 74. The_building block 75 produces TRAU frames in

accordance with GSM ‘Recommendation 08.60 or 08.61 to be
 forwarded to TRACU2. As no speech encoding is carried out,

the TRAU frames to be forwarded contain essentially the

' ‘same speech parameters and control data as the TRAU frames

received through the A interface. The supplementary
processing block 74. does,-however, check the control bitsn

and other bits of the TRAU frame received from the A
lnterface and may, dependlng on their content, carry out .

supplementary functions which may change the content. of.
the TRAU frames that are sent to TRACU2. -

| The = operations performed by the supplementary
processing block 74 are not essential to the actual inven-
tion. They may be necessary for the tandem prevention

" operation of -the transcoder units TRAUl and  TRAU2. The

processing possibly needed is similar to that descrlbed 1n
the above application. . ' O

The above-descrlbed blocks 71-75 are for process-.
ing a speech signal of one inbound PCM-  channel of the A

interface. Corresponding blocks 71-75 exist for each in-

bound PCM channel of the A interface. o _

From frame building blocks 75, the TRAU frames are
forwarded to multiplexing block 76. The multiplexing block
76 inserts the TRAU frames received from the different

- building blocks into different subchannels Chl-Ch7 of the
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interconnecting PCM 1link, i.e. into bits of the PCM
sample, for examplé in accordance with Figure 6A. The PCM
samples formed are sent to TRACUZ.
" TRACU2 decodes the vocoded speech signal received
from each subchannel into PCM samples in accordance with.

the vocoding method employed.by'the mobile communication

system. Furthermore, TRACUZI_inserts the vocoded. speech
content of the subchannel into one or more least signifi-
cant bits of the PCM samples without decoding. Thereafter
the PCM samples and' the vocoded subchannel therein are
transferred via the dedicated PCM channel of the A inter-
face to the exchange MSC2. ' '

' Flgure 8 shows a block diagram lllustratlng the_
operatlons of TRACUZ2. Demult1plex1ng block 81 receives PCM’
samples via the interconnecting PCM link from TRACU2. The .
demultipilex:i.ng "block 81 demultiplexes the TRAU frames,
i.e. the different PCM bits, of the different subchannels
Chl-Ch7 into- respectlve proce551ng blocks 82. The 51mplest
constructlon for the processing block 82 is a divider
d1v1d1ng the TRAU frames to speech decoding 83 and supple- .
mentary processing 84. The operation of block 82'_may,
however, also comprise some or all of the operations
specified in the GSM recommendations for the transcoder
unit TRAU upon rece1v1ng TRAU frames from the base station

. BTS.

Speech decoding 83 is in accordance with the GSM
recommendatlons, and produces from the speech coding para-
meters a digital speech signal which is applied to pulse'
code modulation (PCM) block 85, which converts the digital
speech signal tc a bit rate of 64 kbit/s by means of pulse
code modulation (PCM) in _accordance with e.g;' CCITT
Recommendations  G.711-G.716. The pulse code modulation
(PCM) at a‘ rate of 64 kbit/s functions in such a way that
the speech signal is:sémpled every 125 microseconds, i.e.
the rate of sampling is 8 kHz, and the amplitude of each

[+
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sample is quantized into an 8-bit code by using A-law or
u-law codlng
'  The supplementary processmng block 84 produces a
TRAU frame in accordance with GSM Recommendation 08.60 or

08.61 to be forwarded to block 85. As decoding is not per-

formed, - the TRAU frames that are forwarded to block B85
comprise essentially the same speech parameters and con-:
trol data as the TRAU frames received from TRACUL. Block
84 may, however, check the control bits and other bits of

the received TRAU frame and may, depending on ‘their

content,. carry out supplementary functions which may
change the content of the TRAU frames. The operations per-
formed by the supplementary processing block 84 are not

: essential to the actual invention. They may be necessary

for the tandem prevention operation of the transcoder

'_sunlts TRAUL and TRAU2. The processing possibly needed is

similar to that descrlbed in the above- stated patent

-application.

'Block 85 comblnes the TRAU frames to the PCM block

“into the PCM speech samples by 1nsert1ng the TRAU frames

into a "subchannel" formed by the least 51gn1f1cant bit (8 -

kbit/s) . or two least significant bits (16 kbit/s} in

accordance with Flgures 3A and BB. Block 85 forwards the
PCM samples via the respectlve PCM channel of the 2 1nter—

;face to MSC2.

TRACU2 comprlses separate blocks 82-85 for each

| PCM channel of the A interface.

For ‘the reverse transmission dlrectlon MSC2-
TRACUZ—TRACUl—MSCl TRACU2 comprises blocks in. accordance

with Figure 7 and TRACUl comprises blocks in accordance

with Figure 8.

In the primary embodiment of the invention, the
TRACUs handle either full rate (16 kbit/s) or half rate (8
kbit/s) vocoding operations, several of which may exist at'
the same rate. '
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TRACUs in accordance with a second embodiment of

_ the invention are capable of handling both vocoding rates

of the GSM network. The TRACU selects the vocoding it
employs on the basis of the vocoding of the TRAU frames of
the A interxface. An'exception is a situation where the
vocoding of TRAU frames received from the A 1nterface is

‘different from the vocodrng of TRAU frames received from
‘the second TRACU. ‘This means that the parties to the call

employ different vocoding methods. In that case, the TRACU
receiving half rate TRAU frames from the A interface
changes over to full rate vocoding -and performs - the
necessary decodihg from full rate vocoding to PCM samples

"and encoding from PCM samples to full rate vocoding. This. -

will, hdwever, cause tandem vocoding between the different

_vocoders, which-will.deteriorate'speech'quality. There-

fore, the TRACU marks the type of vocoding employed by the
TRAU frames of the A interface on the control bits of the
full rate TRAU frames it is sending to the other TRACU. In

‘this way, the other TRACU and TRAU are informed of the

preferred. vocoding method. In that case, the TRACU can
change the vocoding if the coding in the TRACU units is
changed to be the same, as a result of which conversion

" and resultant tandem coding can be avoided. Fuil rate

coding has been selected as the primary coding method bet-
ween the TRACUs .on account of its better tandem

properties.

- If block 71 in the TRACU does not receive TRAUJ
frames from the A interface {in other words, receives only
PCM-coded speech), the TRACU employs full rate vocodrng as__

‘default.

In the prrmary embodrment of the lnventlon, the
TRACU may ‘also incorporate a timer 87 controlling the PCM
block 85 to discontinue forming of a subchannel and send-
ing of TRAU frames to the A interface (Figure 8) if the
synchronization block 71 of that TRACU (Figure 7) has not
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'received TRAU frames from ‘the A interface during a

predetermined period of time. More precisely, block 85 of
the TRACU (as well as the TRAU unit) sends TRAU frames in
a PCM subchannel to the A interface (in the direction of
the MSC) at the beginning of each call, each time the TRAU
synchronization of the A interface is lost and each time
the speech coding method is changed, i.e. when for ins-
tance a handover from full rate vocoding to'halfjrate

vocoding or vice versa is performed. Simultaneously as

block 85 starts sending TRAU frames, it starts the timer
87. The 5ynchronization block 71 monitors whether TRAU
frames are recelved in a subchannel of the A interface in

'the upllnk direction. If the synchronization block 71 of

the TRACU (or TRAU) is receiving TRAU frames in the PCM

' subchannel before the timeout monitored by the timer 87
" has expired, the timer 87 is restarted. As a result, itsik
- -control signal to block 85 remains in'a'mode permitting

continued sendlng of TRAU frames to the subchannel at the

A 1nterface I1f, on the other hand, the synchronlzation

unit 71 does not receive TRAU frames in ~the subchannel
prlor to the explry of the timeout monitored by the timer
87, the mode of the control signal of the timer 87 is
changed into disable mode. When the control signal is in.

disable mode, block 85 stops'sending TRAU frames in the

subchannel to the A interface. In that situation, normal
PCM samples are sent to the A interface. The timer 87 is
used in order for the PCM samples to be sent to the A

interface not to be ﬁnnecessarily corrupted in cases where

it is not'appfopriate to send a subchannel (as the other .

end does not have equipment to receive TRAU frames). The

- synchronization unit 71, however, continuously monitors

the PCM samples received from the A interface, and if it
receives TRAU'frames.in the PCM subchannel, the timer 87
is restarted. As a result, the control signal of the timer'
87 is changed into transmission mode, whereupon block 85
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starts sending TRAU frames in the PCM subchannel of the A
interface. Thus,. the subchannel can be taken into use

immediately when there is eqguipment capable of processing

TRAU frames at the other end. The timeout may be from a
couple of seconds to a couple of tens of seconds.

During the call, loss of synchronization may be
arise for example from the fact that the MSC switches a
signalling tone or an announcement for a few seconds to
the A interface. In that case, the received signal is

. composed of PCM samples only, and synchronization is lost

in the A interface. However, on account of the time
control in accordance with the _'invention-, the TRACU is

-still sending frames to the A interface, and when the MSC

discontinue's the '_sign'alling" tone or announeement, the
tandem prevention mode is started immediately when a

- number of frames required for synchronization has been

received. Another example is a handover whereln a TRAU

unit not support:mg tandem preventlon is replaced by

another TRAU unit. If _:.n that case both the TRAU and the

- TRACU siz'pport’ ‘tandem prevention, the tandem prevention
‘mode is started immediately when the number of frames
'_'required for synchronization has been ‘received. At the
. beginning of the call, there must _be a predetermined
period of time for sending of TRAU frames, e.g. 20
~seconds, as the_actuél interconnection of the TRAU and

TRACU is made only after the called ‘subscriber has
responded .and therefore the TRACU (or TRAU) starts -
rece1v1ng TRAU frames from the A interface only there-
after. Also in the middle of the call the monitoring

_per:l.od is preferably about 20 s, as it is presumed that

the majorlty of temporary interruptions 1n the frames of
the A 1nterface are shorter than this. '

Although the optimization of interexchange connec-
tions in accordance with the present invention has been
described :Ln detail above, some exemplary' cases of
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differeﬂt call situations are given in the following.

Mcbile to mobile calls (MMC)

Let us assume initially that MS1 in Figure 1 is a
full rate MS and MS2 is also a full rate MS. TRAUl starts
normal.full rate operation and starts sending full rate
TRAU frames in the A interface direction, i.e. to the.

‘compression equipment TRACUl. When TRACUl receives these
' TRAU frames, it Starts sending full rate frames to the A

interface, and a tandem preventive connection has been
formed between these units. TRACU2 performs a similar

procedure w1th TRAU2, and after this there is a non—tandem_

connection between the mobile statlons MS1 and MSZ as both

TRACUs are now transferring full rate frames.

" If MS1 and MS2 are half rate mobile Statidns Ms;.

.~ the situation is sllghtly more compllcated TRAUl starts

normal half rate operation and also starts sending - half

‘rate frames in the A interface direction to TRACUl. When

TRACUl receives these TRAU frames, it starts sending half
rate TRAU frames to the A_ ;nterface,e and el tandem
preventlve connection hes been formed between these units.
TRACU1l also . changes the vocoding mode employed in ‘the

'1nterconnect1ng PCM link between the TRACUs into half rate'

coding and transfers the frames received from TRAUl to

TRACU2. TRAU2 and TRACU2 perform a s;mllar procedure, and
- after this there is a non tandem connectlon.between the

mobile stations MS1 and MS2 as both TRACUs are
transferring half rate TRAU frames. : -
If mobile station MS1 is a half rate MS and mobile

. station MS2 is- a full rate MS, the situation is the most

complex. TRAU1 starts normal half rate operatlon and -
starts also sending- half rate frames in the A interface
direction to TRACUL. When TRACUl receives these TRAU
frames, it starts sending half rate frames to the A inter-
face, and a tandem preventive connection is formed between
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these units. TRACUl also changes the vocoding employed in
the interconnecting PCM link between the TRACUs into half
rate coding and transfers the TRAU frames received from

'TRAUL to. TRACU2. TRAU2 and TRACU2 perform a similar

procedure with full rate, and when TRACU2 detects that it
is receiving half rate TRAU frames from TRACUl although it
is sending full rate TRAU frames to TRAUZ,Iit changes the
vocoding employed in the interconnecting PCM link into

‘full rate coding. Hence, a connection has been established

having no tandem preventidn'between the mobile stations
MS. If MS1 and TRAUl now perfoim a handover from half rate
to full'rate, TRACU1 only starts transferring these frames
without any extra conversion, and the result is a non
tandem connectlon -If, on the other hand, there is a

handover in MSZ and TRAUZ from full rate to half rate,

- TRACU2 detects from ;he control bits of the TRAU frames
sent'by TRACU1 that'MSI employs half rate vocoding and =
, that it can change its vocoding type to half rate coding,.

again resulting 1n a tandem free connection.

Mbbzle to PSTN calls , : .
In cases where the call termlnates or is routed to
the PSTN instead of another moblle statlon MS, the com-

- pression equlpment.TRACU in accordance with the invention

guarantees a non tandem connection irrespective of whether

- the - call is going to. the PSTN from exchange MSCl or

exchange MSC2. This is due to the fact that in such a
case, there is always only one vocoding type in use within
the GSM network elements. Fox example, if in the case of

" Figure 1 MS1 1s a full rate Ms, TRAUl starts normal full

rate operation and starts sendlng full rate TRAU frames in

" the A interface direction to TRACU3 or TRACﬁl; When TRACU1

or TRACU3 receives these frames{ it_starts sending full

rate frames to the A interface, and a tandem preventive

connection is formed between these units. TRACU1l or TRACU3
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starts sending full rateuTRAU.frames to TRACU2 or TRACUA4.
TRACU2 or TRACU4 decodes the vocoded speech into PCM coded

' speech, which is transferred to a PSTN. gateway exchange

GW2 or GWl1l. Vocoding is only performed in mobile station
MS1 and the second compression eguipment TRACU2 or TRACU4,
which will prevent:tandem coding. o _

The solution in accordance with the invention also
supports all supplementary services similarly as has been
set forth in the above-stated patent appiication.

. Compression of inter-MSC lines will not present
any problems with respect to echo cancellation as .echo
cancellers are not used'in these connections. However, in

" connections between the mobile services switching centre

MSC and the PSTN,. there is an echo canceller between TRAU1

- and TRACU3 in the PSTN line. Thls.w1ll result ;n cor-

rupt;on of the TRAU frames in the least significant bits

- of the PCM samples, thereby creating a tandem connection.

In addition, the TRACUs in the PSTN connection generate a
certain amount of delay, and therefore the proper oper-

‘ation of the echo canceller may be jeopardized._The best

solution would be to move the echo canceller to the PSTN:

-gateway exchange GWl after TRACU4. This enables. tandem
'preventlon and proper operation of the echo canceller.

"Data calls
The compre551on in accordance with the’ 1nventlon

' can be implemented in data calls as well. In that case,
' some additional properties are needed both in the TRAUs

and in the TRACUs in order to protect the data from the
speech codlng functlons In the case of data calls, a sim-
ilar kind of method is used as in the case of speech i. e.;
the least significant bit or bits of the PCM sample are

used as subchannels for TRAU frames containing data. The
least significant bits of_the'PCM sample can be used for
this purpose_as the normal V.110 data frame uses only the
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two most significant'bits of the PCM sample in the case of
data. Every time a transcoder TRAU receives data frames

from the base station BTS, it performs the_normal rate

adaptatidn_functions in accordance with ;he'GSM recom-
mendations, forming a V.110 data frame which is inserted
into the two most_significant bits of the PCM sample. Fur-
thermore, it sends the TRAU frames containing data in the

 least significant bit or bits of the PCM samples without

rate adaptation. The TRACU processes data received from

‘the A interface in a similar way,.The separation block 72

separates the received data-containing PCM samples instead
of the encoding block 73 to the rate adaptation block 77
&hich.performs the normal rate adaptatibnxoperations'in
accordance with the GSM recommendations, whereafter the

rate-adapted data is inserted into TRAU data frames in the

frame building block 75. If the received PCM signal also
contains a data subchannel, the frames received in the
subchannel'are-transferred'through processing block 74 to

. frame buildiﬁg'block 75, whereafter they are multiplexed _
into a subchannel of the interconnecting PCM link in block -

76. If no data subchannel is being received from the A
interface, the TRAU frames formed through rate adaptation
unit 77 are multiplexed into the subchannel of the inter-

connecting PCM link.

- In the reverse transmission'direction, the TRAU
data frames received from a subchannel of the intercon-
necting PCM link are applied from the processing unit 82
{(Figure 8) to the supplementary processing unit 84 and _
also to the rate adaptation unit 86. The rate adaptation

unit performs the normal rate adaptation operations in
accordance with the GSM recommendations, forming a V.110
data frame which is inserted into the two most significant
bits of thefPCM'sample in ‘unit 85. Furthermore, the unit
85 inserts the data-containing TRAU frames into the least
significant bit or bits of the PCM samples without rate
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adaptation. The PCM samples are sent to the exchange.
Hence, a data call is analogous with the above-described
voice cali, except that in addition to speech encodlng
functlons a rate coding unit is provided.

Also data calls will be best described by way of
an example. Let us assume that a data call is made from
PSTN through a moblle services switching centre MSC2 to a
mobile station MS2. In that case, no problems ‘will be
encountered as the base station BTS2 informs the trans-
coder TRAU2 in the normal way by means of the control bits

- of the TRAU frame that the call - is a data call and
therefore data operations should be used. At this stage, a
‘normal data call is epncerned, " If an interexchange

handover is performed so that the call is transferred to

- base 'station BTS1 and routing must be made through_:

compre551on equipment TRACU2 and TRACUl, TRAUl will now
receive normal information from base station BTS2 that ‘the

call is a data call. As a result, TRAUl1 starts sending
TRAU data frames in one or more least significant bits of
the PCM samples. These TRAU frames are passed to TRACUl
which changes the frame type of the TRAU frames it'is__

" sending to TRACU2 into TRAU data frame type. When TRACU2

receives these frames, it detects that the call is a data
call and starts performing the normal rate adaptation

function from TRAU frames into V.110 frames in this direc-
~tion and from'V.llo-frames into TRAU frames in the reverse

direction. In this way, data is transmitted over the comf'3

pressed connection. o |
The figures, and the descrlptlon pertalnlng to them

are only intended to Jllustrate the present 1nventlon. In

its details, the invention may vary within the scope and

Splrlt ‘of the attached clalms._



WO 97129566 ' - PCT/FIO7/00062

10

15

20

25

30

35

- 28

- Claims:

' 1 Transm1551on equlpment for a connectlon between

moblle communication network elements, such as exchanges,
' or base station controllers, the transmission equipment

{(TRACU1,2) being intended to be connected to a number of
inbound PCM transmission channels from a network element
(MSC1, MsSC2) for receiving a speech signal from each PCM
transmission channel and transferring said speech signal
to another transmission’ equlpment (TRACUI 2) via an inter-
connecting PCM link having a transmission. capacity lower
than said number of PCM transmission channels received.
from the network element, _ '
-chara cterized in that

the speech signal between the network element and
the transmission equipment is elther a pure PCM coded
speech SLgnal or a PCM coded speech signal in which one or

- more least significant bits of the PCM samples prov1de a

subchannel for lower-rate vocoded speech,
said 1nterconnect1ng PCM link has oné or more PCM
channels in which bits of the PCM samples provide two or

- more subchannels in each of which lower-rate vocoded_

speech or data can be transmitted,
the transmission equipment is arranged, in

response to the fact that the speech signal of the PCM

channel received from the network element is a PCM coded

speech signal containing said subchannel, to multiplex the
- content of the subchannel into one of the subchannels in
- said interconnecting PCM link,

the . transm1551on equipment is arranged, in res-

;ponse to the fact that the speech signal received from the

network element is ‘a pure PCM coded speech 51gna1, to
encode this PCM coded speech signal into a lower-rate
vocoded speech signal and to multiplex the vocoded speech

- signal into one of the subchannels in said interconnecting

AT
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PCM link.
2. Transmission equlpment as clalmed in Claim 1,
characteri z ed in that , '
the transm1551on ‘equipment (TRACU1l,2) is arranged -

to decode the vocoded speech 51gnal recelved from each
- subchannel of said 1nterconnect1ng PCM link from the other
' transmission equipment into PCM samples and to insert said
-received speech signal without decoding into the sub-

channel formed by-one or more least significant bits of
the PCM samples, - L _ , .

the transmission equipment (TRACU1,2) is arranged
to transfer the PCM coded_speech.signal'cohtaining said
vocoded subchannel via the respective PCM transmission
channel to the exchange (MSC1, MSC2). ' o _

3. Transmission equlpment as claimed in Claim 1 or
Claim 2, characterized in that

the transmission equipment (TRACUl 2) supports two

" or more vocoding methods,

the transmission equlpment is arranged to identify
the vocoding method employed in said subchannel of the PCM. .
coded speech 51gna1 received from the exchange '(MSC1,
MSC2), | o
_ _the transmission equipment is arranged to employ -
the identified vocoding method in the subchannel of the -
uplink PCM speech signal. | '

4. Transmission equlpment as clalmed in Clalm 3,
characterdized in that

the transmission equlpment (TRACU1,2) is arrangedp
to 1dent1fy the vocoding method employed by another trans-
mission eguipment _on the ba51s__of the vocoded speech.
signal received from the other transmission'equipment-via
the subchannel of the interconnecting PCM llnk,

~the transm1551on equipment is arranged to perform
conver51on, “either alone or jointly with the -actual
vocoder of the mobile communication system, between the

NV )R
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vocoding method employed in 'the subchannel of the PCM
coded speech signal received from the exchange and the vo-
coding method employed by the other transmission equipment -
if these are different.
' 5. Transm1331on equipment as clalmed in Clalm 3,

characteri z e d in that _

the transmission equlpment (TRACUl 2) is arranged
to employ a predetermlned vocodlng method if the PCM coded
speech signal recelved from the exchange (MSCl MSCZ) con-
tains no subchannel. o | |

6. Transmission equipment as claimed in any one of
the precedlng clalms, characterized in that
the vocoded speech signal transferred in said subchannels'
is in transmission frames.

7. Transmission equlpment as clalmed in Claim 6,
characteri zed in that _

the vocoding method supported by'the'trensmission
equipment:(TRACUl 2) is the vocoding method employed by
the mobile communication network,

said frames are identical with'the'frames employed_
in the moblle communlcatlon network between the base’
station and the transcoder unlt.;'

8. Transmission equlpment as clalmed in Claim 6 or

. Claim 7, c h a racte rized in that the control

bits of the frame contain information on the vocoding
method employed in the subchannel off_vocoded speech
received from the exchange.-' -

9. Transmission equlpment as clalmed in any one of
Claims 6, 7 or 8,_c.h_a_r acterized by a timer
monitoring the time that has passed from the initiation of

the call, change of vocoding, or reception of the previous

frame from the subchannel of the PCM channel in a first
transmission direction, the timer being arranged to pre-

vent transmission of frames in the reverse direction 1f
- said monitored time exceeds a predetermined tlmeout.

R Y RO
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10. A method for_transferring digitally encoded
speech between a first network element, such as a mobile
services switching centre, and a second net#ork element,

. such as a switching centre, in a mobile communication sys-

tem in which mobile stations and a fixed mobile com-
munication network comprise vocoders for transferring a
speech signal over a radio path as a reduced rate vocoded
speech signal and for transferring the speech signal as a’
PCM coded speech signal between the vocoder of the mobile
network and the mobile serv1ces sw1tch1ng centre, the
method comprlslng ‘the steps of:

' rece1v1ng a number of PCM coded speech 51gnals

'frem the - first network element to the first transmission

equipment via a correspondlng number of PCM transmission
channels,' g

transferrlng the speech signals to the second
transmisszonl equipment via an interconnecting PCM 1link
having a transmission capacity'lower than said number of
inbound PCM transmission channels from the network ele-
ment, | _
| “ transferrlng sald number of PCM. ‘coded | speech_.
51gnals from the second transm1551on equlpment to the

. second network element via a_correspondlng number of out-

bound PCM channels, c haracterized by
_ specifying.the bits of the PCM samples of at least
one PCM channel of the interconnecting PCM link to form
two or more subchannels in each of which a lower rate
51gna1 can be transferred |
mult1plex1ng said recelved PCM coded speech

_51gnals in the flrst transm1551on equipment into the sub-

channels of the 1nterconnect1ng PCM link as follows

a) detecting in the flrst;transm1551on equlpment
whether the received speech signal is a pure PCM coded
signal or.a PCM coded signal in whose PCM samples one or
more least significant bits provide a subchannel in which

A
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" a vocoded speech 51gnal of the lower rate employed by the

mobile communication system is transferred,

'b) multiplexing, in response to the fact that the
speech signal of the PCM channel received from the network
element contains a subchannel, the vocoded speech informa-
tion of this subchannel into- one of the subchannels in

said 1nterconnect1ng PCM link,

c) encoding, in response to the fact that the
speech signal received from the network element is a pure
PCM coded speech signal, this PCM coded speech signal into.
a lower rate vocoded speech signal by the vocoding method
of the mobile communication system and multiplexing the
vocoded speech 51gnal 1nto one of the subchannels in saldf

~ interconnecting PCM link.

©11. A method as claimed in Claim 10, charac-

terized in that the processing of the speech

51gnals received from the 1nterconnect1ng PCM link. in the

first transmission equipment comprises the steps of:

- decoding the vocoded speech signal received from

each subchannel ofhsaid_interconnecting PCM link from the

second transmission equipmént into PCM samples by the

vocoding method of the mobile communication system,
'inserting the'vocoded speech signal received from

the subchannel into the subchannel formed by one or more

1east' significant bits  of ~said PCM semplee without
decodlng, ' ' ' '
transferrlng the PCM coded speech s;gnal contaln-

ing :said subchannel of vocoded speech through the corre-

spondlng PCM transmission channel to the mobile services .

'switching centre.

12 A method as clalmed 1n Clalm 10 or Clalm 11'ﬂ
c h aracterized by

selectlng the vocoding method employed.'by the
transmission equipment to be the same as  the vocoding
method employed in the subchannel of PCM coded speech re-

* € L M 0§ %
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‘ceived from the mobile services switching centre when the

transmission equipment supports two or more 'vocoding
methods. ' ' ' _

13 A method as claimed in Claim 12, ch a r a ¢ -
ter ized by - ,

transferring information on the vocoding method
employed in the subchannel of vocoded speech received from
the mobile services switching centre between the transmis-

‘sion equipment in the control bits of the frames in addi-
-tion to the information on the vocoding method employed -

between the transmission equipment.
14. A method as claimed in Claim 12 or Claim 13,

char acteriz e d by

detectlng that the first and second transm1551on.
equipment have selected different vocoding methods,

performing conversion on the speech signal in
either of the transmission equipment between the two
vocoding methods at least in one transmission direction.

15. A method as Claimed in any one of Claims 10-
14, c h aracterize d by '
_ utlllzlng the subchannels of the 1nterconnect1ng
PCM link for data transmission if the PCM coded signal re-
ceived from the exchange or a subchannel thereof contains
data. - .
' 16. A method as claimed in any one of the preeed—

'ing claims 10-15, character i_z ed by

“transmitting frames to a subchannel of the PCM

' ~channel in a first transmission direction,

monitoring the reception of the frames from the

subchannel of the speech signal of the PCM channel ‘in the

reverse transmission direction, _

‘discontinuing the transmission of frames to the_
subchannel of the PCM channel if frames are not received
from a subchannel of the PCM channel in the reverse
direction during a predetermined monitored timeout.

/
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