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29.1 History and Background

Following a decade of world-wide research and development (R&D), cordless telephones (CT) are
now becoming widespread consumer products, and they are paving the way towards ubiquitous,
low-cost personal communications networks (PCN) [7, 8]. The two most well-known European
representatives of CTs are the digital European cordless telecommunications (DECT) system [1, 5]
and the CT-2 system [2, 6]. Three potential application areas have been identified, namely, domestic,
business, and public access, which is also often referred to as telepoint (TP).

In addition to conventional voice communications, CTs have been conceived with additional data
services and local area network (LAN) applications in mind. The fundamental difference between
conventional mobile radio systems and CT systems is that CTs have been designed for small to
very small cells, where typically benign low-dispersion, dominant line-of-sight (LOS) propagation
conditions prevail. Therefore, CTs can usually dispense with channel equalizers and complex low-rate
speech codecs, since the low-signal dispersion allows for the employment of higher bit rates before
the effect of channel dispersion becomes a limiting factor. On the same note, the LOS propagation
scenario is associatedwithmild fadingornear-constant received signal level, andwhencombinedwith
appropriate small-cell power-budget design, it ensures a high average signal-to-noise ratio (SNR).
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These prerequisites facilitate the employment of high-rate, low-complexity speech codecs, which
maintain a low battery drain. Furthermore, the deployment of forward error correction codecs can
often also be avoided, which reduces both the bandwidth requirement and the power consumption
of the portable station (PS).

A further difference between public land mobile radio (PLMR) systems [3] and CTs is that whereas
the formerendeavor to standardizevirtually all systemfeatures, the latter seek tooffer a so-calledaccess
technology, specifying the common air interface (CAI), access and signalling protocols, and some
network architecture features, but leaving many other characteristics unspecified. By the same token,
whereas PLMR systems typically have a rigid frequency allocation scheme and fixed cell structure,
CTs use dynamic channel allocation (DCA) [4]. The DCA principle allows for a more intelligent
and judicious channel assignment, where the base station (BS) and PS select an appropriate traffic
channel on the basis of the prevailing traffic and channel quality conditions, thus minimizing, for
example, the effect of cochannel interference or channel blocking probability.

In contrast to PLMR schemes, such as the Pan-European global system of mobile communications
(GSM) system [3], CT systems typically dispense with sophisticated mobility management, which
accounts for the bulk of the cost of PLMR call charges, although they may facilitate limited hand-over
capabilities. Whereas in residential applicationsCTsare theextensionof thepublic switched telephone
network (PSTN), the concept of omitting mobility management functions, such as location update,
etc., leads to telepoint CT applications where users are able to initiate but not to receive calls. This
fact drastically reduces the network operating costs and, ultimately, the call charge at a concomittant
reduction of the services rendered.

Having considered some of the fundamental differences between PLMR and CT systems let us now
review the basic features of the CT-2 system.

29.2 The CT-2 Standard

The European CT-2 recommendation has evolved from the British standard MPT-1375 with the
aim of ensuring the compatibility of various manufacturers’ systems as well as setting performance
requirements, which would encourage the development of cost-efficient implementations. Further
standardization objectives were to enable future evolution of the system, for example, by reserving
signalling messages for future applications and to maintain a low PS complexity even at the expense
of higher BS costs. The CT-2 or MPT 1375 CAI recommendation is constituted by the four following
parts.

1. Radio interface: Standardizes the radio frequency (RF) parameters, such as legitimate
channel frequencies, the modulation method, the transmitter power control, and the
required receiver sensitivity as well as the carrier-to-interference ratio (CIR) and the time
division duplex (TDD) multiple access scheme. Furthermore, the transmission burst and
master/slave timing structures to be used are also laid down, along with the scrambling
procedures to be applied.

2. Signalling layers one and two: Defines how the bandwidth is divided among signalling,
traffic data, and synchronization information. The description of the first signalling layer
includes the dynamic channel allocation strategy, calling channel detection, as well as
link setup and establishment algorithms. The second layer is concerned with issues of
various signalling message formats, as well as link establishment and re-establishment
procedures.
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3. Signalling layer three: The third signalling layer description includes a range of message
sequence diagrams as regards to call setup to telepoint BSs, private BSs, as well as the call
clear down procedures.

4. Speech coding and transmission: The last part of the standard is concerned with the
algorithmic and performance features of the audio path, including frequency responses,
clipping, distortion, noise, and delay characteristics.

Having briefly reviewed the structure of the CT-2 recommendations let us now turn our attention
to its main constituent parts and consider specific issues of the system’s operation.

29.3 The Radio Interface

29.3.1 Transmission Issues

In our description of the system we will adopt the terminology used in the recommendation, where
the PS is called cordless portable part (CPP), whereas the BS is referred to as cordless fixed part (CFP).
The channel bandwidth and the channel spacing are 100 kHz, and the allocated system bandwidth is
40 MHz, which is hosted in the range of 864.15–868.15 MHz. Accordingly, a total of 40 RF channels
can be utilized by the system.

The accuracy of the radio frequency must be maintained within ±10 kHz of its nominal value
for both the CFP and CPP over the entire specified supply voltage and ambient temperature range.
To counteract the maximum possible frequency drift of 20 kHz, automatic frequency correction
(AFC) may be used in both the CFP and CPP receivers. The AFC may be allowed to control the
transmission frequency of only the CPP, however, in order to prevent the misalignment of both
transmission frequencies.

Binary frequency shift keying (FSK) is proposed, and the signalmust be shapedby anapproximately
Gaussian filter in order to maintain the lowest possible frequency occupancy. The resulting scheme is
referred to as Gaussian frequency shift keying (GFSK), which is closely related to Gaussian minimum
shift keying (GMSK) [7] used in the DECT [1] and GSM [3] systems.

Suffice to say that in M-arry FSK modems the carrier’s frequency is modulated in accordance with
the information to be transmitted, where the modulated signal is given by

Si(t) =
√

2E

T
cos[ωit + 8] i = 1, . . . , M

and E represents the bit energy, T the signalling interval length, ωi has M discrete values, whereas
the phase 8 is constant.

29.3.2 Multiple Access and Burst Structure

The so-called TDD multiple access scheme is used, which is demonstrated in Fig. 29.1. The simple
principle is to use the same radio frequency for both uplink and downlink transmissions between the
CPP and the CFP, respectively, but with a certain staggering in time. This figure reveals further details
of the burst structure, indicating that 66 or 68 b per TDD frame are transmitted in both directions.

There is a3.5-or5.5-bdurationguardperiod (GP)between theuplinkanddownlink transmissions,
and half of the time the CPP (the other half of the time the CFP) is transmitting with the other part
listening, accordingly. Although the guard period wastes some channel capacity, it allows a finite time
for both the CPP and CFP for switching from transmission to reception and vice versa. The burst
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structure of Fig. 29.1 is used during normal operation across an established link for the transmission
of adaptive differential pulse code modulated (ADPCM) speech at 32 kb/s according to the CCITT
G721 standard in a so-called B channel or bearer channel. The D channel, or signalling channel,
is used for the transmission of link control signals. This specific burst structure is referred to as a
multiplex one (M1) frame.

FIGURE 29.1: M1 burst and TDD frame structure.

Since the speech signal is encoded according to the CCITT G721 recommendation at 32 kb/s the
TDD bit rate must be in excess of 64 kb/s in order to be able to provide the idle guard space of 3.5-
or 5.5-b interval duration plus some signalling capacity. This is how channel capacity is sacrificed to
provide the GP. Therefore, the transmission bit rate is stipulated to be 72 kb/s and the transmission
burst length is 2 ms, during which 144-b intervals can be accommodated. As it was demonstrated in
Fig. 29.1, 66 or 68 b are transmitted in both the uplink and downlink burst, and taking into account
the guard spaces, the total transmission frame is constituted by (2·68) + 3.5 + 4.5 = 144 b or
equivalently, by (2·66) + 5.5 + 4.5 = 144 b. The 66-b transmission format is compulsory, whereas
the 68-b format is optional. In the 66-b burst there is one D bit dedicated to signalling at both
ends of the burst, whereas in the 68-b burst the two additional bits are also assigned to signalling.
Accordingly, the signalling rate becomes 2 b/2 ms or 4 b/2 ms, corresponding to 1 kb/s or 2 kb/s
signalling rates.

29.3.3 Power Ramping, Guard Period, and Propagation Delay

As mentioned before and suggested Fig. 29.1, there is a 3.5- or 5.5-b interval duration GP between
transmitted and received bursts. Since the signalling rate is 72 kb/s, the bit interval becomes about
1/(72 kb/s) ≈ 13.9 µs and, hence, the GP duration is about 49 µs or 76 µs. This GP serves a
number of purposes. Primarily, the GP allows the transmitter to ramp up and ramp down the trans-
mitted signal level smoothly over a finite time interval at the beginning and end of the transmitted
burst. This is necessary, because if the transmitted signal is toggled instantaneously, that is equiv-
alent to multiplying the transmitted signal by a rectangular time-domain window function, which
corresponds in the frequency domain to convolving the transmitted spectrum with a sinc function.
This convolution would result in spectral side-lobes over a very wide frequency range, which would
interfere with adjacent channels. Furthermore, due to the introduction of the guard period, both the
CFP and CPP can tolerate a limited propagation delay, but the entire transmitted burst must arrive
within the receivers’ window, otherwise the last transmitted bits cannot be decoded.
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29.3.4 Power Control

In order to minimize the battery drain and the cochannel interference load imposed upon cochannel
users, the CT-2 system provides a power control option. The CPPs must be able to transmit at two
different power levels, namely, either between 1 and 10 mW or at a level between 12 and 20 dB
lower. The mechanism for invoking the lower CPP transmission level is based on the received signal
level at the CFP. If the CFP detects a received signal strength more than 90 dB relative to 1 µV/m,
it may instruct the CPP to drop its transmitted level by the specified 12–20 dB. Since the 90-dB
gain factor corresponds to about a ratio of 31,623, this received signal strength would be equivalent
for a 10-cm antenna length to an antenna output voltage of about 3.16 mV. A further beneficial
ramification of using power control is that by powering down CPPs that are in the vicinity of a
telepoint-type multiple-transceiver CFP, the CFP’s receiver will not be so prone to being desensitised
by the high-powered close-in CPPs, which would severely degrade the reception quality of more
distant CPPs.

29.4 Burst Formats

As already mentioned in the previous section on the radio interface, there are three different sub-
channels assisting the operation of the CT-2 system, namely, the voice/data channel or B channel,
the signalling channel or D channel, and the burst synchronization channel or SYN channel. Accord-
ing to the momentary system requirements, a variable fraction of the overall channel capacity or,
equivalently, a variable fraction of the bandwidth can be allocated to any of these channels. Each
different channel capacity or bandwidth allocation mode is associated with a different burst structure
and accordingly bears a different name. The corresponding burst structures are termed as multiplex
one (M1), multiplex two (M2), and multiplex three (M3), of which multiplex one used during the
normal operation of established links has already been described in the previous section. Multiplex
two and three will be extensively used during link setup and establishment in subsequent sections, as
further details of the system’s operation are unravelled.

Signalling layer one (L1) defines the burst formats multiplex one–three just mentioned, outlines the
calling channel detection procedures, as well as link setup and establishment techniques. Layer two
(L2) deals with issues of acknowledged and unacknowledged information transfer over the radio link,
error detection and correction by retransmission, correct ordering of messages, and link maintenance
aspects.

The burst structure multiplex two is shown in Fig. 29.2. It is constituted by two 16-b D-channel
segments at both sides of the 10-b preamble (P) and the 24-b frame synchronization pattern (SYN),
and its signalling capacity is 32 b/2 ms = 16 kb/s. Note that the M2 burst does not carry any
B-channel information, it is dedicated to synchronization purposes. The 32-b D-channel message is
split in two 16-b segments in order to prevent that any 24-b fraction of the 32-b word emulates the
24-b SYN segment, which would result in synchronization misalignment.

Since the CFP plays the role of the master in a telepoint scenario communicating with many CPPs,
all of the CPP’s actions must be synchronized to those of the CFP. Therefore, if the CPP attempts to
initiate a call, the CFP will reinitiate it using the M2 burst, while imposing its own timing structure.
The 10-b preamble consists of an alternate zero/one sequence and assists in the operation of the
clock recovery circuitry, which has to be able to recover the clock frequency before the arrival of the
SYN sequence, in order to be able to detect it. The SYN sequence is a unique word determined by
computer search, which has a sharp autocorrelation peak, and its function is discussed later. The way
the M2 and M3 burst formats are used for signalling purposes will be made explicit in our further
discussions when considering the link setup procedures.
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FIGURE 29.2: CT2 multiplex two burst structure.

The specific SYN sequences used by the CFP and the CPP are shown in Table 29.1 along with
the so-called channel marker (CHM) sequences used for synchronization purposes by the M3 burst
format. Their differences will be made explicit during our further discourse. Observe from the table
that the sequences used by the CFP and CPP, namely, SYNF, CHMF and SYNP, CHMP, respectively,
are each other’s bit-wise inverses. This was introduced in order to prevent CPPs and CFPs from calling
each other directly. The CHM sequences are used, for instance, in residential applications, where the
CFP can issue an M2 burst containing a 24-b CHMF sequence and a so-called poll message mapped
on to the D-channel bits in order to wake up the specific CPP called. When the called CPP responds,
the CFP changes the CHMF to SYNF in order to prevent waking up further CPPs unnecessarily.

TABLE 29.1 CT-2 Synchronization Patterns
MSB LSB
(sent last) (sent first)

CHMF 1011 1110 0100 1110 0101 0000

CHMP 0100 0001 1011 0001 1010 1111

SYNCF 1110 1011 0001 1011 0000 0101

SYNCP 0001 0100 1110 0100 1111 1010

Since the CT-2 system does not entail mobility functions, such as registration of visiting CPPs in
other than their own home cells, in telepoint applications all calls must be initiated by the CPPs.
Hence, in this scenario when the CPP attempts to set up a link, it uses the so-called multiplex three
burst format displayed in Fig. 29.3. The design of the M3 burst reflects that the CPP initiating
the call is oblivious of the timing structure of the potentially suitable target CFP, which can detect
access attempts only during its receive window, but not while the CFP is transmitting. Therefore,
the M3 format is rather complex at first sight, but it is well structured, as we will show in our further
discussions. Observe in the figure that in the M3 format there are five consecutive 2-ms long 144-b
transmitted bursts, followed by two idle frames, during which the CPP listens in order to determine
whether its 24-b CHMP sequence has been detected and acknowledged by the CFP. This process can
be followed by consulting Fig. 29.6, which will be described in depth after considering the detailed
construction of the M3 burst.

The first four of the five 2-ms bursts are identical D-channel bursts, whereas the fifth one serves
as a synchronization message and has a different construction. Observe, furthermore, that both the
first four 144-b bursts as well as the fifth one contain four so-called submultiplex segments, each
of which hosts a total of (6 + 10 + 8 + 10 + 2) = 36 b. In the first four 144-b bursts there are
(6 + 8 + 2) = 16 one/zero clock-synchronizing P bits and (10 + 10) = 20 D bits or signalling bits.
Since the D-channel message is constituted by two 10-b half-messages, the first half of the D-message
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FIGURE 29.3: CT2 multiplex three burst structure.

is marked by the + sign in the figure. As mentioned in the context of M2, the D-channel bits are split
in two halves and interspersed with the preamble segments in order to ensure that these bits do not
emulate valid CHM sequences. Without splitting the D bits this could happen upon concatenating
the one/zero P bits with the D bits, since the tail of the SYNF and SYNP sequences is also a one/zero
segment. In the fifth 144-b M3 burst, each of the four submultiplex segments is constituted by 12
preamble bits and 24 CPP channel marker (CHMP) bits.

The four-fold submultiplex M3 structure ensures that irrespective of how the CFP’s receive window
is aligned with the CPP’s transmission window, the CFP will be able to capture one of the four
submultiplex segments of the fifth M3 burst, establish clock synchronization during the preamble,
and lock on to the CHMP sequence. Once the CFP has successfully locked on to one of the CHMP
words, the corresponding D-channel messages comprising the CPP identifier can be decoded. If the
CPP identifier has been recognized, the CFP can attempt to reinitialize the link using its own master
synchronization.

29.5 Signalling Layer Two (L2)

29.5.1 General Message Format

The signalling L2 is responsible for acknowledged and un-acknowledged information transfer over
the air interface, error detection and correction by retransmission, as well as for the correct ordering
of messages in the acknowledged mode. Its further functions are the link end-point identification
and link maintenance for both CPP and CFP, as well as the definition of the L2 and L3 interface.

Compliance with the L2 specifications will ensure the adequate transport of messages between
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the terminals of an established link. The L2 recommendations, however, do not define the meaning
of messages, this is specified by L3 messages, albeit some of the messages are undefined in order to
accommodate future system improvements.

The L3 messages are broken down to a number of standard packets, each constituted by one or
more codewords (CW), as shown in Fig. 29.4. The codewords have a standard length of eight octets,
and each packet contains up to six codewords. The first codeword in a packet is the so-called address
codeword (ACW) and the subsequent ones, if present, are data codewords (DCW). The first octet of
the ACW of each packet contains a variety of parameters, of which the binary flag L3 END is indicated
in Fig. 29.4, and it is set to zero in the last packet. If the L3 message transmitted is mapped onto more
than one packet, the packets must be numbered up to N . The address codeword is always preceded
by a 16-b D-channel frame synchronization word SYNCD. Furthermore, each eight-octet CW is
protected by a 16-b parity-check word occupying its last two octets. The binary Bose–Chaudhuri–
Hocquenghem BCH(63,48) code is used to encode the first six octets or 48 b by adding 15 parity b to
yield 63 b. Then bit 7 of octet 8 is inverted and bit 8 of octet 8 added such that the 64-b codeword has
an even parity. If there are no D-channel packets to send, a 3-octet idle message IDLE D constituted
by zero/one reversals is transmitted. The 8-octet format of the ACWs and DCWs is made explicit in
Fig. 29.5, where the two parity check octets occupy octets 7 and 8. The first octet hosts a number of
control bits. Specifically, bit 1 is set to logical one for an ACW and to zero for a DCW, whereas bit 2
represents the so-called format type FT bit. FT = 1 indicates that variable length packet format is
used for the transfer of L3 messages, whereas FT = 0 implies that a fixed length link setup is used
for link end point addressing end service requests. FT is only relevant to ACWs, and in DCWs it
has to be set to one.

FIGURE 29.4: General L2 and L3 message format.
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FIGURE 29.5: Fixed format packets mapped on M1, M2, and M3 during link initialization and on
M1 and M2 during handshake.

29.5.2 Fixed Format Packet

As an example, let us focus our attention on the fixed format scenario associated with FT = 0. The
corresponding codeword format defined for use in M1, M2, and M3 for link initiation and in M1
and M2 for handshaking is displayed in Fig. 29.5. Bits 1 and 2 have already been discussed, whereas
the 2-bit link status (LS) field is used during call setup and handshaking. The encoding of the four
possible LS messages is given in Table 29.2. The aim of these LS messages will become more explicit
during our further discussions with reference to Fig. 29.6 and Fig. 29.7. Specifically, link request is
transmitted from the CPP to the CFP either in an M3 burst as the first packet during CPP-initiated
call setup and link re-establishment, or returned as a poll response in an M2 burst from the CPP
to the CFP, when the CPP is responding to a call. Link grant is sent by the CFP in response to a
link request originating from the CPP. In octets 5 and 6 it hosts the so-called link identification (LID)
code, which is used by the CPP, for example, to address a specific CFP or a requested service. The
LID is also used to maintain link reference during handshake exchanges and link re-establishment.
The two remaining link status handshake messages, namely, ID OK and ID lost, are used to report
to the far end whether a positive confirmation of adequate link quality has been received within the
required time-out period. These issues will be revisited during our further elaborations. Returning
to Fig. 29.5, we note that the fixed packet format (FT = 0) also contains a 19-b handset identification
code (HIC) and an 8-b manufacturer identification code (MIC). The concatenated HIC and MIC
fields jointly from the unique 27-b portable identity code (PIC), serving as a link end-point identifier.
Lastly, we have to note that bit 5 of octet 1 represents the signalling rate (SR) request/response bit,
which is used by the calling party to specify the choice of the 66- or 68-b M1 format. Specifically,
SR = 1 represents the four bit/burst M1 signalling format. The first 6 octets are then protected by
the parity check information contained in octets 7 and 8.
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TABLE 29.2 Encoding of

Link Status Messages

LS1 LS0 Message

0 0 Link request

0 1 Link grant

1 0 ID OK

1 1 ID lost

29.6 CPP-Initiated Link Setup Procedures

Calls canbe initiatedatboth theCPPandCFP, and the call initiationanddetectionprocedures invoked
depend on which party initiated the call. Let us first consider calling channel detection at the CFP,
which ensues as follows. Under the instruction of the CFP control scheme, the RF synthesizer tunes
to a legitimate RF channel and after a certain settling time commences reception. Upon receiving
the M3 bursts from the CPP, the automatic gain control (AGC) circuitry adjusts its gain factor, and
during the 12-b preamble in the fifth M3 burst, bit synchronization is established. This specific 144-b
M3 burst, is transmitted every 14 ms, corresponding to every seventh 144-b burst. Now the CFP is
ready to bit-synchronously correlate the received sequences with its locally stored CHMP word in
order to identify any CHMP word arriving from the CPP. If no valid CHMP word is detected, the
CFP may retune itself to the next legitimate RF channel, etc.

As mentioned, the call identification and link initialization process is shown in the flowchart
of Fig. 29.6. If a valid 24-b CHMP word is identified, D-channel frame synchronization can take
place using the 16-b SYNCD sequence and the next 8-octet L2 D-channel message delivering the
link request handshake portrayed earlier in Fig. 29.5 and Table 29.2 is decoded by the CFP. The
required 16 + 64 = 80 D bits are accommodated in this scenario by the 4·20 = 80 D bits of the
next four 144-b bursts of the M3 structure, where the 20 D bits of the four submultiplex segments
are transmitted four times within the same burst before the D message changes. If the decoded
LID code of Fig. 29.5 is recognized by the CFP, the link may be reinitialized based on the master’s
timing information using the M2 burst associated with SYNF and containing the link grant message
addressed to the specific CPP identified by its PID.

Otherwise the CFP returns to its scanning mode and attempts to detect the next CHMP message.
The reception of the CFP’s 24-b SYNF segment embedded in the M2 message shown previously in
Fig. 29.2 allows the CPP to identify the position of the CFP’s transmit and receive windows and, hence,
the CPP now can respond with another M2 burst within the receive window of the CFP. Following
a number of M2 message exchanges, the CFP then sends a L3 message to instruct the CPP to switch
to M1 bursts, which marks the commencement of normal voice communications and the end of the
link setup session.

29.7 CFP-Initiated Link Setup Procedures

Similar procedures are followed when the CPP is being polled. The CFP transmits the 24-b CHMF
words hosted by the 24-b SYN segment of the M2 burst shown in Fig. 29.2 in order to indicate that
one or more CPPs are being paged. This process is displayed in the flowchart of Fig. 29.7, as well as
in the timing diagram displayed in Fig. 29.8. The M2 D-channel messages convey the identifiers of
the polled CPPs.

The CPPs keep scanning all 40 legitimate RF channels in order to pinpoint any 24-b CHMF words.
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FIGURE 29.6: Flowchart of the CT-2 link initialization by the CPP.

Explicitly, the CPP control scheme notifies the RF synthesizer to retune to the next legitimate RF
channel if no CHMF words have been found on the current one. The synthesizer needs a finite time
to settle on the new center frequency and then starts receiving again. Observe in Fig. 29.8 that at this
stage only the CFP is transmitting the M2 bursts; hence, the uplink-half of the 2-ms TDD frame is
unused.

Since the M2 burst commences with the D-channel bits arriving from the CFP, the CPP receiver’s
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FIGURE 29.7: Flowchart of the CT-2 link initialization by the CFP.
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FIGURE 29.8: CT-2 call detection by the CPP.

AGC will have to settle during this 16-b interval, which corresponds to about 16·1/[72 kb/s] ≈
0.22 ms. Upon the arrival of the 10 alternating one–zero preamble bits, bit synchronization is
established. Now the CPP is ready to detect the CHMF word using a simple correlator circuitry,
which establishes the appropriate frame synchronization. If, however, no CHMF word is detected
within the receive window, the synthesizer will be retuned to the next RF channel, and the same
procedure is repeated, until a CHMF word is detected.

When a CHMF word is correctly decoded by the CPP, the CPP is now capable of frame and bit
synchronously decoding the D-channel bits. Upon decoding the D-channel message of the M2 burst,
the CPP identifier (ID) constituted by the LID and PID segments of Fig. 29.5 is detected and compared
to the CPP’s own ID in order to decide as to whether the call is for this specific CPP. If so, the CPP
ID is reflected back to the CFP along with a SYNP word, which is included in the SYN segment of an
uplink M2 burst. This channel scanning and retuning process continues until a legitimate incoming
call is detected or the CPP intends to initiate a call.

More precisely, if the specific CPP in question is polled and its own ID is recognized, the CPP sends
its poll response message in three consecutive M2 bursts, since the capacity of a single M2 burst is
32 D bits only, while the handshake messages of Fig. 29.5 and Table 29.2 require 8 octets preceded by
a 16-b SYNCD segment. If by this time all paged CPPs have responded, the CFP changes the CHMF
word to a SYNF word, in order to prevent activating dormant CPPs who are not being paged. If any
of the paged CPPs intends to set up the link, then it will change its poll response to a L2 link request
message, in response to which the CFP will issue an M2 link grant message, as seen in Fig. 29.7, and
from now on the procedure is identical to that of the CPP-initiated link setup portrayed in Fig. 29.6.

29.8 Handshaking

Having established the link, voice communications is maintained using M1 bursts, and the link
quality is monitored by sending handshaking (HS) signalling messages using the D-channel bits.
The required frequency of the handshaking messages must be between once every 400 ms and 1000
ms. The CT-2 codewords ID OK, ID lost, link request and link grant of Table 29.2 all represent valid
handshakes. When using M1 bursts, however, the transmission of these 8-octet messages using the
2- or 4-b/2ms D-channel segment must be spread over 16 or 32 M1 bursts, corresponding to 32 or
64 ms.
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Let us now focus our attention on the handshake protocol shown in Fig. 29.9. Suppose that the
CPP’s handshake interval of Thtx p = 0.4 s since the start of the last transmitted handshake has
expired, and hence the CPP prepares to send a handshake message HS p. If the CPP has received
a valid HS f message from the CFP within the last Thrx p = 1s, the CPP sends an HS p = ID OK
message to the CFP, otherwise an ID Lost HS p. Furthermore, if the valid handshake was HS f =
ID OK, the CPP will reset its HS f lost timer Thlost p to 10 s. The CFP will maintain a 1-s timer
referred to as Thrx f, which is reset to its initial value upon the reception of a valid HS p from the CPP.

FIGURE 29.9: CT-2 handshake algorithms.

The CFP’s actions also follow the structure of Fig. 29.9 upon simply interchanging CPP with CFP
and the descriptor p with f. If the Thrx f = 1 s timer expires without the reception of a valid HS p
from the CPP, then the CFP will send its ID Lost HS f message to the CPP instead of the ID OK
message and will not reset the Thlost f = 10 s timer. If, however, the CFP happens to detect a valid
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HS p, which can be any of the ID OK, ID Lost, link request and link grant messages of Table 29.2,
arriving from the CPP, the CFP will reset its Thrx f = 1 s timer and resumes transmitting the ID OK
HS f message instead of the ID Lost. Should any of the HS messages go astray for more than 3 s,
the CPP or the CFP may try and re-establish the link on the current or another RF channel. Again,
although any of the ID OK, ID Lost, link request and link grant represent valid handshakes, only
the reception of the ID OK HS message is allowed to reset the Thlost = 10 s timer at both the CPP
and CFP. If this timer expires, the link will be relinquished and the call dropped.

The handshake mechanism is further augmented by referring to Fig. 29.10, where two different
scenarios are examplified, portraying the situation when the HS message sent by the CPP to the CFP
is lost or, conversely, that transmitted by the CFP is corrupted.

FIGURE 29.10: Handshake loss scenarios.

Considering the first scenario, during error-free communications the CPP sends HS p = ID OK,
and upon receiving it the CFP resets its Thlost f timer to 10 s. In due course it sends an HS f = ID OK
acknowledgement, which also arrives free from errors. The CPP resets the Thlost f timer to 10 s and,
after the elapse of the 0.4–1 s handshake interval, issues an HS p = ID OK message, which does not
reach the CFP. Hence, the Thlost f timer is now reduced to 9 s and an HS f = ID Lost message is
sent to the CPP. Upon reception of this, the CPP now cannot reset its Thlost p timer to 10 s but can
respond with an HS p = ID OK message, which again goes astray, forcing the CFP to further reduce
its Thlost f timer to 8 s. The CFP issues the valid handshake HS f = ID Lost, which arrives at the
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CPP, where the lack of HS f = ID OK reduces Thlost p to 8 s. Now the corruption of the issued HS p
= ID OK reduces Thlost f to 7 s, in which event the link may be reinitialized using the M3 burst.
The portrayed second example of Fig. 29.10 can be easily followed in case of the scenario when the
HS f message is corrupted.

29.9 Main Features of the CT-2 System

In our previous discourse we have given an insight in the algorithmic procedures of the CT-2 MPT
1375 recommendation. We have briefly highlighted the four-part structure of the standard dealing
with the radio interface, signalling layers 1 and 2, signalling layer 3, and the speech coding issues,
respectively. There are forty 100-kHz wide RF channels in the band 864.15–868.15 MHz, and the
72 kb/s bit stream modulates a Gaussian filtered FSK modem. The multiple access technique is TDD,
transmitting 2-ms duration, 144-b M1 bursts during normal voice communications, which deliver
the 32-kb/s ADPCM-coded speech signal. During link establishment the M2 and M3 bursts are used,
which were also portrayed in this treatise, along with a range of handshaking messages and scenarios.

Defining Terms

AFC: Automatic frequency correction

CAI: Common air interface

CFP: Cordless fixed part

CHM: Channel marker sequence

CHMF: CFP channel marker

CHMP: CPP channel marker

CPP: Cordless portable part

CT: Cordless telephone

DCA: Dynamic channel allocation

DCW: Data code word

DECT: Digital European cordless telecommunications system

FT: Frame format type bit

GFSK: Gaussian frequency shift keying

GP: Guard period

HIC: Handset identification code

HS: Handshaking

ID: Identifier

L2: Signalling layer 2

L3: Signalling layer 3

LAN: Local area network

LID: Link identification

LOS: Line of sight

LS: Link status

M1: Multiplex one burst format

M2: Multiplex two burst format
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M3: Multiplex three burst format

MIC: Manufacturer identification code

MPT-1375: British CT2 standard

PCN: Personal communications network

PIC: Portable identification code

PLMR: Public land mobile radio

SNR: Signal-to-noise ratio

SR: Signalling rate bit

SYN: Synchronization sequence

SYNCD: 16-b D-channel frame synchronization word

TDD: Time division duplex multiple access scheme

TP: Telepoint
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