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Abstract. A new Pan-European digital cellular mobile radio system has bccn under planning since 19~,2 within CEPT GSM 
{Groupc Specialc Mol',ilc). The pai',er presents the progress of the studies that wcrc initiated by the joint Speech coding 
Experts Group created by CEPT TR3 and COST 2117 to define :m algorithm to encode the speech at around Ill kbit/s for 

this purpose. 
in a coordinated evaluation programme. 6 candidate codecs wcrc compared with respect to speech quality, transmission 

delay and case of implementation. As a result of this evaluation, a Regular Pulse Excitation/Long-Term Prediction 1.1~(" 
(RPE-LTP) coding algorithm has been selected as the basis for the standard for the Pan-European cellular system. 

Zusammenfassung. Ein neucs zellularcs, digitales Mobilfunksystcm. welches den Gesamt-Europiiischcn Raum umfasscn 
soil. ist im Planungsstadium scit 1982. Dic Planung wird abgcwickclt inncrhalb dcr Spczialgruppc Mabilsystcmc ICEPT 
GSM). Der Beitrag zcigt den Fortgang dcr Arbciten auf. die initiicrt wurdcn durch cinc Gruppc votl Sprachkodicrungs-Ex- 
pcrtcn; diese Gruppe wurdc durch CEPT/TR3 und dic "'COST Action 2117"" gcmcinsam gcgri.indet mit dcm Zicl. ci~,.'n 
Sprachkodicr-Algorithmus im Bcrcich yon 16 kbit/s zu dcfinicrcn. 

lm Rahmcn tines koordinicrtcn Tcstprogrammcs. wurdcn scchs Kodicrcr vcrglichcn ~'as ihrc Sprachqualit~.it. Vcr- 
z(:,gcrung durch dic Signalverarbcitung und Einsetzbarkcit betraf. Aufgrund dcr Rcsultatc wurdc tin LPC-Algorithmus mit 
Reguliirpuls-Errcgung und Langzcit-Priidiktion als Standard fiir da.; curopawcilc Zcllularsystcna ausgcw~.ihlt. 

R6sum6. Un nouveau systOmc dc radio mobile ccllulairc ct numdriquc il couvcrturc curol,dcnnc a ('t~2 planific dcpuis.l~S2 
;~t I'intdricur du CEPT GSM (groupc Sl',t~cial nlt~bilc). L'articlc l',r6scntc la l~rogrcssiola tics 6ludcs qui ont ~2t6 mttlccs 
ctmjointcmcnt par Ic groupc d'cxl',crts cn codagc dc ia parole cr6c par CEPT TR3 ct ic pro.jet ( 'OST 2117 llotlr d6finir un 

algorithme afin dc coder la parole ~L environ 1~ kbit/s. 
Dans un programnle coordonn,~ d'dvaluation, nix codcurs candidats ont 6t6 compargs sur base dc la qu;tlitt~ tic la parole. 

du retard de la transmissiotl ct ,le ia facilitd d'implantation. A la suttc du rdsultat de cctlc dvaluation. I'algorithmc d'cxcita- 
tion ~t Impulsions R6guli0rcs cl dc Pr6dictitm LPC ;~ Long Tcrme (RPE-LPf')  a 6td choisi commc base pour Icy standard', 

du syst0mc cellulairc pan-curopt3cn. 

1. Introduction 

Automatic cellular mobile radio in Europe has 
experienced a tremendous growth in the recent 
years. In many countries i~ Europe the projection 
of the demand i'or this service has indicated the 
need for a sccond generation system in the early 
,aineties. 

Uatil now, the European countries have estab- 
lished separate and incompatible systems on a na- 
tional basis. However, considering the prospects 

of mass production of equipment resulting in 
lower costs and the possibilities for a more attrac- 
tive service in a common system, the European 
Telecommunications Administrations created in 
1982 the working group CEPT-CCH-GSM 
(Groupe Speciale Mobile). The task given to 
GSM was to study and develop a standard for a 
future Pan European mobile systcm to be intro- 
duced in 1991/92. At the same time CEP'I- recom- 
mended to reserve the lrequency bands 890-915 
MHz and 935-960 MHz for this purpo,';c thr,~ugh- 
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out Europe. 
At an early stage in the development, the 

wo:king a.,,sumption was established that the sys- 
tem would be based on digital transmission of 
wfice and data and that it would, as far as possi- 
ble. extend the functions and services offered by 
the integrated services digital network (ISDN) 
into the mobile sector. The following basic system 
requirements have been established by GSM: 
- T h e  system should allow atttomatic interna- 
:,onal roaming. This means that the system will 
keep track of the mobile subscribers locations so 
that calls from the fixed network can be routed to 
them directly with no necd for the fixed telephone 
subscriber to know the location of the mobil,- sub- 
scriber. 
- N o  significant changes to the fixed telephone 
network or the existing infrastructure for cellular 
mobile services should be rcquired by the new 
system. 
-The sxstcm should bc compatible with the 
cw~lving ISDN network and should support as 
many ISDN services as possible, including thc 
possibility to offer cncryption of the user informa- 
tion on the radio path. The system will support 
car mounted a~. well as handhcld mobile units. 
- T h e  average spccch quality pcrccivcd by sub- 
scribcrs should bc equal to or bcttcr than the 
quality in 91)(I MHz analogue mobile systems of 
today. 
- T h e  system should bc as spcctrunl effective as 
possible, the aim being to offer a capacity 
superior t~ that of existing systems. 

According to the current action plan, outline 
versions of the ;ucommcndations will be available 
by the end of 1987, and stable versions arc ex- 
pected at the end of 1988. 

To establish the characteristics of the system, 
a number of research programmes have been car- 
ricd out in the European countries. A number of 
scenarios have bccn studied for the modulation 
and access techniques as well as for the speech 
coding algorithm and in ordcr to coordinate and 
evaluate thcsc technical studies, GSM has cstab- 
lishcd a number of specialiscd sub-working 
groups within the CEPT organisation. 

In October 1985, the Speech Coding Experts 
Group (SCEG) was formally created as a joint 
group between the CEPT sub-group TR/SG3 and 

the COST project 207, a Pan-European research 
programme in the field of digital mobile tele- 
phony. This paper is based on the results obtained 
by this group. 

Taking into account the deadlines defined by 
GSM, a selection procedure consisting of three 
distinct phases was established by the SCEG. In 
the first phase, the main task was to establish the 
design requirements and test methodology for the 
comparison of candidate coding algorithms. 

In the second phase, starting in September 
1986, 6 selected codecs were assessed in a coordi- 
nated experiment [lJ. In addition to speech qual- 
ity, the transmission delay and implementation 
aspects were evaluated for each of the candidates. 

On tl~c basis of the results from phase two, 
GSM decided in early 1987 to select one basic 
scheme for further optimization in a third phase 
which is presently going on (Junc 1987). The re- 
sult <~f this optimization was the selection of a 
simplified Regular Pulse Excitation LPC al- 
gorithm with long-term Prediction (RPE-LTP) 
for the European DMR system. Continued work 
in phase 3 will include detailed optimization of a 
channel coding scheme for error protection, 
hardwarc validation experiments, subjective 
characterisation experiments, and the detailed 
specification of the algorithm. 

2. Performance objective flDr the GSM syst~!m 
speech coder 

During the course of the studies a number of 
basic dcsign objcctives havc been identified for 
thc GSM speech coder: 

2. !. Speech qualio' 

The basic requirenments for speech perfor- 
mance is that from the subscriber's point of view. 
the average quality for voice telephony should be 
at least as good as that achieved by the first gen- 
eration 90(I MHz analogue systems over the range 
of practical operating conditions. 

Medium and low bit rate codecs will have their 
performance optimized for speech, and it was 
foreseen that certain schemes might have prob- 
lems with other signals normally encountered in 
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public telephony. Therefore, the following 
specific requirements have been identified: 
- The coding algorithm should be robust to varia- 
tions in voice spectra and levels. A wide range of 
signal spectra can be expected due to variation in 
talkers, microphones and transmission effects of 
the telephone network. Furthermore, ~he average 
speech levels in the telephone network are known 
to vary over a range of about 30 dB. 
- T h e  codec should be robust to environmental 
noise and multiple voice signals. The mobile units 
have to operate in a variety of locations. In par- 
ticular noisy environments like moving cars have 
to be considered. Multiple voices can occur as 
background "noise" as well as originating from 
loudspeaking telephones. 
- The tandeming of two coder/decoder combina- 
tions is envisaged in the case of a mobile to mobile 
connection. In thi~ case, a certain degradation in 
quality could be accepted, however, intelligible 
communication should be possible in all cases. 

2.2. Bit rate 

The sampling rate will be 8 kHz to allow simple 
inter'facing to the Public Switched Telephone Net- 
work (PSTN). Based on a preliminary analysis of 
the conflicting requirements of spectrum effi- 
ciency and speech quality, a bit rate around 16 
kbit/s was taken as a working assumption at an 
early stage. 

codecs followed by the conversion to uniform 13 
bit PCM, or they may use a linear A/D-D/A to 
provide the uniform 13 bit format directly. 

The linear PCM interface will probably form 
the basis for transcoding to other standards, since 
the uniform PCM level is likely to be included in 
any low rate encoding method. Transcoding to 32 
kbit/s is already defined in principle through the 
existence of the 13 bit uniform interface in both 
algorithms. 

2.4. Transmission of non-voice signals 

No voice.band data requirements have been 
specified for the speech codec. However, it is re- 
quired that the speech coder should be capable of 
transmitting the audio tones provided to the sub- 
scriber by the network, such as dialing tones, ring- 
ing tone, busy tone etc. 

The GSM system will support a number of 
digital data services as well as the most common 
voice band data services. Considering that the de- 
sign of medium and !o,~' bit rate codecs rely on 
the exploitation of basic properties of the speech 
,~ig~,!, it must be expected that a compromise 
coding scheme to accommodate both speech and 
voice-band data would result in reduced voice 
quality. Therefore. in the speech coder design. 
priority has been given to voice performance and 
it has been decided that special terminal adapters 
will bc implemented to transmit w~ice-band data. 

2.3. Transcoding 2.5. Transmission delay 

The basic speech coding standard for the GSM 
system will probably be defined as a transcoder 
between 13 bit uniform PCM (8 kHz sampling 
rate) and the bitstream of about 16 kbit/s deliv- 
ered to the radio system. 

On the network side the GSM speech coder 
will have to provide transcoding to and from A- 
or ~,~ ~aw PCM. The conversion between 64 kbit/s 
PCM according to CCITT G.711 and uniform 
PCM has already been fully defined in CCITT 
Rc,:ommendation G.721. This conversion will re- 
sult in 13 bit uniform PCM in the case of A-law 
PCM. 

In the mobile station the manufacturers will 
have the choice between readily available A/~-iaw 

Because of impedance mismatch at the 4- to 
2-wire conversions at the extremities of a tele- 
phone connection, reflections will occur. In nor- 
mal national and short-range international calls. 
these reflections are sufficiently attenuated in the 
network, and will not cause any problems. How- 
ever, if the one-way delay of the connection ex- 
ceeds about 50 ms, the attenuation in the network 
is not sufficient and echoes may cause .,,crious dis- 
turbances to customers if not removed by other 
means. In such cases, echo control devices (echo 
cancellers or suppressors) have to be utilised. The 
overall delay in a DMR system will have two main 
contributions: 
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Speech coder delay 
To achieve an acceptable speech quality at bit 

rates below 16 kbit/s, block-adaptive coding 
schemes have normally to be used. Consequently, 
the transmission delay expected in medium and 
low bit rate coders may be substantial, depending 
on the block size, the complexity of the algorithm, 
the processing speed of the DSP etc. 

Delay gf the radio-subsystem 
To combat the effect of burst errors, bit inter- 

le~wing techniques have to bc used by the radio 
system. This is a technique which requires that 
the transmission bits are buffered and transmitted 
in a new sequence to spread the errors. The delay 
introduced in this way may be several speech 
coder frames. 

In order to eliminate excessive delay aiterna- 
ivcs, :m upper limit of 65 ms has been fixed for 

each of these components. 
The delay introduced by the DMR system has 

to be added to any delay in the telephone net- 
work. Therefore, the situation may arise that 
ccho control may be nccdcd in DMR connections 
that would otherwise not need it. This situation is 
difficult to detect in the PSTN, and it is therefore 
envisaged that the DMR system will have to pro- 
vide its own echo control to prevent unacccptablc 
performance due to echo. 

2,6, Ease t~fimph'mentatioJt 

The implementation requirements for the 
speech coder derive from the basic requirement 
that hand-held portables should bc suppoctcd by 
the system. In a hand-portable unit, maximum 
values h,r ,~izc and weight have to be fixed as a 
compromise between human factors considera- 
tions and the operational duration of a handheid 
unit. The operational duration is highly depen- 
dent on the battery capacity and the transmitting 
power, and the batlcry capacity will of course bc 
limited by the weight limitation. 

The implementation rctluircmcnts for the 
speech coder arc: 
- implementation on one single VLSI chip; 
- minimum power consumption. 

3. Selection of a speech coder for the GSM system 

Initially, more than 20 speech codec develop- 
ments directed toward DMR applications were 
reported in the participating countries. After an 
initial screening on a national basis, 6 candidate 
algorithms were presented to the European 
Speech Coding Expert group for consideration. 

In order to be able to evaluate factors such as 
transmission delay and implementation aspects, 
all candidate codecs had to be presented as 
hardware laboratory models operating in real 
time. By this requirement a certain maturity of 
the schemes could also be ensured. For compari- 
son purposes, a common gross bit rate of 16 kbit/s 
was agreed. Within this bit rate, codec designers 
had the liberty to allocate the bits to speech cod- 
ing or channel coding as they deemed necessary 
to achieve a satisfactory average performance 
with Bit Error Rates (BER) up to 1%. 

The 6 candidate codccs can be grouped into 
two classes: Sub-band coders and pulse excited 
coders. A brief description is given below. 

Sub-band coders 
Four sub-band coders were presented: 

- T h r e e  variants of sub-band coders with block- 
adaptive PCM coding of the sub-band signal 
(SBC-APCM), and 
- o n e  sub-band coder using backward-adaptive 
ADPCM coding of sub-band signal (SBC- 
ADPCM). 

The main parameters of the sub-band coders 
have been summarized in Table I. 

All 3 SBC-APCM schemes [2, 3, 4] can be re- 
garded as variants of the following basic scheme" 

The signal is split into a number of (8 or 16) 
sub-bands, a sub-set of these (6 or 14 respectively) 
are transmitted. Forward estimation and adaption 
on a frame by frame basis is used. The side infor- 
mation consist of block power information and 
the spectral informatioo represented by the sub- 
band signal levels (i.e., 6 or 14 yah,,-,). The sub- 
band signals arc quantized by individual Max-type 
(pdf optimized) quantizers. The number of bits to 
be used in the coding of the signal samples in 
each sub-band is determined from frame to frame 
by an adaptive scheme based on the distribution 
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Table 1 
Algorithm parameters of  sub-band coders 

Coder 
Scheme 

A B C D 
SBC-APCM I SBC-APCM 2 SBC-APCM 3 SBC-ADPCM 4 

Bitrate budget 
Sub-band signals 
Side information 
Net bit rate 
Other (sync etc) 
Error protection 
FEC scheme 

14 kbit/s 14 kbit/s 
1 kbit/s 1 kbit/s 

15 kbit/s 15 kbit/s 

i kbit/s 1 kbit/s 
Golay BCH truncated 
+ Hamnling 

Frame length 

10 kbit/s 
3 kbit/s 

13 kbit/s 

3 kbit/s 
Extended 

Gohly 

lqlter bank data 
No. of sub-bands 

total/used 
Filter type 
Filter taps 

! 5 kbit/s 
0 kbit/s 

i5 kbitis 
! kbit/s 
II kbit/s 

Sub-band signal coding 
Ouantizer type 

Bit allocation 

15 nls 211 Ills 16 Ills I nls 

Coding of side information 
Spectral rcprcscntation 
Code book size 

Block gain 

16/14 
Parallell 
80 

~/6 16/14 
QMF trec structure Parailcll 
32, 24.16 64 

Max Max Max 

Adaptive Adaptive Adaptive 
I--4 bits 0 .2-5 bits 0-5 bits 

vector quantization vector quantization h~garitllmic PCM 
128 x 6 bits 128 x 0 bits 14 x 3 bits 

+ 64 x S i~its 
7 bits 4 + 4 bits 6 bit 
A-htw PCM Log P (M Log PCM 

SoIIl'Ct'S 
t Centro Studi c Laboratori Telccomnlunicazitmi (CSELT). 
: Electronics Laboratory (ELAB), Technical University of Trondheinl, Norway. 

Ellenltcl Utveckling AB, Sweden. 
4 British Tclccoill, United Kingdom. 

8/6 
OMF tree structure 
32, 16, 12 

Forv, ard adaptive 
ADPCM 

Band I-6: 
4 . 3 . 2 . 2 . 2 . 2  bits 

of the sub-band levels, to improve the perceived 
quality. 

In the SBC-ADPCM, adaptive differential 
PCM [5] is used for the coding of each sub-band 
signal. 8 sub-bands are used, 6 are transmitted. 
In the four lower bands, backward-adaptive quan- 
tizers and predictors are used. In the two upper 
bands only backward-adaptive quantization is 
used. The number of bits for the quantization of 
each band is fixed. Consequently, the coder does 
not rely on transmission of any side information. 

In the rightmost column in Table 1 the algorithm 
parameters of the SBC-ADPCM are summarized. 

Pulse excited coders 
Two LPC-based codecs participated in the 

tests: 
- a  simplified regular-pulse excited LPC codec 
(RPE-LPC) [61. 
- a multipulse excited codec with long-term pre- 
diction (MPE-LTP) [7]. 

The main characteristic of these coders are 
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Table 2 
Algorithm parameters of pulse-excited coders 

Coder E F 
Scheme RPE-LPC ~ MPE-LTP~ 

Bit rate budget 
Net bit rate 14.77 kbit/s 13.2 kbit/s 
Error protection 1.23 kbit/s 2.8 kbit/s 
FEC scheme Reed-Solomon Extended Hamming 

Framing 
Speech frame 19.5 ms 20 ms 
Window 25 ms 20 ms 

Hamming, Rectangular, 
overlapping no overlapping 

L PC.amdysis 
Filter order 12 8 
Algorithm Schur Le Roux-Gueguen 
Coef. coding 52 bits 28 bits 

In verse filtering 
Lattice type Direct form 

Pulse modelling 
Method Regular-pulse Multi-pulse 

(simplified with long-term 
procedure) prediction 

No. of 
pulses/frame 52 24 

,¢~'Ollrt't',i' 
Philips Kommunikations lndustrie AG, Ntirnberg. Fed. 
Re),, Germany. 

~' IBM laboratory, La Gaude, France. 

listed ia Table 2. 
There are 11o major differences between the 

two codecs concerning the following basic func- 
tions: 
- Framing, 
- LPC-analysis, and 
- inverse filtering. 
The main difference appears in the pulse model- 
ling and quantization methods. 

The MPE algorithm assumes the representa- 
tion of the residual signal samples by a small 
number of pulses, the positions and amplitudes of 
which are optimized to minimize a weighted error 
criterion. This algorithm also includes a long-terra 
prediction loop around the quantizers to increase 
coding efficiency. 

The RPE algorithm assumes that the residual 
signal is represented by a pulse train, chosen with 
a reduced set of positions, but with more pulses 
than the MPE scheme. 

4 .  R e s u l t s  o f  e v a l u a t i o n s  

The candidate speech codecs have been com- 
pared with respect to the following criteria: 
- Subjective opinion ratings under different con- 

ditions; 
- informal evaluations of effects of multiple voi- 

ces and lorry noise; 
- transmission delay; 
- complexity and implementation aspects. 

4.1. Subjective quality 

4.1.1. Test conditions 
The basic speech quality requirement for the 

speech coder has been formulated as an average 
taken over the range of practical operating condi- 
tions (Section 2). 

An experiment was designed to evaluate this 
requirement, by selecting test conditions to cover 
the range of conditions considered to be essential. 
Furthermore, test conditions from an existing 
companded FM system were included in the sub- 
jective tests. In this way, it was possible to 
evaluate the requirement by direct comparison of 
an average MOS for each codec computed over 
all test conditions to the corresponding- average 
obtained for this analogue reference system. 
Based on the performance requirements in Sec- 
tion 2, the following test conditions were selected: 

Input levels: 12, 22, 32 dB below overload of the 
coder 

A range of 20 dB was chosen to represent the 
practical range of speech input leveF; that the 
codecs would experience in an operational envi- 
ronment taking into account the variations in 
vocal level between individuals as well as the level 
distributions to be expected from the PSTN. 

Bit error probabilities: 0, 10 -3 and 10 -2. 
The tests were conducted in an early stage in 

the planning process, and consequently the radio 
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and access techniques were still under study. 
Therefore, no reliable estimate of the burst error 
p~tterns to be expected at the speech coder inter- 
face could be found. For simplicity, it was agreed 
to assess the codecs using randomly distributed 
errors, the assumption being that if a speech 
coder performs well with random errors, then it 
would perform well also with burst errors, pro- 
vided a suitable channel coding adapted to the 
error statistics is provided. 

Transcodings: 1 and 2 
The condition of two  codecs in tandem repre- 

sents the situation of a mobile-to-mobile call. In 
this condition, the transcoding was performed 
with interconnection on the analog level, i.e.. 
with full A/D-D/A in both codecs. 

The companded FM conditions were: 
- Carrier-to-noise (C/N) ratios 18 and 26 dB com- 
bined with simulated Rayleigh fading correspond- 
ing to a vehicle speed of 10 m/s. 

- A C/I value of 18 dB is a commonly used limit- 
ing value for planning of analogue cellular sys- 
tems. This condition is normally assumed to be 
exceeded for 9(1% of the locations in the cell. The 
corresponding limiting value for the digital system 
has been assumed to be a BER of 1(1-2. Similarly, 
the value C/I = 26 dB is assumed to be exceedcd 
for 50% of locations in an analogue system 
whereas the corresponding limit in the digital case 
was taken to be BER = 10 -3. 

4.1.2. Results of subjective experiments 
To provide the information needed for the 

selection, an international subjective experiment 
was carried out. In a joint labolatory session. 
hosted by CSELT (Italy), test recorciings were 
made in a number of different languages. Subjec- 
tive tests were then conducted with subjects lis- 
tening to their native language [1]. The following 
laboratories participated in the experiment: 
British Telecom (United Kingdom), CNET 
(France), CSELT (Italy), Dr. Neher Laboratories 
(Netherlands), FTZ (Germany) and the Norwe- 
gian and Swedish Telecommunications Administ- 
rations. 

On the basis of the results, global scores (aver- 
aged over all experiments and conditions) have 

Table 3 
Average speech quality - global results 

Codec Average mean opinion score 

A SBC-APCM 2.98 
B SBC-APCM 2.46 
C SBC-APCM 3.14 
D SBC-ADPCM 2.92 
E RPE-LPC 3.54 
F MPE-LTP 3.27 

Companded FM !.95 

been calculated for all six codecs in the experi- 
ment, as well as for the analogue FM system. The 
average is based on 10 representative test condi- 
tions, assessed with about 2(I talkers and 8(I listen- 
ers. Th,: differences seen in Table 3 are therefore 
considered to be statistically highly significant. 

Table 3 shows that all codecs on the average 
performed clearly better than the analogue refer- 
ence FM system. It is observed that the average 
score obtained by this system corresponds to the 
scale value "poor". This is clearly not a correct 
description of the subscribers impression of exist- 
ing mobile systems. A probable explanation for 
the low score obtained by this system may be that 
the subjects may have had little or no experience 
with the degradations to expect in a mobile call. 
Consequently, it is probable that they have made 
their judgement with reference to their experi- 
ence with telephone connections resulting in rela- 
tively low scores. The scores in Table 3 are how- 
ever believed to reflect a correct rank order, al- 
though the absolute scores should bc treated with 
some caution. 

Th,: experiment did not include any "ideal" 
condition for the companded FM system to cor- 
respond to the BER = 0 condition of the digital 
codecs. How 'ver, previous results and experience 
[4] have shown that the speech quality in the 
analogue FM system saturates at a C/N value of 
about 35 dB, which would represent the "ideal" 
condition for companded FM. A reasonable esti- 
mate for the ideal condition in this experiment 
was found by linear extrapolation from the values 
obtained at C/N = 18 and 26 dB in the experi- 
ment. This extrapolated value was included in the 
average score. 
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4.2. Transmission delay 4.3. Implementation aspects 

The candidates were implemented as hardware 
equipments operating in real time, and the delay 
of each coder could have been measured directly. 
However, being prototype versions, many of the 
codecs were far from optimum with respect to 
delay. The evaluation of the delay had therefore 
to some extent to be based on theoretic analysis 
assuming the use of commercially available digital 
signal processors. The delay figures shown in 
"Fable 4 have all been normalized to reflect the 
net coder delay consisting of the theoretical al- 
gorithm delay (frame or window delay), a realistic 
processing delay and the delay due to the 16 kbit/s 
serial transmission. 

The results given in Table 4 show that the 
codecs fall into two distinct classes: The SBC- 
ADPCM codec with only 7 ms delay and the re- 
maining 5 codecs with delays in the range 35-45 
ms. Taking into account the uncertainties as- 
sociated with the estimation of the delay parame- 
ter, no discrimination was made between the 5 
coders. 

The GSM digital mobile system will be based 
on a so called narrow-band TDMA system. This 
implies that the speech coder information will be 
transmitted in bursts. Depending on the TDMA 
frame length, on the peak processing power of 
the processing device used, and on the structttrc 
of the ,igorithm (e.g. if it can be divided into 
sub-blocks), the codec delay will be between the 
frame length and the serial transmission delay 
given in Table 4. 

The aim of the evaluation of the implementa- 
tion aspects was to assess the possible realization 
of the different candidate codecs as single VLSI 
chips and to estimate the power consumption re- 
quirements. 

The basic data available for the evaluation 
were: 
- t h e  memory requirements for parameter stor- 
age (Random-Access Memory, RAM), the pro- 
gram size (Read-Only Memory, ROM); 
- t h e  computational complexity in terms of 
MOPS (Millions of arithmetic operations per sec- 
ond). 

The data collected on the 6 speech coder pro- 
totypes are summarized in Table 5. 

The random-access memory (RAM) is 16 bit 
for all processors used. The read-only memory 
(ROM) have been normalized to 16 bit words for 
comparison purposes. The figures for the number 
of multiplications and additions reflect the al- 
gorithm complexity to some extent. Not reflected 
in the table are the additional operations needed 
to implement the algorithms, branch operations, 
loop instructions, address calculations etc. 

It is recalled that all candidate codecs were pre- 
scnted as laboratory prototypes implemented in 
most of the cases on several commercial DSPs. 
The implementations, basically aimed at a dem- 
onstration of the achievable quality were gener- 
ally not optimized for effective implementation. 
The figures in the table are therefore not suited 
for detailed comparisons between the coding 

Table 4 
Delay properties of the candidate coders 

Codec Frame length Delay assuming 
serial transnlission 

A SBC-APCM 15 Ills 
B SBC-APCM 2(} ms 
C SBC-APCM 16 ms 
D SBC-, aDPCM I ms 
E RPE-!_PC 19.5 ms 
F MPE-I.TP 211 ms 

< 40 ms 
<45 ins 

35 ms 
7 ms 

<4,1 ins 
3~ nlS 

Table 5 
Memory requirements and computational conlplexity 

('odec 

Memory Computational 
requirements complexity 

RAM ROM ADDs MPYs Sum 

A SBC-APCM 11.820k 3.4k 0.6M {}.6M 1.2 M 
B SBC-APCM 1.660k 5.5k 0.9M 0.5 M 1.4M 
C SBC-APCM {).35(}k 3.5k {}.SM 0.7M 1.5 M 
D SBC-ADPCM 0.450k 2.2k 1.0M 0.9M 1.9M 
E RPE-LPC 0.550k 4.5 k 0.8M {}.7M 1.5 M 
F MPE-LTP {) .34(Ik 12.6k 3.5 M i .4M 4.9M 

~pL'L~ch ('011111: ulliCaUon 
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schemes. However, it is clearly seen that codec F 
seems to be significantly more demanding than 
the remaining 5 both in terms of arithmetic oper- 
ations and in memory requirements. 

Comparing the figures listed in Table 5 to the 
capabilities of existing digital signal processors, it 
can be concluded that many of the candidate 
codecs are very close to or can in fact be im- 
plemented on one single DSP of todays genera- 
tions. 

A precise estimate of the power consumption 
of a chip can only be made reliably when the ac- 
tual chip has been defined and the number of 
transistors can be counted. No detailed analysis 
of this nature was possible in the relative short 
period of time available. However, considering 
that the codec probably would be implemented 
using 1 tam CMOS technology and that applica- 
tion ~ "~'~'" ~,p~mc design would reduce th~ transistor 
count compared to a DSP solution, the prelimi- 
nary conclusion was that any of the less complex 
algorithms in Table 5 would result in a power con- 
sumption itl the order of 150-300 mW. 

ordered in the "best" group as regards complex- 
ity. In the delay aspect, only the SBC-ADPCM 
(Coder D) achieved a siginificantly better perfor- 
mance - however at the expense of a certain re- 
duction in speech quality, particularly in bit-error 
conditions. On this basis, the decision was taken 
to adopt the RPE-LPC, as the starting point for 
further studies. 

Following a detailed analysis of the technical 
solution applied in the two LPC-type codecs, the 
possibility was seen to include the long-term pre- 
diction feature of the MPE-LTP into the RPE- 
scheme resulting in a new "compromise" scheme 
termed RPE-LTP. 

A study by simulation of several options for 
this scheme was carried out and a new scheme 
was proposed. In Table 7, the basic features of 
the new scheme are compared to the original 
RPE-LPC. 

The new scheme was reported to have the fol- 
lowing properties: 
- At a bit rate of 13.0 kbit/s this coder achieves a 

5. The GSM speech coder: R P E - L T P  

In Table 6 the rank orders found in Tables 3-5 
with respect to the main factors speech quality, 
delay and implementation aspects have been sum- 
marized. In the design of each speech coder, a 
number of trade-offs involving speech quality, 
delay and complexity had to be considered by the 
codec designers. Therefore, it was no surprise 
that no single coder was found to be superior in 
all respects. 

However, the RPE-LPC (Coder E), was found 
to have the best average quality and was rank 

Table 6 
Rank order of candidate codecs. Entries in brackets cannot 
be disc,iminated 

Rank 

Parameter 1 (Best) 2 

Voice quality [El IF1 
Delay IDi [A.B.C.E.FI 
hnplementation [A.B,C,D.E] [F] 

3 4 5 6 

[el [AI ID1 IBI 

Table 7 
Comparison of RPE-LPC and RPE-LTP 

Coder RPE-LPC RPE-LTP 
(Basic scheme) (New scheme) 

Bit rate budget 
Net bit rate 14.8 kbit/s 13.1t kbit/s 

Framing 
Speech frame 
Window 

19.5 ms 20 ms 
2.5 ms 20 ms 

Hamming, Rectangular, 
overlapping no overlapping 

PC-analysis 
Filter order 12 8 
Algorithm Schur Shur 
Coef. coding 52 bits 36 bits 

hn,erse fiitering 
Lattice type Lattice type 

Pulse modelling 
Method 

No. of pulses 

Regular pulse Regular pulse 
(simplified (simplified 
procedure) procedure) 

52/frame 52/frame 
4 bits/pulse 3 bits/pulse 
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speech quality equivalent to that of the RPE-LPC 
at 14.8 kbit/s in error free conditions. 
- The inclusion of the LTP loop results in a minor 
increase in the sensitivity to errors. However, if 
the bit rate reduction of 1.8 kbit/s is utilised for 
additional error protection, a net increase in error 
robustness can be achieved. 
- The potential delay of the new scheme is 5 ms 
lower than the original one since no overlapping 
of analysis windows is required. 
- The complexity of the new scheme is similar to 
that of the original one. 

On this basis, it was decided to adopt the new 
RPE-LTP scheme for standardization in the Pan- 
European DMR system. 

6. Further work 

6.1. Error protection 

The studies reported in section 3 and 4 of this 
paper were conducted in an early stage of the 
planning process, when both the speech coder and 
the radio and access techniques were still under 
study. Having fixed the technical solution for the 
GSM system, the problem of defining an op- 
timized channel coding scheme has just begun 
(June 1987). The goal of the optimization is to 
achieve a satisfactory average pcrtk~rmancc with 
a minimum number of redundancy bits added to 
the 13 kbit/s stream from the spt ~ch coder. 

The error protection envisaged wi!! consist of 
two eJenlelltS: 

"Selective" forward error correction 
It is well known that the various parameters of 

a medium/low bit rate speech coder have diffcrcnt 
sensitivities to bit errors. Consequently, for an 
effective utilization of a limited number of redun- 
dancy bits per speech coder frame, the output bits 
of the speech encoder have to be divided into 
classes according to their importance and given 
different degrees of protection. The problem to 
be resolved is to determine: the overall number 
of redundancy bits necessary, the number of clas- 
ses n, the number of bits and the degree of protec- 
tion in each class, and finally the error protection 
algorithm itself. This is a complicated mul- 

tidimensional problem, and in order to reduce the 
number of variables, the following preliminary 
choices have been made: 
- the number of classes will be 3; 
- a 3-level protection will be achieved using 

punctured convolutional codes at the rates ~, ~, 
and ]. 

Error detection or "frame erasure" information 
The residual error statistics expected at the 

speech coder interface, even after interleaving, 
are expected to be of burst nature, with strong 
correlation between the bit classes. In particular, 
when there is a non-correctable error in the most 
sensitive class, it is highly probable that the com- 
plete speech coder frame will be unrecoverable 
or "erased". By including a few parity bits in the 
speech coder frame, this situation can be de- 
tected, and the subjective effect of the erased 
frame can be ameliorated by extrapolating 
parameters from preceding speech frames. Of 
course, this procedure is only applicable for a lim- 
ited period of time, and the strategy for dealing 
with this situation is under study. 

A similar situation where frame extrapolation 
would be needed, may arise in handover situa- 
tions, where very rapid signalling is necessary. In 
this situation, the possibility to "steal" speech 
codcr frames for signalling purposes is being 
studied. 

6.2. Future speech coder developments 

In a mobile cellular system, the frequency 
spectrum represents a restricted resource that 
cannot be readily expanded if the need arises to 
increase the capacity of the system. In the GSM 
system two technical solutions will be studied to 
improve the spectrum efficiency. 

Half rate codecs 
In the TDMA access system now being de- 

fined, the speech coder frame (20 ms) will be 
transmitted in 4 TDMA bursts. In the planning of 
the radio and access systems, provisions will be 
made to accommodate "half rate" speech codecs 
without any modification of the TDMA system. 
A half rate codec will be transmitted in 2 T D M A  
frames, which implies that the gross bit rate (data 

Slp~.'c~II (.'o.lnl Ill tl ni~.'ii| io n 
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rate of speech coder + channel coder) will be half 
of that of the full rate channel. Considering that 
a low rate codec may produce a larger proportion 
of sensitive bits, the actual speech coder bit rate 
aimed at may be lower than 6.5 kbit/s. 

Discontinuous transmission 
In a two way conversation, the average speech 

activity of a subscriber will be less than 50%. If 
this could be utilized to avoid transmission in 
periods of silence, the interference level could be 
reduced significantly which would considerably 
improve the spectrum efficiency of the system. 
The essential component in such a system is the 
voice activity detector. In the speech coder 
scheme selected, interesting possibilities exist for 
reliable voice detection on a frame-by-frame 
basis° However, the problems of speech activity 
detection in noisy environment, noise switching 
contrasts and possible tandeming of voice-acti- 
vated devices in other parts of the network will 
h~ve to be studied. 

7. Conclusions 

A digital cellular mobile-radio system offering 
international roaming is under planning in the 
European countries. The progress of the speech 
coding studies have been presented: Following an 
introductory phase where performance require- 
ments and testing methodology were defined, a 
coordinated evaluation programme was carried 
out. As a result of this, a 13 kbit/s Regular-Pulse 
Excitation LPC speech coding algorithm includ- 
ing Long-term Prediction, has been selected. The 
detailed specification of this algorithm has just 
begun (June 1987) and will be completed in early 
1988. 

.Acknowledgments 

The work reported here represents the out- 
come of contributions from a number of Euro- 
pean companies and Telecommunications Ad- 
ministrations in the CEPT TM3/COST 207 
Speech Coding Experts Group. Without the joint 
efforts and cooperation of these organisations, 
and not the least, of the individuals represe,ting 
them, the successful completion of this multi-na- 
tional development programme would not be pos- 
sible. 

References 

[1] A.E. Coleman, N. Gleiss and P. Usai, "'A subjective 
testing methodology for evaluating medium rate codecs 
for digital mobile radio applications", Speech Communi- 
cation, this issue. 

[21 v.  Lazzari, R. Montagna, D. Sereno and A. Rusina, 
"'Comparison of two speech codecs for DMR systems", 
Speech Communication. this issue. 

[3] T.A. Ramstad, "'Sub-band coder with a simple adaptive 
bit-allocation algorithm: A possible candidate for digital 
mobile telephony?" ICASSP 82, Paris (1982). 

[4] T. Mattson and J. Uddenfeldt, "'Digital vs. Analog Cel- 
lular Radio - Subjective Quality", 2nd Seminar on Land 
Mobile Digital Radio Communication, St~ckhohn. Oc- 
tober (t986). 

[5] R.B. Hanes and P. Atkms, "The UK candidate 16 kbit/s 
codcc fl~r the GSM pan-european study on digital cellular 
land mobile radio", Speech Communication , tiffs issue. 

161 p. Vary, R. Hofinann, K. Hellwig an..'t R.J. Sluyter, "'A 
regular-pulse excited linear predictive codcc", Speech 
('ommtoff('atiotz, this i.~;:;ue. 

[7] C. Gahmd, M. Rosso, Ph. Elie, E. Lancon, "'MPE/LTP 
coder for mobile radio application", Speech ('ommtmica- 
tu n, this issue 

V~II. 2. N~. 2. July 1q88 


