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ABSTRACT

The European Telecommunication Standards Institute’s
SMG 1 recently finalised the requirements for an envis-
aged enhanced full rate (EFR) codec to supplement the
current GSM TCH-FS codec [1]. In this paper, we as-
sess the performance of two modern speech codecs vis-a-
vis the published performance requirements for the envis-
aged EFR. We conclude that a significant improvement
in speech quality both under clear and degraded channel
conditions is achievable within the framework of the SMG
performance requirements.

1. INTRODUCTION

As personal communication services develop, users who
want to roam freely between fixed, cordless and mobile en-
vironments shall expect consistent quality. The need for
an enhanced full rate codec for GSM has arisen from the
realisation that the speech quality of the current TCH-
FS 13kb/s RPE-LTP [5] codec falls short of what shall
be expected in this future wider consumer market. It is
also widely accepted that a better solution can now be
achieved thanks to the advances in speech coding and
VLSI technologies since the adoption of the GSM TCH-
FS. This is evidenced by for example, the TCH-HS and
ITU-8 codecs, which despite operating at lower rates, are
expected to produce speech of quality the same or better
that that of the TCH-FS codec. Furthermore, after more
than five years of deployment, many operators have ar-
rived at the conclusion that the performance of the TCH-
FS under some frequently encountered marginal coverage
conditions such as indoors, leaves a lot to be desired. This
paper, reports on a study of two codecs, conducted to as-
sess the feasibility of some of the performance criteria set
for an EFR GSM speech and channel codecs. The subset
of requirements investigated include [1]:
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Requirement Target
Speech Quality
error free | G728
C/113 dB | > G728 (error free)
C/I1 10 dB | significantly > TCH-FS
C/I17dB | significantly > TCH-FS
Speaker Recognition | G.728
Bit rates
Air interface | 22.8Kb/s (TCH-FS)
A-bis | 4 channels on 64kb/s link
< TCH-FS
< TCH-HS

Existing standards desirable

One way delay

Complexity

Choice of codecs
To meet the requirement for an existing (or at least,
prospective) standard, one of the codecs studied is the
ITU 8kb/s candidate described in [6] and then modi-
fied as per the description in [3]. The second codec was
a 7.65kb/s PRELP codec [4]. Optimised error control
coding was formulated for each codec. This study there-
fore, addresses the quality under clear channel, and un-
der channel conditions equivalent to C/I of 10 and 7 dB.
The possibility of reducing the one way delay is also ex-
plored. We use both the G.728 and TCH-FS as anchors
for validating the informal subjective tests. In the tests,
both codecs exceeded the clear channel quality of TCH-
FS, with the 7.65kb/s codec producing quality quite close
to G.728. Under the degraded channel conditions tested,
the 7.65kb/s codec showed on average more than 0.5 MOS
advantage over the TCH-FS. The ITU codec shows signif-
icant potential, albeit with a more complex FEC scheme.
Its performance under C/I of 7dB was however limited
by its high sensitivity to errors and a rather sub-optimum
lost frame reconstruction technique. The rest of the paper

is structured as follows: section 2. gives a brief descrip-
tion of the speech codecs, whilst section 3. describes the
channel coding schemes adopted. Section 4. presents and
discusses the results of the informal subjective tests.

2. SPEECH CODECS

2.1. ITU-8 Candidate Codec

The algorithm used in this codec is the famous Code-
book excited linear predictor (CELP) with an algebraic
codebook - hence, the codec’s name of algebraic CELP[6].
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[ Parameter I Bits per frame f
LSP 18
Adaptive CBI 13
Fixed CBI 34
Gains CBI 14

| Total | 80 |

Table 1: Bit allocation for ITU-8 codec

Input speech is processed in frames of 10ms. However,
during LPC analysis, there is a look-ahead delay of 5ms.
The algorithmic (buffering) delay of the codec is therefore
15ms. The following aspects of the codec algorithm are
worth notice:

1. Quantisation of LPC Parameters: These are
quantised in the form of line spectral pairs (LSP).
During quantisation, interframe correlation is re-
duced by the use of a 4th order moving average
predictor (MAP). The residual vector is then vec-

tor quantised in a two-stage process. The first stage

uses a 7 bits codebook to quantise the full LSP resid-
ual vector. The residual from this first stage is then
split-vector quantised with two 5 bit codebooks with
5 elements per vector.

2. Excitation Codebooks: The adaptive codebook is
searched in two stages. The first stage finds an open
loop pitch P, once a frame from a weighted version
of the input signal. In the second stage, a closed loop
fractional search is carried out within & 2 of P,. If P,
lies from 19 to 84, then a % sample resolution is used
in the search. The general structure of the algebraic
codebook which uses 13 bits for index and 4 for signs
is described in [6].

‘3. Quantisation of Excitation Gains: Another 4th
order MAP is used to reduce the dynamic range of
the algebraic codebook gain. The adaptive codebook
gain is then vector quantised together with the resid-
ual of this MAP using a conjugate structure code-
book of 14 bits.

Table 1 summerises the bit allocation for this codec.

2.2. The 7.65 PRELP Codec

PRELP is also a CELP-based algorithm whose codebook
can also be described as algebraic since it is generated
using an algebraic equation somewhat. In common with
ACELP, the codebook does not have to be stored. In
the PRELP codec used here, speech is processed in 20ms
segments. The LPC parameters are quantised in the form
of LSP using an ensemble of non-uniform scaler quantisers
which together require 37 bits. The 160 samples are then
processed in 4 subframes. The adaptive codebook search
uses a 1 sample resolution over the whole range of lag
values. The bit allocation for the 7.65 kb/s PRELP codec
is given in Table 2.
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Bara.meter | Bits per frame

LSP 37
Adaptive CBI 36
Adaptive CB Gain 20
Fixed CBI 40
Fixed CB Gain 20

| Total | 153 |

Table 2: Bit allocation for 7.65kb/s PRELP codec

3. CHANNEL CODECS

In designing the channel codecs for these two codecs, em-
phasis was placed on unequal error protection (UEP) to
maximise error control performance and on lost frame
detection because of the bursty nature of the channel.
Fig. 3(a) and (b) show the error sensitivity of the bit
map for the ITU-8 and PRELP codecs, respectively. It
can be clearly seen that the ITU-8 codec is, on average,
more sensitive to errors than the PRELP codec. Also,
the PRELP error semsitivity is highly differentiated, al-
lowing more effective UEP whilst the ITU-8 exhibits only
limited differentiation in error sensitivity and hence, less
effectiveness for UEP. Using these error sensitivity plots,
UEP schemes were designed for each codec.

3.1. UEP for ITU 8kb/s

Fig. 1 illustrates the UEP used for the ITU-8 codec. The
bits of two speech frames were combined to give 160 bits.
Prior to this, each frame’s bits were separated into two
classes according to error sensitivity:

¢ Class I - 50 most sensitive bits coded with a 1/3 rate
convolutional code of constraint length 7 to give 168
bits. Each frame’s Class I was coded separately, thus
requiring an extra 6 tailing bits.

o Class II - 30 less sensitive bits. These class was com-
bined for two frames to create 60 bits which are then
coded using five (23,12) Golay codewords to give 115
bits.

~ o All encoded bits are then combined and block inter-
leaved in a process called shuffling to differentiate it
from the GSM channel interleaving. The total of 451
output bits is well within the air interface require-
ment of 456 bits per 20ms of speech.

o Lost frame detection at the decoder exploits the num-
ber of corrected errors, parameter correlations and
also undecodable error declarations of the Golay de-
coder. Lost frame reconstruction uses the algorithm
described in [3].

3.2. UEP for 7.65kb/s PRELP

Fig. 2 illustrates the UEP used for the PRELP codec.
The bits from each frame are classified into three classes
according to error semsitivity:
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Figure 1: Optimised UEP scheme for ITU 8kb/s

153

. nt

4x(23,12)
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To channel interleaver

Figure 2: Optimised UEP scheme for 7.65kb/s PRELP

¢ Class I - 57 most sensitive bits are first protected
with a 5 bits CRC. The resultant 62 bits are then
encoded with a 1/3 rate convolutional code of con-
straint length 6 to give 201 bits.

¢ Class II - 48 next most sensitive bits are directly
coded with the same code to give 159 bits. These
first two classes are encoded separately - thus each
needs an extra 5 tailing bits.

o Class III - 48 least sensitive bits are coded with four
(23,12) Golay codewords to give 92 bits.

¢ The encoded bits from all the classes are then shuffled
together as described above. The total number of

bits from each frame is thus 452, well within the air-
interface requirement.

¢ Lost frame detection at the decoder uses the 5 bit
CRC on the Class I bits. Lost frame reconstruction
uses the generic algorithm described in [2].

4. SYSTEM EVALUATION

The two codecs together with their channel codecs were
evaluated in informal subjective tests whose aims were to
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find ount the following:

e How does the clear channel quality of the codecs com-
pare with GSM TCH-FS and G.7287

o What is the performance of the FEC schemes as com-
pared to GSM TCH-FS at C/I = 10dB and C/I =
7dB?

o What is the performance under these channel condi-
tions with and without interleaving?

In the tests, four different speech sequences were used:

¢ 15.6 seconds of mixed female and male speech
¢ 9 seconds of female speech
e 13.75 seconds of mixed male and female speech

e 6.38 seconds of male speech

Whilst all sequences were used to evaluate clear channel
quality, only the two mixed sequences were used to eval-
uate FEC performance. In all tests, the sequences were
presented to each subject in a different random order.
The results of the tests are presented below.

4.1. Clear Channel Quality

These tests establish the clear channel quality of the
speech codecs compared to GSM TCH-FS. G.728 was also

used as an anchor for the results.

| Coder | GSM | ITU | PRELP | G.728 |

MOS | 3.4 3.7 3.8 3.9
o 0.48 | 0.49 0.50 0.56

4.2. Optimised Channel Coding Quality

These tests were carried out to assess the performance of
FEC scheme for each codec and to compare this perfor-
mance with that of the GSM TCH-FS. Each scheme was
tested both with and without the channel interleaver.

1. With Interleaver

| C/1(dB) | GSM | ITU | PRELP ]
| 10 | 32 [34] 35 |
[ 7 ] 23247 30 |

2. Without Interleaver

{C/I1(dB) | GSM | ITU | PRELP |
{ 10 | 32 [33] 35 |
L7 | 23 28] 29 |
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Figure 3: Bit error sensitivity: (a) ITU 8kb/s (b) 7.65kb/s PRELP

4.3. Discussion of Results

The standard deviations for most of the tests were slightly
high. This can be explained by the range of subjects used
for the tests. Ten of the 13 subjects carry out speech cod-
ing research at rates ranging from 1.2kb/s vocoders to
48kb/s wideband codecs. Their perception and expecta-
tion thus varied widely. However, from the scores given to
the GSM TCH-FS and G.728, it is highly probable that
these results represent the actual situation. The lower
clear channel quality of the ITU 8kb/s can be attributed
to the in-house training of the LSP and codebooks. The
 PRELP codec quality was quite close to that of G.728.
The higher sensitivity to errors of the I'TU codec is evident
from the degradation suffered especially for C/I of 7 dB.
However, both codecs perform better than TCH-FS under
both channel conditions with the PRELP being the best.
It is also worth noting that performance with and with-
out interleaving is very similar especially for the PRELP.
This is attributable to the high FEC redundancy, as well
as the shuffling or zero-delay block interleaver used. It
is thus possible to avoid the 34ms delay introduced by
interleaving in TCH-FS with little or no degradation to
the speech quality.

5. CONCLUDING REMARKS

With the advances in speech coding since the mid 1980s
when the GSM TCH-FS codec was designed, it is now ev-
ident that the quality of the 13kb/s codec is sub-optimal.
Furthermore, there is increasing evidence that users might
not tolerate this performance for much longer as fixed and
wireless communications synergise into the ubiquitous
universal mobile telecommunication systems (UMTS). In
this paper we have shown that modern codecs, operating
with significantly lower bit rates can easily outperform
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the GSM TCH-FS both in clear and degraded channels.
Other aspects such as complexity have not been reviewed.
Nevertheless, algebraic CELP codecs - the subclass to
which both codecs belong - are not as complex as tradi-
tional CELP. Other issues identified as secondary by SMG
including quality under background noise, speaker trans-
parency, transparency to non-speech signals and tandem-
ing performance however still need to be Investigated.
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