
 Eurospeech 2001 - Scandinavia

�

���������	��
���
�	����������������
�����

����������
��
�����������
�����

����������	
��
�������������
�������������������
������
�����
�����
��
�

Dept. of Communication Technologies, Universidad Carlos III de Madrid 
Avda. de la Universidad, 30, 28911-Leganés (Madrid), Spain 

{gallardo, carmen, fdiaz} @tsc.uc3m.es 
 
 

���������

Both for the transmission over GSM and IP networks, voice 
must be encoded at the originating end and subsequently 
decoded at the receiving end. This lossy coding produces a 
quality deterioration, that though acceptable for a human 
being, seriously affects the performance of Automatic Speech 
Recognizers (ASR) when they are not specifically designed 
for operating under those conditions. The authors have 
already introduced and tested a new robust front-end which 
improves ASR performances by simulating both networks 
environments ([8], [9] and [15]). Here, we complete some 
previous results including realistic GSM models, compare 
both scenarios and put forward an integrated scenario where 
mobile GSM devices require the services of an ASR facility 
situated into an IP network. 
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Communication networks have evolved very quickly during 
last years and will continue evolving, even more dramatically, 
aiming at providing the user with ubiquitous coverage for a 
number of services. In this context, speech technologies are 
called to play an important role to endow those services with 
friendly spoken interfaces. Nevertheless, these new 
communication scenarios pose important challenges for 
speech technologies: low bit-rate (lossy) speech codecs, noisy 
(bursty) channels, unreliable networks, etc. 

In particular, we face the problem of Automatic Speech 
Recognition (ASR) in two environments of growing interest: 
wireless (GSM today, UMTS tomorrow) and Voice over IP 
(VoIP). In both cases, the speech signal is digitally encoded 
using low bit-rate codecs which cause distortion. In addition, 
the speech signal is further distorted by transmission errors 
(and environmental noise) in GSM, and by packet losses in 
VoIP.  

In the GSM framework, several approximations have 
been proposed to tackle these problems: speech enhancement, 
robust parameterizations, and model compensation. In the 
VoIP framework, nobody, as far as we know, has proposed 
specific solutions to deal with speech coding distortion and 
packet losses. Distributed ASR is an alternative approach for 
IP environments suggested by Digalakis et al. [4]; this 
approach circumvents the coding distortion problem by 
transmitting only the parameterization needed for recognition. 
The advantages of this approach rely on the fact that the 
bandwidth required to transmit the recognition parameters is 
very small, while the computational effort needed for the 
extraction is not large. Its shortcomings, which are now being 
addressed,  are the need for a standardized front-end ([5] and 
[17]), so that the client terminal computes the appropriate 
parameters, the impossibility to reproduce or process the 
speech signal at the remote end [2], and the increasing of the 

requirements on the configuration of terminals. On the 
contrary, in our approach the transmitter needs not to be 
aware of any of the processes concerning ASR, thus 
providing access for a wide range of terminals. 

Three years ago we proposed a novel front-end for ASR 
systems operating in the GSM framework ([8] and [9]). Other 
authors proposed a similar approach at the same time [12]. 
Specifically, we suggested recognizing from the quantized 
spectral information extracted and transmitted by the encoder, 
instead of decoding the speech and recognizing the decoded 
speech. More recently, another work that confirms our 
premises has been published [3]. In this paper, we have 
introduced more realistic channels for both GSM and IP 
networks, included channel coding in our comparisons and 
tested our system in a tandem scenario, similar to the ones  
considered in the ETSI TIPHON initiative [6] or [16].  

The rest of the paper is organized as follows. Section 2 
describes more in detail the problems originated by the GSM 
and IP frameworks for the ASR systems. Our approach is 
presented in Section 3 and the experiments in Section 4. 
Finally, some conclusions and an outline of the further work 
close the paper. 
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Firstly, we will briefly discuss the influence of speech coding 
distortion on ASR systems performances for both GSM and 
IP networks. Secondly, we will review the potencial 
degradations due to transmission errors in GSM and packet in 
IP. 
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The spectrum assigned to GSM is scarce and must be 
optimized to accommodate the maximum number of users. 
By its side, the bandwidth available for voice transmission in 
IP networks is highly variable depending on the networks 
through which the IP packets go. Therefore, a substantial 
compression rate must be applied to the speech signal which 
causes considerable (at least from the ASR point of view) 
distortion. Analysis of these negative consequences of speech 
coding can be found in [3], [7], [11] and [13]. 

We have chosen for our experiments the Half Rate codec  
(HR) for the GSM environment and G.723.1 for the IP one. 
The former is a VSELP (Vector Sum Excited Linear 
Prediction) codec working at 5.6 Kb/s and the later is a dual 
rate (5.3 and 6.3 Kb/s) compression algorithm which uses a 
Multipulse Maximum Likelihood Quantization (MP-MLQ), 
for the 6.3 Kb/s rate, and Algebraic Code Excited Linear 
Prediction (ACELP) for the 5.3 Kb/s bit rate. 
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The main factor that characterizes the GSM environment and 
contributes to the lost of accuracy in the recognition 
performance, is the greater amount of errors produced by the 
radio channel if compared with a conventional fixed link. 

Thus, a substancial portion of the bandwidth assigned to 
speech transmission in GSM is devoted to the protection of 
the bits corresponding to the speech coder (5.8 out of 11.4 in 
GSM-HR). This protection is stronger on certain more 
sensitive bits which include the spectral information ones. 
This contributes to the higher reliability of the spectral 
information when compared to the residual information. 

Based on the channel coding information, several error 
recovery methods are proposed though not compulsorily in 
the GSM Recommendations. They are based on substitution 
and muting of erroneous frames aiming at minimizing the 
perceptual distortion. 

For testing our proposed front-end under the GSM 
environment, we have simulated a complete GSM system 
which includes the channel coding/decoding and recovery 
mechanisms. The behaviour of the GSM channel has been 
simulated for several Bit Error Rate (BER) conditions using a 
hybrid model combining both empirical measures and 
theoretical results. More details about this procedure are 
available in [10]. 
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On top of speech coding, packet loss is the second source of 
distortion encountered in IP networks transmitting voice for 
recognition. It is mostly motivated by the discarding 
mechanism implemented in the nodes originally intended for 
avoiding congestion in elastic traffic. However, the speech 
real-time requirements make useless the lost packet 
retransmission procedure, set in the TCP protocol for data 
traffic. Moreover, another cause for packet loss must be 
added to congestion: jitter due to the distinct paths taken by 
different packets, causes correctly received but delayed 
packets to be considered lost. 

Several network improvements are being now devised for 
adapting current IP networks for carrying traffic with real-
time requirements such as voice. Among them, the protocols 
such as H.323, SIP or MGCP, RSVP and RTP/RTCP. 
Nonetheless, these are very ambitious long-term solutions that 
may perfectly complement the solution we propose. 

As far as the codec is concerned, some packet loss 
recovery mechanisms are always embedded; nevertheless, 
these mechanisms are hardly constrained by tight real-time 
requirements, more relaxed in ASR tasks.  

Packet loss encountered in digital transmission over IP 
are not independent in a frame-by-frame basis, but appear in 
bursts. We have simulated such a channel using a simple 
Gilbert’s model. A recent paper by M.S. Borella [1] reports a 
thorough experimental study about the way in which packet 
loss occurs in the Internet, focusing on packet lengths and 
inter-departure times designed for voice traffic according to 
G.723.1 recommendation.  We have adjusted Gilbert’s model 
parameters to meet the performance empirically measured by 
Borella (more details in [15]). 
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All of the coders previously mentioned are based on the 
separation of the speech waveform into a spectral envelope 
(or synthesis filter) and a residue (or excitation signal). This is 
a very important fact from the point of view of speech 
recognition since it relays almost exclusively on the spectral 

information. It has been also observed ([11]) that the 
quantization applied to both the synthesis filter and the 
excitation signal has a much more notorious influence on the 
later. Moreover, GSM channel coding provides stronger 
protection to the former, thought the portion of bits assigned 
to its representation is considerably smaller. 

These observations motivate the present proposal, which 
aims at improving the accuracy of speech recognizers by 
means of appropriately transforming the spectral information 
provided by the coders, for being employed by the 
recognizers, without the reconstruction of the speech signal. 
In particular, we compute LP spectrum from the quantized 
short-term parameters of the codec, from which we are able to 
extract 12 mel cepstral coefficients using a 40 filter bank of 
mel-scale symmetrical triangular bands.  

Besides the spectral information, energy is a very 
important parameter for a speech recognizer. Nevertheless, it 
is not usually transmitted as a separate parameter, but 
embedded into the excitation vector. A rough and straight-
forward estimation of that value is thus needed, provided that 
we are not interested in re-synthesizing the whole excitation 
vector or we would otherwise lose part of the benefits pleaded 
before. 

Frame rate is an important design decision in every 
speech coder. For example, G.723.1 has a 30 ms frame 
length, which helps it to attain its low bit rate of 5.3 or 6.3 
Kbps, but turns out to be very negative in case of packet lost, 
due to the long duration of the gap thus generated. GSM-HR, 
by its side uses a shorter 20 ms frame length. This rate is of 
considerable importance in speech recognition as well, and 
rates between 10 and 15 ms are common. Interpolation of 
spectral features is a good way to reconciliate both  frame 
rates (codec’s and recognizer’s), provided that we have 
reliable features at hand. 

The advantages provided by the suggested procedure 
compared to the decoding one are: 

 
• ����
���������������������������. Thus, only the 

quantization of the spectral parameters affects the re-
parameterization. This quantization is known to have 
negligible influence in the case of LSPs [11]. 

• �� !������� 
�
����� ��
���������� ������: spectral 
parameters are more protected than the rest by 
channel coding. Therefore, the use of unreliable 
parameters such as the excitation vector, always 
results in a weaker recognition feature vector [9]. 

• �� !������� 
�
����� "
�#��� ����: the design of an 
specific recovery mechanism for speech recognition 
that operates on reliable spectral parameters performs 
better than the ones embedded in codecs for speech 
reconstruction. For instance, the delay constraints 
that cut down the possibilities of the later 
mechanisms are not so restrictive in the former [15]. 
Thus, it is possible to use interpolation procedures 
that uses  several previous and posterior frames to 
approximate the lost packet. 

• ���"!�
����
�� ��$!��������: slight computational 
benefits can be obtained with this approach, because 
the decoding of speech is no longer needed. 
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In this section, we present and discuss the experiments carried 
out in order to compare the proposed front-end with the 
conventional one in different GSM and IP network 
conditions. For this purpose, we have chosen two different 
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tasks: speaker-independent isolated digit recognition (IDR 
task) and speaker-independent continuous speech recognition 
(CSR task). 
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For the IDR experiments, we have used a database consisting 
of 72 speakers and 11 utterances per speaker for the 10 
Spanish digits. Since this database is quite limited to achieve 
reliable speaker-independent results, we have used a 9-fold 
cross validation to artificially extend it. The baseline system 
in the IDR task is an isolated-word, speaker independent 
HMM-based ASR system developed using the HTK package 
[18]. Left-to-right continuous-density HMM with three 
Gaussian mixtures per state are used. 

The database in which we have focused our experiments 
for the CSR task is the well-known Resource Management 
RM1 Database [14], which has a vocabulary of 991 words. 
The training corpus consists of 3990 sentences and the test set 
contains 1200 sentences, which corresponds to a compilation 
of the first four official test sets. Originally, RM1 was 
recorded at 16 kHz and in clean conditions; however, our 
experiments have been performed using a (downsampled) 
version at 8 kHz. We have employed context-dependent 
acoustic models (three-mixture cross-word triphones) and a 
simple language model (a word-pair grammar).  

The parametric representation of the speech signal 
consists of 12 mel-cepstral, one log-energy, 12 delta-cepstral 
and one delta log-energy coefficients. 
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Table 1 shows the recognition rates for different channels 
conditions. Namely, for Bit Error Rates (BER) of 10-3, 5.10-3 
and 10-2 (the first row shows the performance for a clean 
channel).  Our approach is labeled as “digital” while the 
conventional one is labeled as “decoded”. 
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- - - 99.42 99.49 85.39 87.95 

10-3 0 2.5⋅10-4 99.38 99.48 85.23 87.95 

5.10-3 0.07 1.6⋅10-3 99.29 99.38 84.72 87.81 

10-2 0.38 2.7⋅10-3 99.07 99.14 83.43 87.30 

%
 ���&' Recognition rates (%) for different 
channel conditions for the GSM half-rate coder.�

 
It is also indicated the percentage of erroneous frames 

(Frame Error Rate) resulting from these bit errors according 
to the channel decoder. The residual bit error rate (RBER) is 
also shown.  

It can be observed how our approach obtains better scores 
than the conventional implementation, despite the use of the 
substitution and muting procedures proposed in the standard 
recommendation. Moreover, the improvements are more 
relevant when the channel conditions worsen, thus proving 
the robustness of our proposal. 
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Table 2 shows the results obtained under IP channel 
conditions. Four different channels (labeled O, A, B and C) 
are defined in terms of their packet loss rate and burst length 
(90 percentile). Again, for the decoded approach, the error 
concealment techniques suggested in the recommendation are 
applied. 
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O 0 % ≤ 3 99.33 99.29 87.01 88.33 

A 1.13 % ≤ 3 98.91 99.03 85.75 87.46 

B 3.35 % ≤ 3 98.13 98.59 83.66 86.09 

C 4.11 % ≤ 7 97.12 97.54 81.68 83.96 

%
 ���(' Recognition rates (%) at several Packet 
Loss Rates for G.723 coder.�

 
Once more, the digital approach stands out for its 

robustness; for both IDR and CSR task the improvements 
obtained by this technique are bigger as the channel 
conditions become harder. 
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Figure 1 describes a tandem scenario,  where a mobile 
terminal requires the services of a remote ASR facility 
accessible througth an IP network. Therefore, the voice signal 
transverses a GSM radio channel encoded by the GSM-HR 
codec. Afterwards it is assumed that the speech signal is 
transcoded into G.723.1. This procedure consists of a HR 
decoding plus a G.723.1 encoding, which leaves it ready for 
VoIP transmission. When it reaches the ASR facility, it must 
be once more decoded if the conventional front-end is to be 
used while this step is avoided in our proposed approach. 
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���!���&:�Tandem scenario. A mobile terminal 
requires the services of a remote ASR facility 

accessible throught an IP network.  
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O A B C 

97.69 97.31 96.09 94.62 
0 

98.43 98.22 97.41 96.28 

97.53 97.13 95.88 94.61 
5 10-3 

98.33 98.14 97.35 96.05 

97.41 96.93 95.77 94.37 

�
��

�#
$
�
�

10-2 
98.03 97.82 97.13 95.83 

%
 ���): Recognition rates (%) for IDR task in 
tandem conditions. 

 
Tables 3 and 4 show recognition performances for the 

IDR and CSR task, respectively. It can be observed how the 
Digital front-end outperforms the conventional one in every 
situation and how its benefits again increase as the network 
conditions worsen. 
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We have compared the performance of a conventional ASR 
front-end to the one we propose on two ASR tasks (IDR and 
CSR). From our results, we conclude that the proposed 
approach is more effective in coping with coding distortion 
and either transmission errors (GSM) or packet losses (IP). 
Besides, it is less influenced by tandem codings, likely to 
appear in scenarios, where wireless terminals require ASR 
services accessible throught in an IP network. Further work 
should be carried out to explore foreseeable networking 
scenarios. 
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%
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