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(ABSTRACT) 

This thesis presents a simulation and performance evaluation of the Vector Sum Excited 

Linear Prediction Coder (VSELP). Recently there has been an incredible demand for 

personal communication services. To meet this demand various technologies have been 

developed. The U. S. digital cellular standard uses the 8 kbps VSELP speech coder to 

accommodate more users in the same bandwidth. This standard is currently being 

introduced in several markets. 

Performance evaluation of the speech coder in terms of speech quality is done for different 

channel conditions using the BERSIM simulation tool. Simulations for realistic channel 

conditions were performed using the SIRCIM simulation tool. Quantitative results in the 

form of mean squared error and qualitative results in the form of speech quality are 

presented.
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1. Introduction 

1.1 Growth of Wireless Communications 

The emergence of solid state electronics since World War II has spurred the creation of 

universal portable communications systems. Very large scale integration and other 

miniaturization technologies have played a major role in making modern portable radio 

equipment smaller, cheaper and more reliable. As technological advances and 

miniaturization continue to occur, radio will become a more important part of our daily 

lives. Ever on the move, people need to have at their disposal the means to communicate 

with anyone from anywhere [Sei93]. Historically, progress in the wireless communication 

field has been slow mainly because of lack of technologies for efficient geographic reuse 

of frequency spectrum. Over the last few decades wireless communication has 

experienced enormous growth in popularity and penetration. This trend is expected to 

continue at an even more accelerated pace during the next decade. Various forms of 

wireless communication systems such as cellular telephones and _ personal 

communications networks (PCN) are being developed and deployed all around the world. 

These systems are being used for applications ranging from purely portable 

communication to a means of extending communication in areas not serviced by wireline 

telephone systems. The image of cellular phones as a toy of the rich has been replaced by 

an image of necessary means for complete mobility. Cordless phones are common in most 

homes today, although these are limited by the small area in which they must operate. The 

cellular phone of the future will draw heavily on cordless phone technology and cellular 

radio. A small sized low powered handheld device with a long operating time is 

envisioned [Rap91c]. Already there exist prototypes of handheld units which acts as a 

cordless phone indoors and as a cellular phone outdoors. 

During the late 1960s and early 1970s citizen’s band (CB) radio was a popular form of 

wireless personal communications. This permitted the user to communicate with other 

users, although only within range of their transmitters. Even so, CB demonstrated the need 

for a low cost personal communication system. The first step towards satisfying this need 

was the commercial cellular telephone system established in 1983 by AT&T in Chicago 

Illinois [Rap91a]. Users used in-vehicle units to communicate with base stations which 

were connected to the wireline telephone network. This allowed communications over 
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long distances. Cellular telephone systems also introduced the concept of geographic 

frequency reuse. Since then, cellular telephone services have experienced enormous 

growth and market penetration. Starting with twenty five thousand users in 1984, the 

number of users as of early 1993 was 11 million. The adult market penetration in Sweden 

is 6.3% [Rap91c]. There has been intense worldwide activity since 1989 in the 

development of personal communication services. Personal communication services 

(PCS) is implemented by a wireless system that incorporates network features, is more 

personalized and use units which are light in weight [Sch92]. 

1.2 Significance of Speech Coding in Wireless Communications 

Cellular phone systems all over the world are switching from analog to digital systems. 

Digital techniques offer many advantages. They are relatively insensitive to noise, 

crosstalk, distortion and fading, signals can be easily regenerated without introducing the 

effects of degradation, digital transmission also lends flexibility in handling of digital 

signals, and the cost effectiveness of digital integrated circuits can be exploited [Rap9 1c]. 

Speech traffic in public switched telephone network (PSTN) has used 64 kbps (voice 

sampled at 8000Hz represented by 8 bits) for a long time. Digital modulation methods for 

transmitting this bit rate on a carrier will occupy a much larger bandwidth than an analog 

FM carrier [Bar86]. Therefore techniques that preserve essential elements of speech while 

reducing the bit rate of the baseband digital signal are required. Reduction in channel 

bandwidth is an important factor in the performance of wireless systems. Although 

improvements in user capacity in digital systems stem from operation in reduced carrier to 

interference ratio (C/I) environments, constraining the bandwidth occupied by the 

baseband prior to modulation is important to retain the C/I benefits. The analog cellular 

systems have already reached capacity in many regions and future spectrum allocations 

will be limited. Radio spectrum is limited and needs to be used efficiently. Digital 

modulation techniques which promise more spectral efficiency than the current analog 

modulation techniques are replacing existing systems worldwide. Digital mobile radio 

channels are subject to multipath fading and interference causing bursty digital 

transmission errors. A common technique used for combatting these errors is the use of 

error correction coding. Although the use of error correction coding has significantly 

improved the performance of mobile systems, the performance of channel coders has 

nearly approached the theoretical limit. The new digital cellular systems will be expected 
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to provide voice quality as good as or better than the current analog systems. 

In the U. S., the U. S. digital cellular (U. S. D. C.) standard is replacing the analog AMPS 

standard. One of the goals of this standard is to ensure a graceful transition from the 

analog system to the digital system [Rap91b]. This TDMA based system uses the same 

frequency band as AMPS (i. e. 820-894) MHz and uses 1/4 differential quadrature phase 

shift keying modulation and the vector sum excited linear prediction speech (VSELP) 

coder. This enables the U. S. digital cellular system to have three times the capacity of the 

present analog AMPS standard. The U.S. D. C. allows three-users-per-frame TDMA in 

the same 30 kHz bandwidth as the AMPS system through the use of 8kbps speech coding. 

With development of half rate vocoders i.e 4800 bps, six users could be accommodated 

per frame thus doubling this capacity. In Europe the Group Speciale Mobile Standard 

(GSM) was developed. The primary goal of this standard was to have the same system for 

the whole of Europe where several different analog systems have been in use. Incidentally 

the GSM standard is the world’s first cellular system to use TDMA [Rap91c]. GSM 

operates in the frequency of 890-960 MHz and uses Gaussian minimum shift keying 

(GMSK) modulation and thirteen kbps regular pulse excited linear prediction codec. 

Historically, digital representation of speech has permitted robust communication over 

noisy media as well as efficient encryption for message privacy. Digital representation of 

speech plays a key role in telecom and information storage. The key problem in digital 

speech coding is that of achieving a reasonably low information rate while achieving 

acceptable quality. 

Current speech systems for mobile radio are based on speech digitization. Advances in 

signal processing and large scale integration technologies have resulted in low bit rate, 

acceptable voice quality, modest complexity and low delay speech coders. Figure 1.1 

shows a simple block diagram of a digital speech coding system. 
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Figure 1.1 - Digital speech coding system 

Input speech is analog and is continuous in amplitude and time. The output speech is also 

analog but is discrete in amplitude and time. The input speech is usually bandlimited to the 

telephone frequency range. Output speech is smoothed by an appropriate output filter. The 

encoder maps input speech into a stream of binary digits which are transmitted to the 

decoder where they are decoded to give regenerated speech. The combination of the coder 

and decoder is a coding system and is usually referred to as a codec. 

The bit rate at which the coder operates, speech quality, complexity and delay of the 

system are important parameters in speech coding. There is a trade-off between these 

parameters. Obviously there is a trade-off between speech quality and bit rate for codecs 

of a given complexity (for the same basic algorithm since for a lower bit rate less 

information is available at the decoder to regenerate speech with). As the bit rate is 

reduced the decoder has less information from which to regenerate speech hence resulting 

in the deterioration of speech quality. Speech coding algorithms are implemented using 

general purpose or special digital signal processors. This trade-off keeps changing with 

advances in signal processing and computer technology. As the bit rate is decreased and 

voice quality is maintained the complexity increases since important information needs to 

be extracted from input speech which will still result in acceptable output speech. Usually 

decoders tend to be less complex than the encoders. Another parameter which is related to 

complexity is the delay. Delays results from specific implementations of the algorithms, 

inherent delays in the algorithms and delays in the coding and decoding stages[Bar86]. 
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1.3 Purpose of Research and Outline of Thesis 

1.3.1 Purpose of research 

The North American Digital Cellular standards have been defined and partially 

implemented in some regions of the United States. The objective of this research is to 

implement the VSELP speech coding algorithm and evaluate the performance under 

different channel conditions. This research is also part of the ongoing work at the Mobile 

and Portable Radio Research Group (MPRG) to develop simulators for existing and future 

cellular standards. The bit error simulation (BERSIM) software package can already be 

used to simulate the IS-54 and this research will provide the source coding module. 

Although considerable research has focussed on performance analysis of linear predictive 

codecs over the last few years, comparatively little published work is available on the 

performance of the VSELP vocoder under realistic channel conditions. Most of the 

available research focuses on comparatively simple channel models. Since the 

performance of the vocoder is highly dependent on the bursty nature of the wireless 

communications channel, it is extremely important to accurately model the effects of this 

channel. 

In this thesis, we describe a software implementation of the VSELP vocoder used in the 

IS-54 cellular standard. This software implementation is used to evaluate vocoder 

performance using a series of progressively more realistic channel models. This approach 

offers a number of advantages. First, it allows evaluation of the VSELP vocoder under 

realistic channel conditions. Second, the software implementation is much cheaper and 

more flexible than hardware prototyping. Finally, the approach presented in this thesis 

may serve as a model for evaluating the effects of future innovations on speech quality. 

1.3.2 Outline of thesis 

The outline of this thesis is as follows: In Chapter 2 we look at the various types of speech 

coding techniques that have been used for mobile radio and also those which hold great 

potential for the future. In Chapter 3 we discuss the Vector Sum Excited Linear Prediction 

Speech Coding algorithm. In Chapter 4 we describe the actual implementation of the 

above algorithm. In Chapter 5 we present the performance results of the VSELP codec in 
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realistic channel models using BERSIM and SIRCIM, and we evaluate performance of the 

codec with channel coding schemes. Chapter 6 summarizes this thesis with conclusions 

and recommendations for future work. References and appendices containing the source 

code are included as appendices. 
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2.Coding of Speech Signals 

2.1 Introduction 

Speech coding technology has advanced tremendously in the last few decades, from the 64 

kbps pulse code modulation systems to the highly complex 1200 bps code excited linear 

prediction systems. Every few years a lower bit rate coding system with reasonable quality 

has been developed, making it more desirable than the previous generation. Current goals 

in development of speech coding systems are to achieve good quality at 8000 bps and 

robust quality at 4800 bps and 2400 bps. 

The operating bit rate of the coder is important, especially in mobile communications 

since bandwidth is at a premium. Lower bit rates mean increased capacity by squeezing 

more users in a given channel. Most of the speech coding systems in use or being planned 

in the future are based on either the waveform coder or vocoder. 

Waveform coders such as pulse code modulation use algorithms that generate compressed 

representations of the input speech waveform. On the other hand, vocoders extract 

important information from the input speech that can be used to reconstruct speech, and 

transmit this information. Hybrid speech coders which make use of both waveform coding 

and vocoder techniques have been used to lower bit rate while providing reasonable 

quality speech. Quality of speech is expressed in terms of subjective (e.g. mean opinion 

score) and objective (e. g. mean squared error) measures, described in detail later. 

2.2 Waveform Coding 

Waveform coders represent the sampled input speech waveform by digital binary coded 

words. Pulse code modulation (invented by P. M. Rainey in 1926 [Lat89]) is the first such 

digital system [Bay73] and also the most widely used. Pulse code modulation (PCM) 

samples the input waveform, quantizes it depending on the number of bits used and 

transmits the quantized sample as a binary representation. Current systems operating at 64 

kbps produce excellent quality speech. Compandors are used along with PCM systems to 

reduce distortion [Bay73] by allocating more quantization levels to those levels that occur 

with greater frequency. There is a great deal of correlation between successive speech 
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samples. Differential PCM makes use of this fact by encoding the difference between the 

current speech sample and the previous sample (s). Adaptive PCM constantly weighs 

previous samples differently in order to predict the next sample, and results in a lower data 

rate. All of these systems have good speech quality but operate at a high bit rate, typically 

above 20 kbps. These are simple systems compared to the vocoders. Waveform coding 

systems, unlike vocoders, do not suffer from a degradation of speech quality with 

successive coding-decoding stages [Fla79]. [Hua88] investigated the performance of the 

controlled adaptive prediction delta modulator operating at 15 kbps. This scheme 

incorporates one step looking forward decision syllabic companding (adjusting the 

stepsize to match the average slope of the speech waveform), instantaneous companding 

and adaptive prediction. This scheme was compared to and was found to be better than the 

continuously variable slope delta modulator. 

2.2.1 Subband coding 

Subband coding is a variation of channel vocoders in which the speech is separated into 

different bands by bandpass filtering [Bay73]. The output of each subband is coded using 

standard waveform coding techniques such as PCM and adaptive differential PCM 

[Pap87]. In this manner different number of levels can be assigned to the perceptually 

important frequency bands. [Hag88] investigates the effect of digital transmission errors 

on a family of variable rate embedded subband speech coders. Rate compatible punctured 

convolutional codes were used for error protection. The authors concluded that large 

performance gain in system performance can be made by carefully matching channel and 

source coding. [Han90] proposed a combined 16 kbps subband speech coder, BCH error 

coding and 16 level QAM scheme with switched diversity and speech post enhancement. 

The scheme used fading compensation for fading channels and appropriate mapping 

between the subband speech coder and the Gray coded QAM words to improve the quality 

of speech resulting in good performance in Rayleigh fading channels. 

2.2.2 Transform coding systems 

Transform coding systems such as the adaptive transform coding and discrete cosine 

transform code a transformation of the speech signal instead of the speech signal itself. 

This type of speech coding closely resembles subband coding. This technique decorrelates 
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the speech signal and extracts a set of transformation coefficients [Pap87]. The 

transformation is represented as a linear combination of the input samples weighed by the 

respective coefficients. Transform coding can be made efficient by assigning more bits to 

the important coefficients and fewer bits to the less important ones. 

2.3 Vocoders 

Vocoder systems differ in the method in which they extract speech features. The different 

vocoding systems besides the popular linear predictive technique based coder include the 

channel vocoder, cepstrum vocoder, formant vocoders and voice excited vocoders. 

Before discussing the different types of vocoders a few terms need to be defined. The 

speech signal is basically classified as a voiced (“m”,”n”,”e”,”v”,”z” pronounciations) 

sound and unvoiced (“f”, “s”,”sh” pronounciations) sound [Sch85]. Vocoders use different 

methods to detect the presence of voiced and unvoiced sounds and also approximate these 

at the receiver. Human speech is periodic in nature and the fundamental period (also called 

the pitch period) is an important parameter. The inverse of this pitch period is called the 

pitch frequency [Pap87]. The telephone signal occupies a band from 300 Hz to 3400 Hz. 

The pitch frequency for most speakers is below 300 Hz making the task of extracting the 

pitch frequency from this signal difficult [Fla79]. Much work has focussed on the problem 

of determining the pitch frequency. A spectral envelope of typical speech shows spectral 

peaks. The frequencies corresponding to these peaks are called formant frequencies 

[Pap87]. 

2.3.1 The channel vocoder 

The channel vocoder was conceived by H. Dudley in the 1928 [Sch85] who first 

practically demonstrated an analysis-synthesis system. Channel vocoders are frequency 

domain vocoders that determine the envelope of the speech signal for a number of 

frequency bands and then sample, encode and multiplex these samples with the encoded 

outputs of the other filters. 

2.3.2 The formant vocoder 
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The formant vocoder makes use of the information about the position and location of the 

formants to encode and decode speech [Bay73]. Determining these formants is a difficult 

task and hence limits the quality that can be achieved. 

2.3.3 The voice excited vocoder 

Voice excited vocoders attempt to eliminate distortion caused by systems that try and 

extract voiced-unvoiced decisions and pitch frequency. The voice excited vocoder uses 

PCM for the lower frequency band and channel vocoding for the higher frequency bands 

to generate a pitch signal at the synthesizer that has energy concentrated at pitch 

harmonics [Bay73]. 

2.3.4 Linear prediction coders 

Linear prediction coders belong to the time domain class of vocoders. This class of 

vocoders extract the required parameters from the time waveform. These vocoders are 

also more computationally intensive. Linear prediction coders use a weighted sum of past 

samples to estimate the present sample [Bay73]. The weights are computed so as to 

minimize the weighted error between the original speech signal and predicted speech. 

These weights are continuously updated over short segments of speech (10-30 ms). The 

typical parameters that may be transmitted are the gain factor, pitch information and the 

voiced-unvoiced decision. Linear prediction coders compute an excitation that is passed 

through the synthesis filter to synthesize speech. Selection of this excitation is very 

important as it affects the quality of the coder. The excitation is computed differently for 

voiced and unvoiced sounds. Multipulse linear prediction coders determine a set of 

impulses so that the synthesized speech resembles the original speech [Bay73]. This 

technique computes the position and amplitude of each impulse sequentially. [Sal90]l 

investigated the performance of the 11.4 kbps error protected transformed binary pulse 

excited coders. Reed - Solomon codes were found to perform better than the rate 

compatible punctured convolutional codes. [Lec90] implemented a 8 kbps multipulse 

excited linear predictive coder. BCH codes and bit interleaving used for error protection 

produce good performance in noisy conditions. [Lin90b] studied a 16 kbps regular pulse 

excited linear prediction coder. The authors used an error detection scheme instead of 

error correction whereby critical parameters are substituted if errors are detected in them. 
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This scheme eliminates distortion resulting from errors in the critical parameters. This 

yields a near toll quality coder which gives satisfactory performance in noisy conditions. 

[Var88] studied the regular pulse excitation technique combined with long term prediction 

standard for GSM operating at 13 kbps. This paper looks at the various codecs that were 

proposed for the European system leading to the selection of the regular pulse excited - 

linear term prediction (RPE-LTP) technique and discusses the operation of the coder. 

Residual excited linear prediction coders code the residual signal which is filtered at the 

receiver by the synthesis filters to reconstruct the original speech signal [Pap87]. The 

encoding of this residual signal is done in the frequency domain. [Sch88] discusses the 

residual excited linear prediction with vector quantization coder, operating at 10 kbps. A 

tree structured, succession of coders with monotonically increasing code books for coding 

the vector quantization address is used. Good speech quality was observed with this 

scheme. 

Codebook excited linear prediction (CELP) coders use novel predetermined codebooks 

known to the coder and decoder. The codebook contains a set of possible sequences for a 

block of the excitation. An optimal index to the codebook is selected by an exhaustive 

search of the codebook [Sch85a]. This index is then transmitted to the receiver. [LeB89] 

investigated the performance of a reduced complexity 12 kbps CELP coder. Reed - 

Solomon codes performed better than the rate compatible punctured convolutional codes. 

[Rah90] report on the performance of the 8 kbps federal standard for digital land mobile 

radio which consists of a 4.8 kbps CELP coder, 2.4 kbps for error correction and 800 bps 

overhead. This system uses an integrated error protection system combining forward error 

correction smoothers and parameter coding resulting in good performance in idealized 

Rayleigh and Rician fading channels. [Yan90] discuss an error protection scheme for a 

reduced complexity vector quantization based 4.8 kbps CELP coder operating at 8 kbps. 

The error protection is provided by punctured convolutional codes along with 

interleaving. The system uses variable rate and uses error protection which depends on 

parameter sensitivities. Good speech quality was observed in BERs of 0.01. [Har91] 

report on the performance of the 6.4 kbps improved multiband excitation speech coder 

which is the standard for the INMARSAT-M and AUSSAT mobile satellite 

communication system. This scheme uses Golay and Hamming codes for error correction 
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along with an adaptive smoothing algorithm which reduces the effect of uncorrectable bit 

errors. This vocoder was found to perform better than other 6.4 kbps schemes using the 

CELP technique 

The GSM standard uses a regular pulse excited linear predictive coder operating at 14.77 

kbps. The coders proposed for the standard were the above, a multi pulse excited long 

term prediction coder, a sub band coder using block adaptive PCM and a subband coder 

using a ADPCM scheme [Var88]. The Japanese digital cellular standard and the U. S. 

digital cellular standard use the vector sum excited linear prediction coders, described 

below. 

The vector sum excited linear prediction coder (VSELP) belongs to the class of CELP 

coders. It makes use of two structured excitation codebooks that reduce computational 

complexity and increase immunity to channel errors. [Ger90] discuss the operation of the 

VSELP technique operating at 8 kbps. This coder has been selected by the 

Telecommunications Industry Association (TIA) as the standard for use in North 

American digital cellular telephone systems. [Ger92] discuss the implementation of a 5.9 

kbps reduced complexity VSELP speech coder. Efficient encoding of the long term 

prediction lags, utilization of multiple gain vector quantizers and a multimode definition 

of the speech coder frames are used to reduce the speech coder’s data rate while 

maintaining speech quality. This coder was found to have a mean opinion score of 3.64 

which is comparable to the 13 kbps RPE/LTP speech coder used by the GSM system. 

CELP coders display a form of degradation what is known as roughness. This distortion is 

more noticeable with female voices than male. Also speech with a lot of transitions 

display a whispering or crackling noise [Kro88]. CELP coders are also computationally 

intensive. This affects implementation and delay requirements. Below 4000 bps, CELP 

coders suffer from speech lacking naturalness and recognizability. 

2.3.4.1 Vector quantization 

In the vector quantization type of coders, regular parameters (coefficients, energy, 

codebook gains, etc.) are represented as a vector [Pap87]. Based on analysis of input 

speech samples a single encoded word is transmitted for each frame of samples, instead of 
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encoding each sample individually. A predetermined codebook containing the vectors is 

known to the coder and decoder. 

2.4 Performance Evaluation of Speech Coders 

Two types of coder performance measurements are possible: objective measures and 

subjective listening tests [Bar86]. Objective measures such as the mean squared error 

(MSE) provides a quantitative value of how well the reconstructed speech approximated 

original speech. Objective measures determine specch quality in terms of mathematical 

expressions. Objective measures are useful in the initial design and simulation of coding 

systems but do not neccesarily give an indication of speech quality. Listening tests and 

therefore subjective tests are the best measure of quality. 

Subjective listening tests are conducted by playing the sample to a number of listeners and 

asking them to judge the quality of speech. Speech coders are highly speaker dependent. 

Voice quality varies with the age and sex of the speaker, the speed at which the speaker 

speaks and other factors. [Kit88]. These tests are conducted in different environments to 

simulate real life conditions such as noisy, multiple speakers etc. Subjective listening tests 

provide results in terms of overall quality, listening effort, intelligibility and naturalness. 

The following table gives quality ratings [Col89]. In addition for bit rates below 32 kbps 

since the quality is lower, a listening effort measure may be added which indicates the 

difficulty in understanding the meaning of sentences [Col89]. 

Table 2.1: Quality ratings [Col89] 
  

  
  

  

  

  

. Listening Effort 
Quality Scale Score Scale 

Excellent 5 No effort required 

Good 4 No appreciable 
effort required 

Fair 3 Moderate effort 

required 

Poor 2 Considerable effort 
required         
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Table 2.1: Quality ratings [Col89] 
  

  
  

. Listening Effort 
Quality Scale Score Scale 

Bad 1 No meaning 

understood with 

reasonable effort         
  

Intelligibility tests test the listener’s ability to identify the word spoken. The diagnostic 

rhyme test (DRT) is the most popular and widely used intelligibility test. In this test 

[Pap87] a word from a pair of rhymed words such as “those-doze” is presented to the 

listener and the listener is asked to identify which word was spoken. Typical percentage 

correct on the DRT tests ranges from 75-90 [Pap87]. The diagnostic acceptability measure 

(DAM) is another test that evaluates acceptability of the speech coding system [Pap87]. 

The above tests are difficult to rank and also require a reference system. The mean opinion 

score (MOS) eliminates this problem by asking the listener to rank the system on an 

absolute scale. 

Figure 2.1 shows the bit rates and speech quality for the various speech coding standards 

in use today. In addition, the figure shows the applications that the standards are being 

used for. 
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Standards——p»> CCITT | CCITT | CCITTIGSM CTIA 

  

| 
Year ——_—_> 72 | 84 | 91 l 88 89 | 89 | 82 

Applications —»- I Network | | Mobile | Secure| 
| | l Radio | Voice | 

| | | | | 

Quality (MOS) | 4.0-4.5 | | 35-40 | 25.3.5 
| | | | | 

5 Excellent | | | | | | | | | | 
4 Good 

3 Fair 64 32 16 8 4.8 2.4 

2 Poor Bit Rate (kbps) 
1 Unacceptable 

Figure 2.1 - Standards- bit rates and quality [Jay90] 

Figure 2.2 shows variation of speech quality against bit rate for some popular speech 

coding techniques. Note that speech quality for waveform coder based systems drops off 

rapidly with decreasing bit rate. The goal of current researchers is to achieve good quality 

speech for low operating bit rates. 
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Figure 2.2 - Quality versus transmission rate [Jay90] 

In this chapter we have described the major types of speech coding systems used in todays 

wireless systems. In the next chapter, we will focus on the VSELP speech encoder used in 

the U. S. digital cellular standard. 

  

Chapter 2 - Coding of Speech Signals Page 16



3. The Vector Sum Excited Linear Prediction Coder 

3.1 Introduction 

The vector sum excited linear prediction (VSELP) speech coder is used by the U. S. 

digital cellular system also known by the designation intermediate standard 54 (IS-54). 

This coder operates at a raw data rate of 7950 bps and a total data rate of 13 kbps after 

channel coding. The VSELP coder was developed by a consortium of companies and the 

MOTOROLA implementation was selected as the speech coding standard after extensive 

testing. 

VSELP is a variant of the CELP type vocoders. The VSELP coder was designed to 

accomplish the three goals of highest speech quality, modest computational complexity 

and robustness to channel errors. Efficient utilization of structured excitation codebooks 

enables the VSELP speech coder to meet these goals. The codebooks impart high speech 

quality while maintaining modest complexity. 

3.2 The VSELP Encoder 

Figure 3.1 shows the block diagram for the VSELP encoder. A more detailed description 

is contained in [EITA90] 
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Figure 3.1 - VSELP Encoder [EIA90] 

The input sampling rate of the coder is 8000 Hz. The coder analyzes input speech in 

frames of duration 20 milliseconds each consisting of 160 samples. The frame is further 

sub-divided into four subframes consisting of 40 samples each. The coding system uses a 

linear prediction filter of order ten. The basic data rate of the coder is 7950 bps. There are 

159 bits transmitted per speech frame. The following is a list of the parameters transmitted 

per frame along with the number of bits used to code each parameter. 

Table 3.1: Parameters and bit allocation [EIA90] 
  

  

  

  

  

  

  

  

    

Parameter Numer of 

RO Frame energy 3 

LPC1 Ist Reflection coefficient 6 

LPC2 2nd Reflection coefficient 5 

LPC3 3rd Reflection coefficient 3 

LPC4 4th Reflection coefficient 4 

LPC5 5th Reflection coefficient 4 

LPC6 6th Reflection coefficient 3         
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Table 3.1: Parameters and bit allocation [EIA90] 
  

  
  

  

  

  

  

  

  

  

  

  

  

  

  

  

      third subframe   

Number of 
Parameter bits 

LPC7 7th Reflection coefficient 3 

LPC8 8th Reflection coefficient 3 

LPC9 Oth Reflection coefficient 3 

LPC10 10th Reflection coefficient 2 

LAG_1 Lag for first subframe 7 

LAG_2 Lag for second subframe 7 

LAG_3 Lag for third subframe 7 

LAG_4 Lag for fourth subframe 7 

CODE1_1 lst codebook code, I, for 7 

first subframe 

CODE1_2 lst codebook code, I, for 7 

second subframe 

CODE1_3 1st codebook code, I, for 7 

third subframe 

CODE1_4 1st codebook code, I, for 7 

fourth subframe 

CODE2_1 2nd codebook code, I, for 7 

first subframe 

~ CODE2_2 2nd codebook code, I, for 7 

second subframe 

CODE2_3 2nd codebook code, I, for 7   
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Table 3.1: Parameters and bit allocation [EIA90] 
  

  
  

  

  

  

  

  

Number of 
Parameter bits 

CODE2_4 2nd codebook code, I, for 7 

fourth subframe 

GSPOP1_1 | GSPOP1 code for first sub- 8 

frame 

GSPOP1_2 GSPOP1 code for 8 

second subframe 

GSPOP1_3 | GSPOPI1 code for third sub- 8 

frame 

GSPOP1_4 GSPOP1 code for fourth 8 
subframe 

Total 159         
  

Consider the block diagram of the VSELP encoder. It consists of two predefined 

codebooks, one adaptive codebook, a short-term predictor and a closed loop error 

minimization section. The three codebooks are searched sequentially to yield a vector that 

minimizes the total weighted error. First the long term predictor state is searched for a 

vector whose index is L, such that the weighted error is minimized, and a gain B is 

calculated. Next codebook 1 is searched for a code vector whose index is J, such that the 

weighted error in minimized, and a gain Y, is computed for codebook 1. The same 

procedure is carried out for codebook 2 giving an index H and gain Y,. Next the gains are 

transformed to a GSPOP1 vector and the GSPOP1 codebook is searched for an optimum 

vector that miimizes the weighted error. Finally the excitation sequence ex(n) is computed 

as the sum of the three vectors weighed by their respective gains. A detailed explanation 

of the entire encoding process is given below. 

3.2.1 Solution for reflection coefficients 

Speech coding is a process of approximating the human voice by using different signal 
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processing techniques. The human vocal tract is modelled as a filter and the reflection 

coefficients represent the coefficients of this filter [Pap87]. Covariance analysis of input 

speech is performed to obtain the reflection coefficients. An efficient fixed point 

covariance lattice algorithm (FLAT) is used to determine the short term filter coefficients. 

These short term predictor coefficients are the coefficients for the weighting filter and the 

synthesis filter. The analysis is performed on segments of 170 samples and is centered 

about the midpoint of the fourth subframe of each frame. FLAT is a lattice algorithm and 

tries to build an optimum i. e. minimize residual energy. 

Let N = 40 be the subframe length, N, = 170 be the analysis length, N, = 10 be the 

order of the short term predictor, s(n) be the input speech, $ (i,k) be the covariance 

matrix, b.(n) be the backward residual out of stage j, fj (n) be the forward residual out of 

stage j, furthermore let 

N,-1 

F (i, k) = Gini) xf; (n ~ k) (3.1) 

be the autocorrelation of fj (n)), 

N,-1 

B (i, k) = d, 2-9) x b;(n—k) (3.2) 

be the autocorrelation of b; (7 )) and 

N,-1 

CE = LP F(n-i) xb(n-b (3.3) 
a= N, 

be the cross correlation between fj (n) and b; (n), finally, let rj be the reflection 

coefficient of stage j of the inverse lattice. 

3.2.1.1 Covariance analysis and quantization of reflection 

coefficients. 
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The covariance matrix for the input speech is calculated as 

N,-1 

$(i,k) = > s(n-i)s(n-k) O<i,k<N,. (3.4) 

neN, 

Next the autocorrelation and crosscorrelations of f(n) and b; (n) for j = 0 are 

calculated as 

Fok) = 6(i,%) O<i,k<N,, (3.5) 
By (ik) = (i+ 1k +1) O<i,k<N,, (3.6) 
Cob) = OC, k+1) O<i,k<N,. (3.7) 

For stage j = 1 to N p the reflection coefficients, the autocorrelation and cross correlation 

matrices are calculated as 

r= 2 Ci_ 1 (9, 0) +C;_1(N,-1,N, -j) 
: : : ~ (3.8 i= 7,0) +B;_; (0,0) +; (Nj-1.N,=]) +B); (N,-N,-) °   

The obtained reflection coefficient is quantized using the given codebook values. Table 3.1 

gives the number of bits allocated for each reflection coefficient. Instead of allocating a 

large number of bits to each reflection coefficient, possible values for reflection 

coefficients are determined, quantized and stored in a codebook [EIA90]. This procedure 

contributes to the goal of a lower bit rate. The value in the codebook closest to the 

calculated value is chosen and assigned a code also given in the codebook. For 

computational reduction for stages for j = J] to N ? the autocorrelation and crosscorrelation 

matrices are calculated as 

Fk) = Fj) +7 (C70 +C_7(bi)) +77Bj_ 7H, 9) 
a=B, ,G+Lktl tr (C,  (itLk+))), (3.10) 

b= (Cj_,(k+Li+1)) +2 (Fj_ (i+ Lk+D), (3.11) 
B(i,k) = ab, (3.12) 

a= r(Bi_ 7 (i k+J) +P Gik+d)), (3.13) 
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2 2 e 

— ° e s e 4 b= C;_ (i k+1) +r5C,_p(k+1,i), (3.14) 
Ck) = at. (3.15) 

The speech coder allows for a small amount of bandwidth expansion of the short term 

filter coefficients prior to quantization. The technique used for bandwidth expansion is that 

of windowing the autocorrelations prior to solving for reflection coefficients. Quantization 

of the coefficients may cause the bandwidth of the filter to get narrower. Windowing is 

used to compensate for this effect. The covariance matrix is modified as 

o(i,k) = o(i,k) xw(li-M) (3.16) 

A binomial window with an effective bandwidth of 80 Hz is used. The values for the 

window are given below 

Table 3.2: Coefficients for 

  

  

  

    

  

  

  

  

  

  

  

  

  

  

Window [EIA90] 

Coefcient | Vary 
w(0) 10 

w(1) 0.999644 

w(2) 0.998577 

w(3) 0.996802 

w(4) 0.994321 

w(5) 0.991141 

w(6) 0.987268 

w(7) 0.982710 

w(8) 0.977478 

w(9) 0.971581 

w(10) 0.965032         
3.2.1.2 Transformation of reflection coefficients and 
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interpolation. 

The quantized reflection coefficients are then transformed to the short term predictor 

coefficients (a). The speech coder linearly interpolates the predictor coefficients for the 

first, second and third subframes of each frame. The fourth subframe uses uninterpolated 

coefficients for that frame. The reason for interpolation rather than recalculation is that 

spectral transitions from one subframe to the next subframe become abrupt and affect 

speech quality adversely [Pap87]. The rules for interpolation are as follows: 

a, = 0.75 x a, (previous) + 0.25 x a, (current) for subframe 1, (3.17) 

a, = 05x a; (previous) +0.5x a; (current) for subframe 2, (3.18) 

a, = 0.25 x a, (previous) +0.75 x a, (current) for subframe 3 and(3.19) 

a, = a,current for subframe 4 (3.20) 

where a; (previous) is the direct form (predictor) coefficient for the previous frame and 

a, (current) is the direct form coefficient for the current frame. 

3.2.2 Calculation and interpolation of frame energy 

The energy in a frame of speech is a very important parameter. It is a sensitive parameter 

that affects reproduction of speech at the decoder. The frame energy is used in the 

calculation of the reflection coefficients, predictor coefficients, autocorrelation coefficients 

and the GSPOP1 code. It can be thought of as a gain that controls the magnitude of the 

excitation sequence. An energy value is calculated and encoded once per frame. This 

energy value R(0) reflects the average signal power in the input speech over a 20 msec 

interval centered with respect to the middle of the fourth subframe. 

R(O) is calculated during the computation of the short term predictor parameters using the 

following expression 

§ (0,0) +6(N,N,) T(N,=N,) (3.21) R(0) =   

3.2.2.1 Quantization and encoding of frame energy 
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The energy value R(0) is converted into dB value relative to full scale, R,,,, which is 

defined as the square of the maximum sample amplitude, 

  

Rnax 

R Rap = 10 (tog ( =) (3.22) 
10 

Thus the frame energy is normalized before it is used in further processing. The value of 

R jp varies from -64 to -4. Rj, is then quantized to RO which can take values from 0 to 31. 

RO is chosen so as to minimize |RO— (Raz, +66)/2| if value of Rgp2—72 and RO=0 

if Rip <—72 . Note that the value for R zp ranges from -64 to -4. In case of silent segments 

the value for Rj, goes below -64 and is used to shut off the long term predictor. Also 

selection of R,,,, determines the range of R jp. 

RO is quantized to R, (0) which is used for the subframes. 

R, (0) = RyygxX10§ 020-60) 708 ifRO#O —(3.23) 
R,(0) =0 if RO = 0 (3.24) 

R' q (0) is the quantized value of R(0) to be use for the subframes. R' q (0) is calculated by 

interpolating R q (0) for each subframe. The rules for interpolation are given below 

  

R', (0) =R q (0) previous frame for subframe 1 (3.25) 

R' q (0) =R q (0) current frame for subframes 3 and 4 (3.26) 

R' q (0) = JR q (0) previousframe-R q (0) currentframe for subframe 2 (3.27) 

3.2.3 Subframe processing 

For each subframe the coder has to compute the long term predictor lag, the two codebook 

indices J (codebook 1) and H (codebook 2) and the gains 6, Y, and Y, for the adaptive 

codebook (long term predictor state) and the two codebooks, respectively. 

The long term predictor lag indexes the adaptive codebook. The adaptive codebook 

denoted by r(n) consists of a total of 147 entries of past excitation sequences. The 

excitation sequence is the coder’s approximation of input speech that is passed through the 
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synthesis filter to reconstruct speech. The codewords / and H index the two predefined 

codebooks. 

The speech coder uses a perceptual noise weighting filter H(z) given by 

N, 4 

i- ys %;°2 

H(z) = = (3.28) 
P . . 

l- ya, z 

iu] 

  

A = 0.8 is the noise weighting parameter. Input speech for the subframe is filtered 

through a filter with response function W(z) and the resulting output is p(n). This filter is to 

be implemented using a cascade of an all zero direct form implementation followed by an 

all pole direct form implementation. 

The speech encoder is an analysis by synthesis system. The form of the synthesis filter 

used in the encoder is given by 

W(2) =—+ u (3.29) 

* g-aiegt 1- yla,-’ z 

i=l 

  

The synthesis filter used in the encoder is different from that used in the decoder in that it 

contains a weighting factor. This is used to match the weighting applied to the input 

speech, hence the name weighted synthesis filter. The weighted synthesis filter has a filter 

state associated with it at the beginning of each subframe. To remove the effects of this, 

the zero input response of the filter is calculated and is subtracted from the weighted input 

speech every subframe. 

p' (n) is the excitation sequence ex(n) filtered though the synthesis filter. The excitation 

sequence is the sum of the three codebook entries scaled by their respective gains. The 

closed loop selects optimum gains and indices so as to minimize the total weighted error. 
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3.2.3.1 Computation of lag and gain B 

The adaptive codebook consists of past excitation sequences. The lag L needs to be 

determined which points to the entry in 7(n) which contains the best block of excitations 

from the past subframe for use in the present subframe. Speech is highly correlated. This 

means that the excitation sequence for successive frames of speech are also correlated. 

This fact is made use of in approximation of input speech. The lag points to the best block 

of past excitation sequences that reduce the weighted error. A few terms used in the 

computation of the lag need to be defined 

min = 20 is the minimum possible value for the long term lagL, 5, (n) is the output of 

the long term filter state codebook for lag L, h(n) is the impulse response of H(z), b', (n) 

(the weighted long term prediction vector) is )b L (n) (the unweighted long term 

prediction vector) filtered by H(z), and 5b L (n) is given as 

b, (1) =r(n~-(| (n+L)/L]-L)) (0SnsN-I1) . (3.30) 

The adaptive codebook is searched first for an index L (lag) which minimizes the error 

N-1 

E, = ¥, (p(n) - (Bb, (n)))?. (3:31) 
n=l 

The autocorrelation for b', (n) is denoted by G L and is given as 

N-1 
G, = yr, (b(n). (3.32) 

nis 

The cross correlation of b', (n) and p(n) is denoted by C L (n) and is given as 

N-I 

C, = x Pu) -p(n). (3.33) 
fla 

The lag L which minimizes the total weighted error(with optimal 6B) is chosen which 
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maximizes (C D 2/G L B is restricted to be positive and only lags with positive 

correlation C L (n) are considered. The lag L takes values from 20 to 146, one of the 

values is used to indicate that the long term predictor is not used. This allows the long term 

predictor to be disabled when a positive correlation cannot be found. For this search to be 

efficient b', (n) must be computed efficiently. 

Define 

min(n,L-1) 

Zz, (n) = y rQGi-L)-h(n-i),0<n<N-1 (3.34) 

i=0 

b', (n) is then given as 

[7 L 

b',(”) = )) 2, (n-iL) O<n<N-1. (3.35) 

i=l) 

For reduction in computation Zr (n) can be calculated from Zr oy (n) as shown below 

Zz, (n) = 2, 1(n-J) +r(-L)h(n) (1 ¢nsN-1) (3.36) 

and 

z, (0) = r(-L) h(0) (3.37) 

The lag is then determined and then b', (nm) can be determined as the zero state response 

of H(z) to b, (n) . 

3.2.3.2 Encoding of lag 

The lag for each subframe takes on values from 20 through 146, corresponding to 127 

codes. The 128th code is used to indicate that the long term predictor is deactivated. The 

lag value is converted to the lag code as follows 
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LAG_x=L- 19 if predictor is active 

LAG_x =0 if predictor is deactivated 

3.2.3.3 Selection of codebook indices I and H and gains 

The code book search procedure takes place after the long term predictor lag L has been 

determined. First the code vector from the first codebook is determined, and then the 

second codebook is determined. 

3.2.3.4 Codebook 

The VSELP coder uses two excitation codebooks, each of 2M ,1e2 7 = 128, code vectors 

which are constructed from two sets of M = 7 basis vectors. The basis vectors are pre- 

defined. The basis vectors are optimized over a training database to minimize the total 

normalized weighted error. The basis vectors are used to compute the code vectors. The 

code vectors are used in the computation of the excitation sequence. The optimal basis 

vectors were computed by solving 560 (14 basis vectors, 40 samples per vector) 

simultaneous equations which result from taking the partial derivatives of the total 

normalized weighted error function with respect to each basis vector [Ger90]. Since the 

vectors are vector quantized only the index to the codebook needs to transmitted instead of 

the codevector itself. These vectors are now part of the IS-54 standard and are known to 

both the transmitter and receiver. This results in significant improvement in subjective 

quality. 

Each code vector in the codebook u ki (n) 0<k<3 (k= 1, 2 for the two codebooks), 

0<i< 128 (i=0.. 127) for each code vector) is calculated as a linear combination of the 

M basis vectors v km (n) O<m<8 (for each basis vector). The linear combination is 

defined by the 6 parameters. 0; m is defined as 

0. om = + 1 if bit m of code vectori= 1 

6.  =- 1 if bitm of code vectori1=0 
i,m 
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The binary representation of the codewords is done using the gray code. The code vectors 

can be calculated from the basis vectors as 

M 
up ; (nm) = > On Yem™ (3.38) 

mal” 

where k = 1 for the first codebook and k = 2 for the second 

-. 45M 
Osis2” ~i/ and0O<n<N-1 

If all the bits in codeword i are inverted the resulting code vector is also a code vector in 

the codebook. A code vector and its complement are called complementary code vectors. 

3.2.3.5 Selection of codebook indices 

Our goal is to choose the code vector which results in minimum error in the transmitted 

signal. The zero state response of each basis vector to H(z), q km (n) needs to be first 

computed. The zero state response of each code vector can be expressed as 

M 

fyi ™ = y OF am Tk m (3.39) 

Ma 

Selection of the code vector from the first codebook must take into account the previous 

selection of the long term predictor lag L. The selection of the code vector for the second 

codebook must take into account the selection of both the long term predictor lag L and 

the codeword selected from the first codebook. Orthogonalization decouples the selection 

process for the codebook excitation vectors from the previously determined excitation 

components. 

3.2.3.6 Orthogonalization and index search for codebook 1 

The Gram Schmitt method is used to make each filtered basis vector from the first 

codebook orthogonal to b', (n) . Thus q', ,, (”) is the orthogonalized filtered basis vector 
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using the Gram-Schmitt method. 

The orthogonalized filtered code vectors can be expressed as 

M 

fri ™M = Y OT im™), (3.40) 
> mal , 

where O< m<8 and 0<i< 128. 

Each codeword is evaluated so as to minimize the error given by the following expression 

N-1 

E,;= Lim) -(Y)°f',(M))? (3.41) 
nes 

YT, (the gain for codebook 1) is optimized for each codevector i. The codeword selected is 

denoted by I. 

(C,)2 
The code vector which maximizes a7 (and minimizes the error) is selected, where 

i 

N-1 

C; = y f',:(”) p(n) (3.42) 

n=l 

and 

N-1 M 

Ge= Y (f1,:(0))? osis2"-1 (3.43) 
n 

3.2.3.7 Orthogonalization and index search for codebook 2 

The filtered basis vectors for the second codebook have to be orthogonalized to both 

br (n) and fy. 7™ .This is done by first orthogonalizing the q2 m (n) vectors with 

respect to b', (n) as was done for the first codebook.The resulting vectors are then 

orthogonalized with respect to fy. 7) using a similar procedure. Since fy, 7) iS 
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orthogonal to by (n) , the resulting vectors 99 m (n) will be orthogonal to both 

b, (n) and f'; ;(n) . The orthogonalized filtered code vectors for the second codebook 

can be expressed as 

M 

fio, «(n) = > OF mn q'2, m{") (3.44) 

mel 

for 1] S<msM andO0snsN-1 

Each codeword is evaluated so as to minimize the following expression 

N-1 
E'4,= Y (o(n) - (14°F 2,4(0)))?. (3.45) 

n=O 

YT, (the gain for codebook 2) is optimized for each codevector i. The codeword selected is 

denoted by H. 

  

(C,)2 
The code vector which maximizes a is selected, where 

i 

N-1 

Cp= YS fai) Pl) (3.46) 
ne 

and 

N-1 M 

G=Y (fy, ;(n))? Osis2™-1. (3.47) 
n 

3.2.3.8 Quantization of gains 

The weighted error per sample is e(n) given by 

e(n) = p(n) — (B-c'g(n)) — (1, ()) — (1, cg (n)) OSnsN (3.48) 
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where 

c'g (n) is the long term prediction vector b', (1) 

c', (m) is the code vector selected from the first codebook, u LI (n) 

c', (”) is the code vector selected from the second codebook U2 4 (n) 

The total weighted error for a subframe is given as 

N-1 

E= YY (p(n) - (Beg (my) — (T° ey ()) — O° c'y (n))]?. (3.49) 
n= Q 

This equation may be simplified by expressing it in terms of correlations among vectors 

p(n), c'y (7), c’, (nm) and c’, (7m). 

Let 

N-1 

Ryp = YP(n) p(n), (3.50) 
na (Q 

N-1 

Roc (k) = LP (n) -c',(n) k = 0,2, (3.51) 

N-1 

R..(k i) = y c',(n) - c',(n), (3.52) 

n=(Q 

k = 0,2 andj = k,2 and 

R,.(kK/) = Ro UK). (3.53) 

Replacing the above expressions we get 

2 

@ = Ryp2°B Rye (0) —2* VV Rye (3.54) 
i 
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b= 2B PY; Ree(Od +2°Y,°Y5°Ree (1,2) (3.55) 
jr 

2 

c= BR,, (0,0) + Fy Reed) (3.56) 
j=l 

E=at+bte. (3.57) 

Joint optimization of B, Y, and Y, is performed to minimize the weighted error. 

3.2.3.9 Transformation of gains to the GSPOPI code 

The excitation function ex(n) for a subframe is a linear combination of the long term 

prediction vector scaled by the gain B, and the code vectors from the two codebooks 

scaled by their respective gains Y, and Y,. The excitation sequence ex(n) is given as 

ex(n) = B-co(n) +1, °c) (n) +1,°c2(n) OSnsN-1 (3.58) 

where 

Co (n) is the unweighted long term prediction vector b L (n) , 

Cc, (”) is the unweighted code vector selected from codebook 1, u; ,(”) and 

C>(n) is the unweighted code vector selected from codebook 2, Us Hy (n). 

The energy in each excitation vector is given by 

N-1 

R(t) = Ley (n) k = 0,2. (3.59) 
n=w(Q 

RS is the approximate residual energy for each subframe and is given by 

Np 
RS = N-R',(0) - J] (1-7). (3.60) 

inl 

GS is the energy offset parameter which adjusts the estimated value of RS. 
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Define 

R = RS:GS (3.61) 

The energy contribution of the long term prediction vector as a function of the total 

excitation energy at a subframe is given by 

R,(0 
PO = paz O<P0Os1 (3.62) 

The energy contribution of the code vector selected from the first codebook as a fraction of 

the total excitation energy at a subframe is given by 

R,(1) 
? PO+P1s1 (3.63)   

- Y2. P1 = Y? 

B, Y, and Y. are replaced by PO, P1 and GS. The gains can be represented in terms of 
1 2 

GS, PO and PJ as 

RS: GS- PO 
= |——~— (3.64) P | R, (0) 

[Rs -GS-P1 

RS- GS: (1-—P0-P1) 
| R.(2) (3.66) 

  

Y, =   

Replacing the above gains by the above expressions the total weighted error equation 

yields the following expressions 

  

    

w=R,,- (a: JGS- PO) ~ (b- {GS- P1), (3.67) 

x =c:JGS- (1-P0-P1) - (d:GS-./P0-P1), (3.68) 

y = e-GS- JPO- (1-P0-P1) +f: GS: JP1- (1-PO-P1), (3.69) 

z= g°GS-PO+h-GS-P1+i-GS- (1-PO~P1) and (3.70) 

E=w-xtytz (3.71) 

where 
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RS 
a=2 Roc (0) . R,(0)’ (3.72) 

RS 
b= 2°R,- (1) . R,()’ (3.73) 

RS 
c= 2°Ro- (2) ° R,(2)’ (3.74) 

2-R,,(0, 1) -RS 
d = i" 

JR, (0) -R, (1) 
2-R,.(0,2) -RS ox 7 Rec (0 2) “RS (3.76) 
JR,(0) °R,(2) 
2°R..(1,2) «RS 

i JR, °R, (2) * 
R,,.(0, 0) «RS 

~ RO)” 
R.- (1, 1) - RS 

~ RQ) 
_ R,,(2,2) RS 

OR, (2) 

(3.75) 

(3.77) 

(3.78) 

and (3.79) 

~ (3.80) 

GS, PO P1 are vector quantized. The total weighted error equation is evaluated for each 

GS, PO, P1 vector and the vector that minimizes the weighted error is selected. This results 

in joint optimization of the codebook gains resulting in minimum error. The GSPOP1 

codebook has been predefined and contains 256 entries. The codebook was designed using 

the LBG [Ger90][Lin80] algorithm with the normalized weighted error as the distortion 

criterion. The codebook search procedure requires nine multiply-accumulates per vector 

evaluation. This technique of quantization makes coding efficient. Also by factoring out 

the average energy, the vector quantization takes into account the correlations among the 

three weighted excitation vectors to minimize the weighted error. By normalizing the 

gains using the excitation vector energies, channel errors affecting the energy in the 

adaptive codebook has little effect. As long as the code for the average frame energy is 

received correctly at the decoder, large scale distortion of speech will not occur. 

The quantized gains are now represented as 
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RS: GS,,° PO 
6 = |_——i 7 (3.81) 

= {2 
RS-GS,.°Plyg 

Vig = Rd) and (3.82) 

RS: GS,,° (1-P0,,-P1,,) 
2q = R, (2) : 

  

(3.83)   

When the long term predictor is deactivated, the following form is used for the weighted 

error equation 

  

  

w=R,,-b- JGS-Pi-c- {GS: (1-P0-P1), (3.84) 

x =f+GS:JP1: (1-PO-P1) +h-GS:-Pi+i:GS:(1-PO-P1) and (3.85) 

E=wtx. (3.86) 

The quantized gains are now represented as 

  

  

B, = 0, (3.87) 
rs “GSyq° Ply 

Th, = —_R,d) and (3.88) 

RS-GS,,- (1-P0,,-P1,,) 
_ vq vq vq Y2q = Ff Ra) . (3.89) 

After all subframe parameters have been determined and quantized the long term filter 

state and the weighted synthesis filter must be updated in preparation for processing the 

next subframe. The excitation sequence to be fed into the weighted synthesis filter and to 

also update the long term filter is computed as 

ex(n) = B, -b, (n) +7Y,, “Uy (”) +7Y,, "Uy y(n). (3.90) 

The long term predictor state is updated as follows 

r(n) = r(n+40) -146<n<-—41 and (3.91) 

r(n) = ex(n+40) -40sns-1. (3.92) 
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The long term predictor state is used in the computation of the long term prediction 

vectors. Thus, updating the long term predictor filter results in the long term prediction 

vector containing current excitation samples. The weighted synthesis filter is updated by 

filtering the excitation sequence ex(n). 

3.3 The VSELP decoder 

At the decoder the transmitted codes for the parameters are decoded and used to 

regenerate the original speech. The parameters that are obtained from the transmitted 

codes are the reflection coefficients (and therefore the short term predictor coefficients), 

the quantized value of the frame energy RO, R q (0) , the lag L, the excitation codewords / 

and H, the GSPOP1 code (and therefore the gains B, Y, and Y,). 
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Figure 3.2 - VSELP Decoder 

3.3.1 Decoding of the reflection coefficients 

The codes transmitted for the reflection coefficients are the indices to the quantized 
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reflection coefficients (depending on the reflection coefficients). These indices point to the 

reflection coefficients in the codebook. 

The reflection coefficients are transformed to the predictor coefficients. The reflection 

coefficients transmitted are for the entire frame. These result in predictor coefficients for 

the frame and hence these have to be interpolated for each of the four subframes. The rules 

for interpolation are 

a, = 0.75 Xx a; (previous) + 0.25 x a, (current) (3.93) 

for subframe 1, 

a, = 05x a, (previous) +0.5 x a, (current) (3.94) 

for subframe 2, 

a, = 0.25 X a, (previous) + 0.75 X a; (current) | (3.95) 

for subframe 3 and 

a, = a,current (3.96) 

for subframe 4. 

3.3.2 Decoding and interpolation of frame energy 

The code for the frame energy RO is transmitted every frame. RO represents the average 

signal energy in the input speech over a 20 msec interval centered with respect to the 

middle of the fourth subframe.R q (0) is obtained from RO using 

Rj (0) = RmggXl0 0 2-709 if RO#0 (3.97) 
R,(0)=0 if RO = 0. (3.98) 

Since the code transmitted represents the energy for the entire frame it has to be 

interpolated for each subframe. The rules for interpolation are 
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R',(0) =R, (0) previous frame (3.99) 

for subframe 1, 

  

R', (0) = R, (0) current frame (3.100) 

for subframes 3 and 4, 

R', (0) = IRy (0) previousframe - R, (0) currentframe (3.101) 

for subframe 2. 

3.3.3 Decoding of lag L 

The code for the lag for each subframe are transmitted every frame. These are decoded as 

L=LAG X+19 (3.102) 

if the long term predictor is active i.e. LAG_X #0 and 

the long term predictor is deactivated if LAG_X = 0. 

3.3.4 Decoding of the excitation codewords 

The codes for I and H for the two codebooks are transmitted. These index the code vectors 

in the two codebooks. The index pointing to a code vector in each of the two codebooks is 

transmitted instead of the code vector itself to reduce the bit rate, but the actual code 

vector is determined at the receiver using table lookup. 

3.3.5 Decoding of GSPOP1 code 

The GSPOP1 code is transformed into the gains B ? Y, q and Y. q using the following 

expressions. This operation is the inverse of the previous transformation described in 

section 3.3.3.9, 
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When the long term predictor is active: 

  

  

  

  

  

B= Oe, (3.103) 

Ti, = ae, (3.104) 

Taq = F ie 7. oe (3.105) 

where 

c'y(n) is the long term prediction vector, b', (7) 

c', (a) is the code vector selected from the first codebook, u LI (n) , 

C'2(”) is the code vector selected from the second codebook Uy y(n), 

N-1 

R,(k) = y; c',(n) (3.106) 
na(Q 

when the long term predictor is deactivated: 

B, = 90, (3.107) 

Th, = xen Poe, (3.108) 

29 = - et = ayia (3.109) 

The unweighted long term prediction vector is computed by 

b, (n) = r(n—- ([(n+ZL)/LJ-°L)) OsnsN-1. (3.110) 
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3.3.6 Generation of codebook excitation vectors 

The codewords I and H are used to index the vectors from codebooks 1 and 2 to give 

u,;(n) and up ;,(n) . These are then used in the computation of the excitation sequence. 

3.3.7 Generation of the excitation sequence 

The excitation sequence is computed from the decoded code vectors and their gains by 

ex(n) = B,° 5, (n) +1) 0° My, 7 (7) +1507 M2, 4 (a) O<n<sN-1. (3.111) 

The excitation sequence is used to reconstruct the output speech by filtering it through the 

synthesis filter. 

3.3.8 Updating the long term predictor state 

The long term predictor state r(n) is updated each subframe by 

r(n) = r(n+40) -146<n<-41 and (3.112) 

r(n) = ex(n+40) -40sns-l (3.113) 

3.3.9 Regeneration of speech 

The computed excitation sequence is next filtered through the synthesis filter to give 

regenerated speech. Note that the synthesis filter used in the decoder is different from the 

one used in the encoder in that the synthesis filter does not have the noise weighting 

parameter. The synthesis filter has the form 

Np , 
i- y a,-2" 

_ ial 
A(z) = — Np, (3.114) 

l- > a, 274 

i=] 
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3.3.10 Adaptive spectral postfilter 

This filter improves the perceptual quality of the synthesized speech. This filter has the 

form 

Np . 

1- yn; 2" 

A(z) = + (3.115) 

1- vy ¥-a;-2" 

iw] 

The numerator coefficients 1), are autocorrelation coefficients. These may be obtained by 

computing the autocorrelation of the impulse response of the all pole filter corresponding 

to the denominator for lags 0 through 10. The autocorrelation sequence is then windowed 

by a binomial window and the numerator and the numerator coefficients may be calculated 

from the windowed autocorrelation sequence using the levinson recursion. 

The autocorrelation coefficients may also be computed directly from the direct form 

coefficients using a Levinson recursion [Pap87]. 

A first order filter is part of the adaptive spectral postfilter used to improve the postfiltered 

speech brightness. This is cascaded with the above filter. It has the form 

H(z) = 1-u-z™, (3.116) 

To ensure a unity power gain between the input $(n) and the output 5, (m) of the spectral 

postfilter a gain scale factor Sscale is computed and used to scale the output of the spectral 

postfilter. 

(3.117) scale ~ 
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It is the square root of the ratio of the input speech energy to the output energy of the 

subframe. The scale factor is passed through a first order low pass filter. This filter has the 

form 

(n) = 0.9875 -S',..).(m—1) +0.0125-S,_),- (3.118) 
Ss scale 

The output of the spectral postfilter is then multiplied by S',..,,() to give speech. 

3.4 Channel Protection 

To combat the effect of channel errors, channel coding is performed. A rate 1/2 constraint 

length six convolutional code is used. In addition to channel protection interleaving is also 

performed. Interleaving reduces the effect of bursty errors, which are common in mobile 

radio environments. 

3.4.1 Convolutional coding 

The convolutional code has parameters, k = 1, n = 2, L = 5. The convolutional code 

generator polynomials are given by [EIA90] 

g)(D) = 1+D+D°?+D° (3.119) 

and 

g,(D) = 1+D?+D°+D*+D". (3.120) 

This can be represented by the following figure 
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—p Output 1   

  

  
  

  
  

                      
  

  
  

  

  
  

py Output 2 

Figure 3.3 - Convolutional Encoder [Zie92] 

Hard decision decoding is used at the to decode the received sequence. 

3.5 Conclusion 

In this chapter we have described the detailed implementation of the VSELP speech coder. 

The purpose of this description is to allow an understanding of the algorithm and permit 

implementation of the coder. A more complete description may be found in [EIA90]. In 

the next chapter, we will describe simulation of the vocoder. 
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4. Simulation of VSELP 

The VSELP speech coding algorithm was implemented in the C programming language. 

To provide portability between different platforms, the widely used and well defined stan- 

dard ANSI C was used. 

In this chapter, the software realization of the codec described in Chapter 3 will be 

described. The overall structure of the code and description of major modules is given. 

Since the code is extensively commented and most of the algorithms are described in 

Chapter 3, only particular code implementations which require additional attention will be 

discussed. 

4.1 Description of VSELP structure 

The VSELP coder/decoder has been coded as a separate coder and decoder. The coder 

generates a file of transmitted codes that the decoder reads and decodes to give output 

speech. This enables one to disable the coder or the decoder. An input speech file can be 

encoded once and the transmitted codes file can be used to insert errors into it, using bit by 

bit error patterns from the BERSIM package or channel coding may be performed on the 

transmitted bits. The input speech file does not have to be encoded everytime the coder is 

tested and since the coder requires the most computation and processing time, this results 

in less time consuming evaluation and testing. 

4.2 Data flow in VSELP 

The minimum requirement of input speech for the VSELP codec is that it should be quan- 

tized with at least 13 bit resolution. A dBspl (decibel sound pressure) specification is also 

mentioned but since this facility is not presently available at the MPRG, this parameter 

was not monitored. This input speech is low pass filtered with a cutoff frequency of 3.5 

kHz to avoid aliasing. A Diagnostic Acceptability Measure (DAM) sample from a digital 

audio tape (DAT) machine, provided by a Bell Atlantic Mobile Systems research project, 

was used as the input speech samples. This sample includes different male and female 

voice samples. Data was transferred from the DAT to the SUN workstation using the 
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SUN’s analog audio facilities, audiotool and soundtool. These tools are provided by SUN 

to exploit the workstation’s audio capabilities. The SUN has a default sampling rate of 

8kHz and uses 8 bit [tJ law encoding. We used MATLAB to extract raw audio data from 

the SUN audio files. The MATLAB functions auread and auwrite were used in the trans- 

formation process. Auread reads in the SUN audio file and converts it into a linear form 

with the range -1.0 to 1.0. For this reason the input files and output files of the codec use 

floating point sample representation within range -1.0 to 1.0. Audiotool was used to clip 

parts of recorded speech, that is to remove unnecessary silence segments. Soundtool was 

used for playing/recording of speech. 

The codec uses three files in addition to the data files, the input speech file, output speech 

file and the transmitted codes file. 

4.3 Description of individual programs in VSELP 

Figure 4.1 shows a general flowchart for the coding system. 

START 

INITIALIZE 

t 
CODER 

¥ 
DECODER 

/ 

  

    
  

  

    
  

  

    
  

Figure 4.1 - Flow Chart of coding 
system 
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4.3.1 VSELP Subroutines 

Before encoding the input speech, the codec needs several inputs in addition to the pre- 

defined codec operating parameters such as the frame length, order of the predictor filter 

and size of the adaptive codebook. These variables are quantized values of the reflection 

coefficients, basis vectors, binary representation of the codeword indices and the GSPOP1 

codes. These are read in from data files before the encoding process begins. 

Figures 4.2 - 4.8 show a detailed flowchart of the vocoder implementation. The implemen- 

tation generally follows the algorithm described in Chapter 3. Several subblocks are 

described in specific detail. 
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Figure 4.2 - Flow chart of VSELP 
implementation 
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Figure 4.3 - Flow chart of VSELP implementation 
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Figure 4.4 - Flow chart of VSELP implementation 
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Figure 4.8 - Flow chart of VSELP implementation 

4.3.1.1 Calculation of code vectors 

The routine calcdvec.c computes the code vectors. After the variables described in 4.3.1 

have been read into arrays and are now known to the coder the code vectors are calculated 

from the read in values of 6 and the basis vectors (see 3.2.3.4). The values of 6 and the 

basis vectors [EIA90] are fixed hence the code vectors have to be computed only once and 

is done before the start of the encoding process. 
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The input speech is next high pass filtered. This is a fourth order Chebyshev type II filter 

with a filter response that is 3dB down at 120 Hz and 40 dB down at 60 Hz. The coeffi- 

cients have been specified in [EIA90]. 

4.3.1.2 Covariance analysis and computing reflection 
coefficients 

The routine phimat.c performs covariance analysis of the input speech and computes the 

reflection coefficients (see 3.2.1.1). Within the coder, input speech samples are read in as 

blocks of 225 samples. The reason for this is to allow a covariance analysis window which 

is 170 samples long and is centered around the midpoint of the fourth subframe. Next, 

covariance analysis is performed on the analysis interval defined above. This determines 

the reflection coefficients. Also the frame energy is calculated from the covariance matrix. 

The covariance matrix has been determined using a brute force technique. This calculation 

can be simplified by computing 6 (i,k) from 9 (i-1,k-—1). The reflection coefficients 

are quantized for the purpose of transmission within this subroutine. Quantized values for 

the reflection coefficients are stored in a file sequentially as given in the [EIA90]. The con- 

tents of this file are read into an array in the beginning of the program. Depending on the 

reflection coefficient number, i.e one through ten, the corresponding segment of the array 

is accessed. The search is further simplified by testing the sign of reflection coefficient, 

since the reflection coefficients are stored in increasing magnitude with negative values 

being stored first. 

4.3.1.3 Computing and quantizing the frame energy 

The routine codfmegy.c computes, quantizes and encodes the frame energy. The frame 

energy is calculated from the covariance matrix (see 3.2.2). It is then converted into a dB 

value relative to full scale and quantized to 32 levels. 

4.3.1.4 Transforming reflection coefficients to predictor 
coefficients 

This routine transforms the reflection coefficients to predictor coefficients i.e, the coeffi- 

cients for the linear prediction filter, using a Levinson recursion (see 3.2.1.2) [Pap87]. 
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The values for the parameters obtained so far are for the entire frame. VSELP uses sub- 

frame processing in which the frame is divided into four subframes and transmitter codes 

such as codewords, gains for each of the codebooks, and the lag are computed for each 

subframe. At the decoder, speech is regenerated one subframe at a time. 

4.3.1.5 Interpolation of predictor coefficients 

This operation is carried out by the routine Ipolcoeff.c. The predictor coefficients are inter- 

polated for each subframe according to the specified rules (see 3.1.1.2). The reason for 

interpolation is to maintain smooth spectral transitions from a subframe to the next sub- 

frame. The interpolated predictor coefficients are transformed back into reflection coeffi- 

cients using a Levinson recursion to check for instability (magnitude of reflection 

coefficient > 0.0). 

4.3.1.6 Interpolation of frame energy 

The routine Ipolfmegy.c performs interpolation of the frame energy. The frame energy is 

interpolated for each subframe in the same manner as described in 4.3.1.5 (also see 3.2.2). 

4.3.1.7 Computation of lag 

Computation of lag involves several processing steps (see 3.2.3.1). First, the impulse 

response of the weighted synthesis filter is computed. The input speech is filtered through 

the perceptual noise weighting filter. The weighted synthesis filter has a filter state associ- 

ated with it at the start of each subframe. To remove the effects of the initial state the zero 

input response of the weighted synthesis filter is calculated and subtracted from the 

weighted speech. This operation is carried out by the routine zres.c. For computing the 

lag, the weighted long term prediction vector is calculated. The autocorrelation matrix for 

the long term prediction vector and the crosscorrelation matrix of the long term prediction 

vector and weighted speech are calculated. The weighted error for each subframe and for 

each lag is defined as 

N-1 

E, = Lew - (B-b',(n)))?. (4.1) 
Nia 
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Optimal 6 is calculated from equation 4.1. Thus optimal lag is computed for each lag L. 

The weighted error is evaluated for each lag L and the lag corresponding to the smallest 

weighted error is selected. The gain B corresponding to the lag is used for further calcula- 

tion and transmission. Next, the unweighted long term prediction vector is computed and 

is filtered through the weighted synthesis filter to yield a new unweighted long term pre- 

diction vector. 

4.3.1.8 Calculating the filtered basis vectors 

Calresvec.c computes the filtered basis vectors (see 3.2.3.4 and 3.2.3.5). The zero state 

response of each basis vector to the weighted synthesis filter is computed. The zero state 

response of each code vector is computed as a linear combination of the zero state 

response of each basis vector to the weighted synthesis filter. 

4.3.1.9 Orthogonalization for codebook 1 

Ogonalone.c performs the orthogonalization function for codebook 1 (see 3.2.3.6). For 

computing the codebook index each filtered basis vector for the first codebook have to be 

made orthogonal to the weighted long term prediction vector. 

4.3.1.10 Search for codeword for codebook 1 

Cdwdsearch1.c computes the codeword for codebook 1 (see 3.2.3.6). The autocorrelation 

matrix for the filtered codebook vector and the crosscorrelation matrix for the filtered 

codebook vector and weighted speech are computed. The optimal gain value for Y, is cal- 

culated for each codevector using equation 4.2 and a Gram Schmitt orthogonalization is 

performed resulting in orthogonalized filtered basis vectors. 

N-] 

E, j= Lew - (Tf)? (4.2) 
Tl = 

The orthogonalized filtered code vectors are computed as a linear combination of the 

orthogonalized filtered basis vectors. The weighted error is evaluated for each codeword 

and the codeword that minimizes the error is selected. 
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4.3.1.11 Orthogonalization for codebook 2 

Ogonaltwo.c performs the orthogonalization function for codebook 2. This is similar to 

ogonalone.c except that all calculations are performed for codebook two. 

4.3.1.12 Search for codeword for codebook 2 

Cdwdsearch?2.c is the routine that computes the codeword for codebook 2. This is similar 

to cdwdsearch1.c except that all calculations are performed for codebook two. 

4.3.1.13 Calculation of the excitation sequence 

Calex.c computes the excitation sequence for each subframe (see 3.2.3.9). The next step is 

quantization of the codebook gains and calculation of the excitation sequence. The three 

gains for the three codebooks are transformed to a vector, a GSPOP1 code. The weighted 

error is minimized for a codebook entry and the index for this entry is transmitted. In the 

expansion of the weighted error equation there are terms generated which can be repre- 

sented as correlations of the weighted speech, weighted long term prediction vector and 

the weighted code vectors from the two codebooks. The weighted error equation is evalu- 

ated for each GSPOP1 code and the vector which minimizes the error equation is selected. 

Furthermore the gains for the three codebooks are replaced with quantized values recon- 

structed from the GSPOP1 code and the corresponding code vector. The excitation 

sequence is generated by weighing the codevectors from the three codebooks with the 

quantized gains. 

4.3.1.14 Updating the long term filter 

Update.c performs the operation of updating the long term filter (see 3.2.3.9). The long 

term predictor state is updated by shifting out old samples, and shifting in the newly gen- 

erated excitation sequence. 

Finally the excitation sequence is filtered through the weighted synthesis filter for updat- 

ing. Reflection coefficients, predictor coefficients and the frame energy for the present 

frame are saved as parameters for the previous frame. 
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4.3.1.15 Data transmission 

Txdata.c performs the data transmission operation. Bit representations for the transmitted 

parameters are written to a file every frame. The transmitted data bits maybe altered dur- 

ing the course of transmission to introduce bit errors. This process may be carried out by 

using data files. 

The decoder reads in the transmitter codes files and decodes the parameters to reconstruct 

input speech. 

4.3.1.16 Data reception 

Revdata.c performs the operation of data reception. This subroutine converts the bit repre- 

sentations for the transmitted parameters to decimal values. The indices transmitted by the 

coder for the reflection coefficients are used to index the array containing the quantized 

reflection coefficients. Also the code for the frame energy is used to compute the frame 

energy using equation 3.19. The quantized reflection coefficients are used to compute the 

autocorrelation coefficients using a Levinson recursion [Pap87] which are used in the 

postfilter. The computed autocorrelation coefficients are multiplied by spectral smoothing 

coefficients. 

As in the coder, decoding is performed subframewise. 

4.3.1.17 Coefficient interpolation. 

As in the coder the predictor coefficients, frame energy and the autocorrelation coeffi- 

cients are interpolated using the specified rules. 

4.3.1.18 Calculating the unweighted prediction vector 

Calb.c is the routine that computes the unweighted prediction vector. The unweighted long 

term prediction vector is calculated, which is used in the calculation of the excitation 

sequence. 
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4.3.1.19 Transforming the GSPOP1 code to codebook gains 

Gainsandupdate.c computes the gains for each of the codebook from the GSPOP1 code. 

The GSPOP1 code is transformed back to the gains for each codebook. The excitation 

sequence is calculated by weighing the code vector from the corresponding codebook with 

the corresponding gain. 

4.3.1.20 Updating the long term predictor 

Update.c is the routine that updates the long term predictor. The long term predictor state 

is updated as in the coder. Finally, the excitation sequence is filtered through the synthesis 

filter to give output speech. 

4.3.1.21 Postfiltering 

The routine postfilt.c performs the postfiltering operation. The postfilter is used to enhance 

the perceptual speech quality of the reconstructed speech. The coefficients of the numera- 

tor of the transfer function are autocorrelation coefficients that were calculated earlier. The 

denominator uses the predictor coefficients and has an additional weighting term. The 

denominator looks like the denominator of the weighted synthesis filter. The postfilter con- 

sists of a first order filter used to control the postfiltered speech brightness. 

After the postfiltering operation, a scaling factor is determined to maintain unity power 

gain between the pre-postfilter and post-postfilter. This scaling factor, obtained by the ratio 

of energy before the postfilter to the energy after the postfilter, is passed through a first 

order low pass filter. The output of the postfilter is multiplied by this scaling factor to yield 

output speech. 

4.4 Operation of the VSELP vocoder 

A complete code listing of the implementation is contained in Appendix B. Appendix A 

contains operating instructions for compiling and executing the VSELP routines. 

In this chapter we have described software for implementing the VSELP algorithm. In the 

next chapter, we present results for simulations using this VSELP software in conjunction 
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with a variety of channel models. 
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5. Performance of the VSELP Vocoder 

5.1 Introduction to Performance Evaluation of Vocoders 

The performance of a vocoder can be evaluated by observing the effect that different 

channel conditions have on the transmitted bit stream, causing the decoder to reproduce 

speech using incorrect parameters. This effect can be heard and judged on the basis of the 

quality of reconstructed speech. 

A vocoder can usually tolerate bit error rates of up to 0.001 after which rapid degradation 

of speech is observed (heard). With channel coding bit error rates of up to 0.01 can be 

tolerated. Vocoder performance is evaluated using corrupted transmitted code files, with 

and without error correction. A vocoder is inherently robust to errors and error correction 

improves overall performance. 

Two general approaches to performance evaluation may be followed. Objective 

performance measures such as average mean squared error (MSE) between input and 

output waveforms provide a means of quantifying the accuracy of reproduction. However, 

MSE may not accurately reflect the true performance of the vocoder since the human ear 

may be much more sensitive to some types of errors than others. For this reason, 

subjective speech quality assessment more accurately reflects performance. Although 

human assessments are subjective, they also measure directly the desired properties of the 

signal. In this thesis, we consider both types of measures with emphasis on subjective 

quality assessments. 

Performance of VSELP was evaluated by using the BERSIM simulation software to 

generate bit error patterns for specified channel conditions. Channel conditions were 

specified so as to simulate real life situations. Also SIRCIM, a statistical channel impulse 

response simulator, was used to provide BERSIM with realistic channel impulse 

responses. The bit by bit error pattern is used to insert errors into the transmitted bit 

stream. For the first case no channel protection was used and raw vocoder performance 

was observed. In the second case channel protection was used and performance observed. 

Informal listening tests determined the quality rating of the vocoder. 
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The coder transmits codes for 27 parameters. Table 3.1 gives a list of these parameters. 

Each of these vary in importance for reconstruction of encoded speech and thus will affect 

decoded speech differently in the presence of errors. Inserting errors so as to corrupt codes 

for each individual parameter will enable us to observe the effect of errors on those 

parameters and evaluate the ability of the coder to withstand errors in those parameters. 

5.2 BERSIM 

BitErrorSIMulator(BERSIM) has been developed by the MPRG at Virginia Tech as a 

software simulation package to evaluate performance of digital communication systems. 

Various modulation techniques and coding schemes can be simulated using channel 

models derived from real world propagation measurements. BERSIM 1.0 was originally 

developed by Victor Fung [Fun91] for an IBM PC, written in the Turbo Pascal 

programming language. Since then, the BERSIM software has been extensively revised 

by Berthold Thoma [Tho92] and translated into C. Prabhakar Koushik [Kou92] was 

responsible for implementation of the UNIX version. Ying Jie Li has implemented a 

CDMA system model for BERSIM [Li93]. 

BERSIM can simulate different modulation schemes, for data rates up to 15 Mbps, 

receiver speeds of up to 150 kmph, E,/N,, up to 100 dB, cochannel interference in indoor 

and outdoor, flat and frequency selective fading channels. BERSIM also allows the use of 

different external channel models, different methods of timing recovery in dispersive 

fading channels and computation of outage rates. 

The parameters which can be controlled by the BERSIM user include:- 

Modulation: Supports 1/4 DQPSK, BPSK, FSK modulation types. 

Data rate: 0 to 10 Megabaud. 

Carrier frequency: Unlimited (baseband simulation) 

Channel: AWGN, Two-ray, Flat Rayleigh fading and external channel impulse response 

such as SIRCIM. 
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Vehicle Speeds: Different vehicle speeds upto 150 kmph can be specified. 

Symbol timing recovery: selectable; None, Centroid of channel impulse response 

(instantaneous or average), or Maximum amplitude in instantaneous channel impulse 

response. Timing jitter may also be specified based on a Gaussian distribution of timing 

error. 

Interference: White Gaussian noise and/or co-channel interference; 

Outputs: Average BER, Bit by bit error pattern which may be used in hardware simulation. 

5.3 Mean Squared Error 

Mean squared error is an important criterion used in evaluating speech coding systems. 

Let s(n) be the sampled original speech and 3(n) be sampled speech processed by the 

speech coder. Then the average mean squared error of a speech segment of N samples 

duration is 

y No! . 2 
E= 5° yy (s(2) -8@)) (5.1) 

n=(Q 

The mean squared error was computed for the error free encoded speech files and 

corrupted speech files. 

Table 5.1 gives the mean squared error for four samples of error free encoded speech. 

Table 5.1: MSE for error free files 

  

  
  

          

MALE MALE FEMALE | FEMALE 
VOICE -1 | VOICE-2 | VOICE-1 | VOICE-2 

MSE 0.015561 0.023897 0.008617 0.087817 
  

  
We can see that the MSE for male voicel and female voice 1 is lower than the other files. 

This difference in MSE values is expected because vocoders are sensitive to different 

voices and reproduce different voices with different precisions. These files were used for 

more detailed simulations so as to emphasize the impact of bit errors. 

Table 5.2 gives the MSE for corrupted speech files. A bit error pattern with BER 0.04, 
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obtained from BERSIM simulations was used to corrupt the transmitted codes files. 

Table 5.2: MSE for corrupted files 
  

MALE FEMALE 
VOICE-1 | VOICE- 1 
  

  

        MSE 0.027866 0.010897 
  

As expected the MSE for the corrupted files is higher than the error free files. The 

corrupted speech files also sound distorted. Note that the MSE for male voice 2 

(uncorrupted) and male voice 1 (corrupted) is almost the same. Male voice 1 (corrupted) 

has a lot of degradation in the form of crackles and pops while male voice 2 is a poor 

reproduction of male voice 2. 

Visual comparison of the plots of the original speech, encoded speech and speech decoded 

from a corrupted transmitted codes file is also possible. Figure 5.1 shows a 20 millisecond 

sample of speech as a function of time for male voice 1. Figure 5.2 shows the same 20 

millisecond sample of speech after encoding. Figure 5.3 shows the speech sample for a 

system which is corrupted by errors. As seen, the encoded speech introduces some 

harmonics into the speech waveform. Although these high frequency components may not 

have a significant perceptual effect, they tend to degrade the MSE performance. As a 

result the MSE may not be a useful measure of speech quality. For this reason, subjective 

assessment is used to measure performance throughout the rest of the chapter. 
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Figure 5.1 - Input speech male voice 1 
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Figure 5.2 - Encoded speech male voice 1 

i! da 

  

Chapter 5 - Performance of the VSELP Encoder Page 67



0.2 5F 

  fee eel LC L L j 

1.740 1.742 1.744 1.746 1.748 1.750 1.752 1.754 1.756 1.758 1.760 

Time(Seconds) 

Figure 5.3 - Encoded speech(corrupted) male voice 1 
(BER 0.04) 
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Figure 5.4 - Input speech female voice 1 

Figure 5.4 shows a 20 millisecond sample of speech as a function of time for male voice 1. 

Figure 5.5 shows the same 20 millisecond sample of speech after encoding. Figure 5.6 

shows the speech sample for a system which is corrupted by errors. As seen, the encoded 

speech introduces some harmonics into the speech waveform. 
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Figure 5.5 - Encoded speech female voice 1 
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Figure 5.6 - Encoded speech(corrupted) female voice 1 

(BER 0.04) 
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Figure 5.7 - Input speech female voice 2 

Figure 5.7 shows a 20 millisecond sample of speech as a function of time for male voice 1. 

Figure 5.8 shows the same 20 millisecond sample of speech after encoding. As seen, the 

encoded speech introduces some harmonics into the speech waveform. Possible reasons 

for female voice 2 (encoded) being different from the input female voice may be in the 

analog recording operation and the fact that vocoders are speaker sensitive and reproduce 

different voices with different precision. 
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Figure 5.8 - Encoded speech female voice 2 
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Figure 5.9 - Input speech male voice 2 

Figure 5.9 shows a 20 millisecond sample of speech as a function of time for male voice 1. 

Figure 5.10 shows the same 20 millisecond sample of speech after encoding. As seen, the 

encoded speech introduces some harmonics into the speech waveform. 
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Figure 5.10 - Encoded speech male voice 2 

As can be seen from the figures the encoded speech approximates input speech. In the case 

of the corrupted files the speech signal deviates even more from the encoded speech. Also 

although the reconstructed speech was low pass filtered it has a high frequency component 

present. 

5.4 Channel Conditions Used in Evaluation. 

Using realistic channel conditions for evaluating a communication system or sub system is 

very useful and provides accurate performance assessment. BERSIM provides accurate bit 

error results and uses detailed channel models. BERSIM provides bit by bit error patterns 

which provide information about the occurrence of bit errors, by inserting 1s in a bit 
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stream indicating occurrence of bit errors. This bit stream is exclusive or-ed with the 

transmitted codes to simulate data corruption. 

Also channel protection was implemented. A rate 1/2 constraint length 6 convolutional 

code with interleaving is used [EIA90]. The transmitted codes file is convolutionally 

encoded and the above mentioned procedure is used to insert errors, this file is then 

processed through the VSELP decoder. 

Input speech files included that of a male and a female. Four different types of channel 

models were considered in the evaluation of the vocoder. 

5.4.1 Additive white Gaussian noise 

This model can be used to simulate attenuation due to the channel and variation in the 

strength of transmitted signal. E,/N, was varied from 6 to 10 dB, resulting in bit error 

rates of 0.017 to 3.0E-4. The resulting output files contain independent bursty errors. 

5.4.2 Flat fading channel conditions 

The flat rayleigh fading channel model of BERSIM was used to simulate flat fading 

channel conditions. Mobile speed was varied between 3 and 100 kmph. E/N, was varied 

from 10-40 dB. 

5.4.3 Two ray Rayleigh fading channel 

This case is used to simulate frequency selective fading conditions. Two different delays 

were considered and simulations were performed for vehicle speeds of 3, 40 and 100 

kmph corresponding to the walking speed of a man, average speed in traffic and highway 

speed. E,/N, was kept constant at 100 dB and C/D was varied from 10 - 40 dB. 

5.4.4 SIRCIM 

SIRCIM (Simulation of Indoor Radio Channel Impulse response Models) is a statistical 
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indoor channel impulse response simulator developed at the MPRG. SIRCIM 1.0 was 

developed by Dr. Scott Y. Seidel. SIRCIM 2.0, a modified version of SIRCIM 1.0, was 

developed by Dr. Seidel, Prabhakar Koushik and Scott McCulley. SIRCIM uses statistical 

models based on narrowband and wideband measurements [Sei89]. SIRCIM takes into 

account the number of individual multipath signals, arrival times and amplitudes of 

individual multipath components. The SIRCIM data files can be used without any 

modification by BERSIM in the external channel mode. BERSIM simulations using 

SIRCIM files as input were carried out in [Tho92]. Simulations were performed using 

SIRCIM to simulate the use of a phone inside a factory. A mobile speed of 1 m/s was 

assumed which is roughly the walking speed. A data rate of 1.154 kbps was assumed 

which is the European DECT standard. Two cases of obstructed topography were used 

with rms delay spreads of 113.1 ns and 135.9 ns. 

5.5 Effects of Errors on Each Parameter 

In addition to general channel models, the effects of corrupting each code parameter were 

assessed to determine the perceptual significance of these parameters. The coded 

parameters are transmitted sequentially in a predetermined order. Therefore errors can be 

inserted in the transmitted codes files to corrupt one parameter at a time. Errors were 

inserted to corrupt the most significant bit and least significant bit of the code of every 

frame, once in every ten frames and once in every fifty frames (every second). Thus the 

perceptual importance of each parameter and the frequency of errors in the parameters that 

the coder could withstand was observed. 

5.6 Subjective Assessment Results 

As discussed earlier, subjective assessment by the human ear is the best measure of 

vocoder performance. Numerical values of MSE and time domain plots, provide little 

insight into vocoder performance. The software developed here allows for convenient 

subjective evaluation under a wide range of channel conditions, without the expense of 

extensive hardware prototyping or field trials. 

Audio recordings of all processed files are available and are the best documentation of 

results. However, for the purposes of written documentation, subjective assessments have 
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been made. Full rigorous subjective assessment using the mean opinion score (MOS) scale" 

on large populations is beyond the scope of this work. The primary contribution here is the 

development of software for vocoder evaluation and the use of that software to evaluate 

system performance using a wide range of realistic channel models. 

For purposes of this thesis, vocoder outputs are classified using a level scale. These levels 

are denoted by the following letters:- 

e - no degradation 

d - noticeable degradation 

c - tolerable degradation 

b - unacceptable degradation 

a - completely distorted 

Letters are used to classify signals to avoid confusion with full-scale MOS testing and to 

specifically preclude the possibility of averaging data and fine gradation which is beyond 

the intent of the simple descriptive classification here. Subjective assessments are by 

nature subjective, however samples are available for review. 

5.6.1 Additive white Gaussian noise 

For the AWGN case E,/N,, was varied between 6 and 10 dB in steps of 2dB. The 

observed bit error rate varied between 4.0 x 107 and 0.017. 

Table 5.3 below shows the bit error rates for the different speech samples. Since the size of 

the input files for the male and female case were of different sizes they were considered 

  

  
  

            
  

  

separately. 

Table 5.3: BERs for AWGN Case 

E./N BER-Male BER-Male BER-Female | BER-Female 

bore Unprotected Protected Unprotected Protected 

6 1.7E-02 4.1E-05 1.7E-02 4.1E-05 

3.0E-03 0.0 3.0E-03 0.0 
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Table 5.3: BERs for AWGN Case 
  

       
   

BER-Female 

Protected 

    

BER-Female 

Unprotected 
   

    

BER-Male 

EL/No Unprotected 

  

10         
  

It can be seen that the BER decreases with increasing E,/N,,, also error protection works 

rather well resulting in better quality speech. 

Figure 5.11 shows the subjective speech quality as a function of E,/N,, for the male 

speaker both with and without error correction. Because of distortion introduced by the 

vocoder itself, even error free speech did not achieve the classification of no degradation 

for the male speaker. 
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Figure 5.11 - Speech quality versus E,/N, for AWGN 
case, male voice 
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Figure 5.12 - Speech quality versus E,/N, for AWGN 
case, female voice 

Figure 5.12 plots the subjective speech quality for the female speaker as a function of 

E,,/N,. In this case, the speech quality is significantly higher for the female voice than the 

male. The vocoder performance is highly speaker dependent. 

The speech quality for the unprotected case improves as the BER decreases. Error 

protection negates the effect of the errors introduced. 

5.6.2 Flat fading 

For an AWGN channel, errors occur independently. In actual wireless channels errors are 

bursty in nature. We simulate this effect using the flat fading channel. For this case E p/ No 
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was varied between 20 - 40 dB in steps of 10 dB resulting in bit error rates between 

6.58 x 107> and 5.6 x 1072. The receiver speed is varied between 5 and 100 kmph. These 

speeds reflect actual real life speeds of people walking, driving in cities and on the 

freeway. 

Table 5.4 gives the BER for the case of vehicle speed 5 kmph. 

Table 5.4: BERs for Flat Fading - 5 kmph 
  

    

  

  

  

  

            

E,/N BER-Male BER-Male BER-Female | BER-Female 
0 Unprotected Protected Unprotected Protected 

20 5.6E-02 3.1E-02 5.6E-02 4.7E-03 

30 5.0E-04 9.5E-05 5.0E-04 1.6E-04 

40 6.58E-05 0.0 6.58E-05 0.0 
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Figure 5.13 - Speech quality versus E/N, for flat 
fading case, 5 kmph, male voice 

Figures 5.13 and 5.14 plot the subjective speech quality versus E,/N,, for the flat fading 

channel model using a vehicle speed of 5 kmph, for the male and female voices 

respectively. Once again the female voice yields superior performance. The values of 

E/N, required for acceptable performance are much higher than for the AWGN channel. 

At these slow speeds, the error correction code does not significantly improve 

performance, because the duration of a typical fade exceeds the error correcting capability 

of the convolutional code. 
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Figure 5.14 - Speech quality versus E,/N, for flat 

fading case, 5 kmph, female voice 

For this case error protection does not give a great deal of improvement resulting in speech 

quality being the same for the unprotected and error protected case. 

Table 5.5 gives the BER for vehicle velocity of 50 kmph. 

Table 5.5: BERs for Flat Fading, 50 kmph 

  

  
  

            

E./N BER-Male BER-Male BER-Female | BER-Female 

L bre Unprotected Protected Unprotected Protected 

10 4.0E-02 1.9E-04 4.0E-02 1.9 E-04 

20 3.0 E-03 0.0 3.0 E-03 0.0 
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Figure 5.15 - Speech quality versus E,/N, for flat fading 

case, 50 kmph, male voice 

Figures 5.15 and 5.16 illustrate speech quality as a function of E,/N, for the male and 

female voices on a flat fading channel assuming a receiver speed of 50 kmph. At this 

speed, the fades occur more frequently and the degradation is even more severe. However, 

the error correction is more effective because the fades are shorter in duration so the error 

bursts do not overwhelm the convolutional encoder. 
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Figure 5.16 - Speech quality versus E,,/N, for flat 
fading case, 50 kmph, female voice 

Table 5.6 lists the BER for the vehicle speed of 100 kmph. 

Table 5.6: BERs for Flat Fading case, 100 kmph 
  

  

  

  

            

E./N BER-Male BER-Male BER-Female | BER-Female 

pe Unprotected Protected Unprotected Protected 

10 40E02 [4402 |40B02 |ilE04 
20 4.6E-03 0.0 4.6E-03 0.0 

30 5.0E-04 0.0 5.0E-04 0.0 

40 1.0E-04 0.0 1.0E-04 0.0 
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Figure 5.17 - Speech quality versus E/N, for flat 
fading case, 100 kmph, male voice 

Figures 5.17 and 5.18 plot speech quality versus E,/N,, for the male and female voices for 

the case of flat fading with a receiver speed of 100 kmph. Again, the effects of fading are 

very pronounced and high E,/N, is required for acceptable performance. The error 

correction code is effective for this speed. Note that the effect of bursty errors are apparent 

in this example. Relatively low BER can produce unacceptable speech quality in the 

absence of error correction. 
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Figure 5.18 - Speech quality versus E,/N,, for 
flat fading case, 100 kmph, female voice 

For this case although the BER is small the speech quality is not as high as expected. 

5.6.3 Two ray Rayleigh fading model 

The case of frequency selective fading was simulated using the two ray fading model of 

BERSIM. E,/N, was fixed at 100 dB. As a result, the effects of the irreducible error floor 

were considered. The power ratio of the direct ray to the delayed ray was varied between 

10 dB and 40 dB in steps of 10 dB. The cases of t/T = 0.154 and t/T = 0.539 [Liu91] 

were used. 

In addition vehicle speed was varied from 3 kmph to 100 kmph to simulate walking, and 

  

Chapter 5 - Performance of the VSELP Encoder Page 88



driving speeds in the city and freeway. 

Table 5.7 gives the BER for t/T = 0.154, E,/N,= 100 dB and C/D varying between 10 

  

  

  

  

  

and 30 dB in steps of 10 dB. 

Table 5.7: BERs for Frequency Selective fading t/7 = 0.154, 3 kmph 

C/D BER-Male BER-Male BER-Female | BER-Female 
Unprotected Protected Unprotected Protected 

10 4.0E-03 9.75E-03 4.0E-03 1.3E-02 

20 4.0E-04 9.2E-05 4.0E-04 1.3E-04 

30 6.17E-06 0.0 6.17E-06 0.0             
  

Figures 5.19 and 5.20 plot speech quality versus C/D for male and female speakers using 

the two-ray fading model and a receiver speed of 3 kmph. Even at high E,/N,, fading 

produced a noticeable degradation. The error correction coding is only moderately 

effective at this slow speed. In at least one case in figure 5.20 the system with error 

protection exhibits lower speech quality than the unprotected system. This example also 

illustrates the effect that raw BER does not always correspond directly to speech quality, 

indicating the need for speech quality assessment in system evaluation. 
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Figure 5.19 - Speech quality versus C/D for the 
frequency selective fading case t/T = 0.154, 3 

kmph, male voice 
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Figure 5.20 - Speech quality versus C/D for the 
frequency selective fading case t/T = 0.154, 3 

kmph, female voice 

Table 5.8 gives the BER for t/T = 0.154, mobile speed = 40 kmph and C/D= 10. 

Table 5.8: BERs for Frequency Selective fading t/T = 0.154, 40 kmph 
  

C/D 

10     

BER-Male 

Unprotected 

3.0E-03 

BER-Male 

Protected 

0.0     

BER-Female 

Unprotected 

3.0E-03   

BER-Female 

Protected 
NT 

0.0 
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Figure 5.21 - Speech quality versus C/D for 

frequency selective fading case t/T = 0.154, 40 

kmph, male voice 

Figures 5.21 and 5.22 display speech quality for the case of two-ray fading with a vehicle 

speed of 40 kmph. Again, fading can result in severe degradations, but at these speeds 

error correction coding is effective. These results have also been predicted by [Sim92] 

who predicted that coding would be an effective counter measure against fading at high 

speeds. 
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Figure 5.22 - Speech quality versus C/D for 
frequency selective fading case t/T = 0.154, 40 

kmph, female voice 

Table 5.9 gives the BER for the vehicle speed of 100 kmph and C/D= 10 dB and 30 dB. 

Table 5.9: BERs for Frequency Selective t/T = 0.154, 100 kmph 

  

  

  

  

  

  
  

        

C/D BER-Male BER-Male BER-Female BER-Female 

Bile Protected Unprotected Protected 

10.” 3.0E-03 3.6E-02 3.0E-03 3.5E-02 

30 1.6E-04 0.0 1.6E-04 0.0       
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Figure 5.23 - Speech quality versus C/D for 
frequency selective fading case t/T = 0.154, 100 

kmph, male voice 
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Figure 5.24 - Speech quality versus C/D for 
frequency selectivefading case t/T = 0.154, 100 

kmph, female voice 

Figures 5.23 and 5.24 illustrate the effect of coding on speech quality when the receiver 

sped is 100 kmph. For this case the BER is high for C/D = 10dB, and the convolutional 

code fails to perform the task of error correction resulting in no improvement of speech 

quality. 

We can also evaluate channel performance when the delay spread is significantly larger. 

Table 5.10 gives the BER for the case of t/T =0.539, E,/N, = 100 dB, C/D varying 
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between 10 and 40 dB in steps of 10 dB and a vehicle speed of 3 kmph. 

Table 5.10: BERs for frequency selective fading case, t/T = 0.539, 3 kmph 
  

  

  

            
  

  
  

C/D BER-Male BER-Male BER-Female | BER-Female 

Unprotected Protected Unprotected Protected 

10 2.6E-02 2.3E-01 2.6E-02 1.47E-01 

20 2.0E-03 1.58E-03 2.0E-03 2.1E-03 

30 2.7E-04 4.1E-05 2.7E-04 6.0 E-05 

40 3.7E-04 1.8E-04 3.7E-04 2.2E-04 

. e - No degradation 
. Withee a d - Noticeable degradation 

Quali P c - Tolerable degradation 

" 7 b - Unacceptable degradation 
a - Unacceptable distortion 

e ——— 

d—_ 

ec 4% +* 

b-—— * +* 

a + 

| | | | oP 
1 I od qT 

10 20 30 40 

Figure 5.25 - Speech quality versus C/D, for 

the frequency selective fading case t/T = 
0.539, 3 kmph, male voice 
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Figure 5.26 - Speech quality versus C/D, for the 

frequency selective fading case t/T = 0.539, 3 
kmph, female voice 

Figures 5.25 and 5.26 plot speech quality versus C/D for the receiver speed of 5 kmph. 

As expected, degradation for a large delay spread is even more severe than for the short 

delay spread. Coding is an ineffective counter measure against multipath delay. 

Equalization would be required to obtain acceptable performance under these conditions. 

For this case the BER is fairly low and does not decrease significantly for larger C/D, 

resulting in small variation in speech quality. 

Table 5.11 lists the BER for the case of t/T =, C/D = 10 dB and a vehicle speed of 40 

kmph. Figures 5.27 and 5.28 illustrate the speech quality of male and female voices 

respectively for this case. Unprotected speech is degraded beyond recognition, but for this 
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speed error bursts are short enough that coding is an effective counter measure against the 

frequency selective fading. 

Table 5.11: BERs for frequency selective fading case t/T = 0.539, 40 kmph 
       

   
     

  

    
BER-Male 
Unprotected 

BER-Female 

Unprotected 

BER-Female 

C/D Protected       

  

      
  

  
  

+ Without error protection e-No degr adation 
* With error protection d - Noticeable degradation 

Quali c - Tolerable degradation 

ality b - Unacceptable degradation 
a - Completely distorted 

é —f—= 

d+ 

Cc + * 

b-7- 

a Tr 

C/D 
— —T 

10 

Figure 5.27 - Speech quality versus C/D, for the 
frequency selective fading case t/T = 0.539, 40 

kmph, male voice 
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10 

Figure 5.28 - Speech quality versus C/D, for the 
frequency selective fading case t/T = 0.539, 40 

kmph, female voice 

For this case error protection significantly improves speech quality by reducing the errors 

in the corrupted file. 

Finally table gives the BER for the case of t/T = 0.539, C/D = 10 dB and a vehicle 

speed of 100 kmph. Figures 5.29 and 5.30 illustrate speech quality as a function of C/D, 

Table 5.12: BERs for frequency selective fading case t/T = 0.539, 100 kmph 
  

  
  

          

C/D BER-Male BER-Male BER-Female | BER-Female 
Unprotected Protected Unprotected Protected 

10 4.0E-02 7.5E-05 4.0E-02 1.1E-04 
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Table 5.12: BERs for frequency selective fading case 1/7 = 0.539, 100 kmph 
  

  

    

    
  

  

  

  

  

C/D BER-Male | BER-Male | BER-Female | BER-Female 
Unprotected Protected Unprotected Protected 

—_— —o ————— eet 

20 5.0E-03 0.0 5.0E-03 0.0 

40 2.0E-04 0.0 2.0B-04 0.0             
  

for this last case. We conclude that coding can significantly mitigate the effects of fading 

for the short error bursts on this speech. 

  
  

+ Without error protection e - No degradation 

Quali c - Tolerable degradation 

" ¥ b - Unacceptable degradation 
a - Completely distorted 

e — 

dt ‘ 

ca * * + 

b-- + 

a + 

C/D 
| —+ | > 
10 20 40 

Figure 5.29 - Speech quality versus C/D, for 

the frequency selective fading case t/T = 0.539, 
100 kmph, male voice 
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+ Without error protection  ©-Nodegradation 
d - Noticeable degradation 

  
  

* With error protection 
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b - Unacceptable degradation 
a - Completely distorted 

¢ —e_ 

d-— ‘ ‘ 
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Figure 5.30 - Speech quality versus C/D, for the 
frequency selective case t/T = 0.539, 100 kmph, 

female voice 

For this case one can see a steady decrease in the BER as C/D increases resulting in a 

steady increase in speech quality. Error protection works extremely well. 

5.6.4 SIRCIM 

The final channel model we consider is a channel model based on the Simulation of Indoor 

Radio Channel Impulse (SIRCIM) software. This software is designed to produce channel 

impulse responses which are characteristic of an indoor wireless environment [Sei89]. The 

output of SIRCIM is directly compatible with BERSIM. Since SIRCIM is based on actual 

channel measurements, the SIRCIM model can be regarded as the most realistic model 

considered, and it illustrates the full power of the approach described in this thesis. Tables 
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5.13 and 5.14 give the BER for E,/N, varying between 10-30 dB for the two external file 

cases of obstructed open plan environments. These two channel impulse response files 

Table 5.13: BERs for obstructed environment 1 
  

  

  

  

            

E,/N, b, mrotected ee Female Female 
Unprotected | Protected 

10 0.24 0.03 0.165 6.8E -04 

20 3.1E -05 1.25E -03 5.5E -05 0.0 

30 0.0 0.0 0.0 0.0   
  

were generated for 0% line of sight, a transmitter - receiver separation of 25 meters, data 

rates of 1.152 kbps (DECT standard) [Tho92] and a mobile speed of 1m/s. The mobile 

speed was chosen to approximately simulate walking speed. The BERs ranged from 0.0- 

  

  

  

  

  

  

0.24. 

Table 5.14: BERs for obstructed environment 2 

BER- BER- 

E,/N, Ooo ened Female Female 
P Unprotected | Protected 

10 0.179 4.3E -03 0.071 8.04E -05 

20 §.23E -02 6.8E -06 3.9E -04 0.0 

30 1.95E -02 0.0 2.66E -04 0.0             
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Figure 5.31 - Speech quality versus E/N, for 
channel 1, male voice 

Figures 5.31 plots speech quality versus E,/N,, for the first example environment. For the 

case of E,/N,, = 10 dB most of the file was distortion free except for some short segments 

of completely distorted speech. This was the reason why the case of E,/N, = 10 dB got a 

rating of “d”. This was observed for both the protected and unprotected cases. Thus high 

average BER can produce speech which is much less noticeably degraded than lower 

average BER. Also for the case of E,/N, = 20dB there was a short segment of 

unacceptable degradation in the unprotected case. Error correction produces some 

noticeable improvement in speech quality. 
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Figure 5.32 - Speech quality versus E,/N,, for 
channel 1, female voice 

Figure 5.32 plots quality versus E,/N,, for the female voice. Since the speech file used for 

the female voice was shorter comparisons may be difficult perhaps. Perhaps the bit errors 

in the bit by bit error pattern file occurred beyond the length of the file for the female 

voice. 
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+ Without error protection  ©~ No degradation 
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Figure 5.33 - Speech quality versus E/N, for 

channel 2, male voice 

Figure 5.33 illustrates the speech quality as a function of E,/N, for the second channel 

response and the male voice. For the case of E,/N, = 10 dB most of the file was distortion 

free except for some short segments of completely distorted speech. This was observed for 

both the protected and unprotected cases. In this case, error bursts make error protection 

ineffective. 
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Figure 5.34 - Speech quality versus E,/N,, for 
channel 2, female voice 

Finally, figure 5.34 plots the speech quality of the female voice for the second channel. 

The indoor channel has periods of deep fades which cause bursts of errors especially under 

low E,/N, conditions. Even though interleaving was used it did not seem to solve the 

problem and the channel protection failed resulting in distorted speech. 

5.6.5 Effect of errors on individual parameters. 

Another feature of the approach discussed in this thesis is that it allows evaluation of the 

effect of errors on specific parameters. In this section we isolate specific parameters and 

determine the effects of errors in these parameters on speech quality. For this test the 

parameters were divided into four groups, the frame energy, all reflection coefficients, lags 

for the four subframes, codewords for the first codebook for four subframes, codewords 

for the second codebook for four subframes and the GSPOP1 codewords for the four 
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subframes. Table 5.15 gives the BER which correspond to corrupting specific parameters 

in each file. 

Table 5.15: BERs for corrupted files 
  

  

  

  

  

  

  

  

          

P lerror per | lerrorin10 | lerrorin50 
arameter 

frame frames frames 

Frame 6.29E -03 6.29E -04 1.25E -04 

Energy 

Coefficients | 6.29E -02 6.29E -03 1.26E -03 

Lag 2.5E -02 2.5E -03 §.03E -04 

Codeword 2.5E -02 2.5E -03 5.03E -04 

Codebook 1 

Codeword 2.5E -02 2.5E -03 5.03E -04 

Codebook 2 

GSPOP1 2.5E -02 2.5E -03 5.03E -04 

Codeword 
  

The BER for some parameters is different because of the different number of parameters 

in each frame corrupted. 

Table 5.16 shows the effect that flipping the least significant bit (LSB) of the previously 

mentioned group has on output speech. 

Table 5.16: Effect of flipping the LSB 
  

  

  

  

          

P lerror per | lerrorin10 | 1 errorin50 
arameter 

frame frames frames 

Frame No No No 

Energy Distortion Distortion Distortion 

Coefficients No No No 

Distortion Distortion Distortion 

Lag No No No 

Distortion Distortion Distortion 
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Table 5.16: Effect of flipping the LSB 
  

    

  

    

  

  

          

P lerror per | lerrorin10 | 1 errorin 50 
arameter 

frame frames frames 

Codeword No No No 

Codebook 1 | Distortion Distortion Distortion 

Codeword No No No 

Codebook 2 | Distortion Distortion Distortion 

GSPOP1 No No No 

Codeword | Distortion | Distortion | Distortion   
  

Flipping the least significant bit of the group produced negligible distortion in the output 

speech. The frame energy and reflection coefficients for the subframes are computed from 

the respective parameters from the previous frame and current frame. Flipping the LSB of 

the frame energy causes it to assume the value of the quantized levels above or below the 

correct one resulting in negligible distortion. The reflection coefficients and the predictor 

coefficients computed are tested for stability and assume the value of the previous frame if 

found unstable. The lag points to a sample in the long term predictor, unweighted and 

weighted vectors. Since these vectors are excitation sequence samples or speech and 

speech is highly correlated negligible distortion is observed. Thus the coder can at times 

withstand BERs of 2.5E -02 without loss in quality. 

In the second test, the most significant bit was similarly flipped. The results from this were 

vastly different from the above test. 

For the case of frame energy, inserting an error once per frame produced completely 

distorted, unintelligible speech with a lot of pops and crackles. Inserting an error once 

every ten frames produced distorted although intelligible speech with occasional pops and 

crackles. Inserting an error once every fifty frames produced little distortion with less 

frequent pops and crackles. 

Table 5.17 summarizes the results for the groups of the codewords for the two codebooks, 

coefficients and the GSPOP1 code. 
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Table 5.17: Effects of flipping the MSB 
  

  
  

  

  

  

P lerror per | lerrorin 10 | lerrorin50 
arameter 

frame frames frames 

Codeword Loss in Some pops No 
Codebook 1 | Intelligi- Distortion 

bility 

Codeword No No No 

Codebook 2 | Distortion Distortion Distortion 

Coefficients | Complete | Occasional | No Distor- 
Distortion pops tion 

GSPOP1 Loss in Some pops | No Distor- 
Volume tion             

For the case of the codeword for codebook 1, an error in every frame caused a loss in 

intelligibility of speech. 1 error per 10 frames and 1 error per 50 frames caused no 

noticeable distortion although 1 error per frame caused some pops to be heard. The errors 

had no effect on the codeword for codebook two. For the case of the coefficients 1 error 

per frame produced unintelligible distortion. 1 error in 10 frames and 1 error in 50 frames 

produced negligible distortion. For the case of GSPOP1 1 error per frame caused the 

volume of the output speech to drop and this was seen in the smaller magnitude of output 

speech. The other two cases of 1 error in 10 frames and 1 error in 50 frames produced 

negligible effect. 

The GSPOP1 code is used in the regeneration of the codebook gains which weigh the code 

vectors in forming the excitation sequence, hence with this code in error the excitation 

sequence and hence the regenerated speech is distorted. 

For the case of 1 error per frame for the coefficients, the output speech was completely 

distorted. for the other two cases there was not much distortion. The reflection coefficients 

and the predictor coefficients computed are tested for stability and assume the value of the 

previous coefficient if found unstable. 

For the case of the lag, 1 error per frame caused the pitch of the output speech to change 

resulting in a voice that cannot be recognized, also causing distortion. The other two cases 
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cause negligible distortion. Two points follow from this experiment. First, the VSELP 

encoder is fairly robust to some types of errors, allowing operation even at high BER. 

Second, additional reduction in data rate (around 500 bps) may be possible for some 

vocoders. Work on half-rate vocoders has already begun. 

5.7 Summary of Results 

This chapter presented simulation results for the VSELP speech codec for different 

channel conditions using BERSIM and also the effect that errors have on the transmitted 

parameters individually. 

Generally the coder tolerates a BER of 0.003 without unacceptable distortion. With 

channel coding the coder can withstand BERs of 0.04. Interleaving reduced the effect of 

bursty errors, even so some bursts were long enough to adversely effect the convolutional 

coding and resulted in a BER higher than the unencoded data. In general, there was no 

one-one correspondence between BER and speech quality because of the ability of the 

vocoder to tolerate some types of errors more than others. This points to the need for 

speech quality assessment. 

Using the external file feature along with SIRCIM impulse response files produced 

interesting results. The channel had some segments of deep fades causing bursts of errors 

which could not be rectified even with interleaving. For low E,/N, the result was a 

cleanly reproduced speech file with segments of badly distorted speech. Otherwise the 

result was cleanly reproduced speech. 

One major observation, as can be seen from the figures was the superior quality of the 

female voice. Historically vocoders have had problems with reproducing female voices. 

The VSELP reproduction of the female voice was consistently better than the male voice. 

Recordings of the two files were made under identical conditions eliminating the 

possibility of different input speech file qualities. One possible reason might be that 

vocoders reproduce different voices differently and this particular female voice was 

reproduced better than the male voice. 

Errors were inserted in the transmitted codes file so as to corrupt individual parameters. 
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The worst case situation of flipping the most significant bit was considered. A BER of 

6.59E -02 could be tolerated without significant distortion. The evaluation agrees with the 

IS - 54 standard as to specific protection of certain bits of the different codes. The frame 

energy, reflection coefficients, the lag and the GSPOP1 code need to be protected, since 

they affect output speech quality significantly. 
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6. Conclusions and Future Work 

6.1 Summary of this Research 

A simulator for the speech coding standard for the U. S. digital cellular system has been 

presented in this thesis. The Vector Sum Excited Linear Prediction (VSELP) speech coder 

operating at a bit rate of 8000 kbps has been implemented and its performance evaluated 

under different channel conditions. 

The BERSIM (Bit Error SIMulator) software package developed at the MPRG was used 

to test the vocoder in various channel conditions. The external channel feature of BERSIM 

was used to import the channel impulse response of SIRCIM (Statistical Indoor Radio 

Channel sIMulator). SIRCIM provides more realistic channel impulse response models. 

For the AWGN case the Eb/No was varied between 6 and 10 dB and bit error rates ranging 

from 4.0 x 10 to 0.017 were observed. Without error protection the speech quality was 

reasonable. With error protection (rate = 1/2, constraint length 6) the bit error fell to 

4.1x 107 and the speech quality improved dramatically. Using the flat rayleigh fading 
model for E,/N, varying between 20-40 dB bit error rates between 6.58 x 10™ and 
5.6 107? were achieved. The mobile speed was varied between 3 and 100 kmph to 

represent walking speed and driving speed in cities and on the freeway. The speech quality 

observed without error protection was reasonably good. For low values of E,/N, the 

effects of fading showed in the form of high BER. With error protection the BER fell in 

most cases. The two ray Rayleigh fading model was used to simulate frequency fading 

conditions. The delay spread had a noticeable effect on the BER and thus the speech 

quality. For the case of higher delay spread the BER was also higher and the speech 

quality poor for low C/D. Using the SIRCIM channel impulse response files produced 

interesting results. The indoor channel has periods of deep fades which cause bursts of 

errors especially under low E,/N,, conditions. The effect of these errors was to produce 

speech files that sounded excellent but were completely distorted for small segments. 

Even though interleaving was used it did not seem to solve the problem and the channel 

protection failed resulting in distorted speech. Using SIRCIM we were able to test the 

vocoder in realistic channel conditions. From these simulations we note that raw BER 

does not always correspond directly to speech quality, indicating the need for speech 

quality assessment in system evaluation 
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Errors were inserted in the transmission codes file so as to corrupt certain parameters and 

observe the effect of this on decoded speech. Errors were inserted so as to corrupt the least 

significant bit and most significant bit of the parameters under test. Errors were inserted so 

as to corrupt codes for every frame, once in every ten frames and once in every fifty 

frames (once a second). The bit error rate varied between 6.29 x 10°? and 1.25 x 107. 

Flipping the least significant bit had no distortion effect on the decoded speech. If errors 

are caused in the least significant position, the coder is robust enough to tolerate the above 

BER. The results for the case of flipping the most significant bit were vastly different from 

the above. The frame energy is very sensitive to errors, and produces distorted speech for 

1 error per frame and 1 error in ten frames. We have a similar situation for the reflection 

coefficients and codeword for codebook 1 where 1 error per frame results in completely 

distorted speech. Codeword for the second codebook 2 is not affected the way the 

codeword for codebook1 is. This means that the coder can withstand a BER of up to 

6.29 x 10°? without noticeable distortion. 

Channel impulse responses were used from SIRCIM. Two cases of 0% line of sight and 

open plan environment were specified. A mobile speed of 1 m/s was specified to simulate 

a person walking inside a factory building. E,/N, was varied between 10 and 30 dB 

resulting in a bit error rate of 0.24 - 0.0 for channel 1 and 0.179 - 1.95 x 10°? for channel 

2. The speech quality was very good. For the case of E,/N,= 10 dB, bursts of errors 

occur causing unintelligible distortion. The result is clean segments of speech with 

distorted portions. The effect of these errors could not be corrected even with interleaving 

and error protection. This was observed for both channel impulse response files. 

One important observation was that the female voice was reproduced better than the male 

voice consistently for the sample files used here. 

6.2 Recommendations for Extension of this Research 

The implementation of the speech coder is currently not suited for real time 

implementation. One of the changes that need to be made to make the speech coder real - 

time in operation is to combine the coder - decoder sections. Also some of the synthesis 

operations could be made computationally simpler so that synthesis time is reduced. In 

addition error insertion using BERSIM’s bit by bit error patterns and error protection 

could be automated. Also the code could be sped up using a DSP processor. 

In the calculation of the frame energy a term R,,,, is assumed. This value needs to be 
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carefully selected and the quantization procedure changed accordingly since this term 

affects the encoding/decoding. 

The very important issue of recording speech needs to be looked into. The files were 

recorded from a DAT machine using SUN’s audio facilities. The analog recording uses a 8 

bit mu law technique which is equivalent to 12 bits linear PCM, and thus falls short of IS- 

54 minimum specifications. Also the SUN workstation uses switched capacitor filtering 

which adds nonlinearities to the signal. The files used for these simulations were recorded 

using a trial and error scheme. Speech was recorded and then coded to check if the sample 

was good enough. As is done in testing procedures the voice level at the input should be 

monitored and processed so as to provide the coder with a specified value. 

Formal testing of this coder should be carried out using rigorous MOS tests. The CTIA 

document IS - 85 describes the subjective testing procedure in detail. For this test an in 

house testing procedure needs to be developed that includes a quiet room for playing 

speech samples. Data files for the diagnostic rhyme test, diagnostic acceptability measure 

test and reference samples for the mean opinion score need to acquired for future 

extension. 

Bit allocation for the various parameters can also be varied. Bit allocations for the 

reflection coefficients may be reduced by reducing the quantization levels, in addition the 

least significant reflection coefficients may be dropped from the codebook and assumed by 

the coder. Also the size of the adaptive codebook may be reduced. This may result in a 

saving of 1kbps. The simulator developed here could be extended to evaluate the effects of 

variable rate error correction coding on each parameter. 
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Appendix A: Software Documentation 

This chapter explains the Vector Sum Excited Linear Prediction speech coder presented in 

this thesis. The programs have been written in ANSI C, and they are well commented in 

the source code. All code was compiled with the using the ansi C compiler on a SUN 

Sparcstation 2 or 10. The author was responsible for all of the source code. 

A.1 Overview 

The speech coder is basically divided into two loops, a coder and a decoder. The coder 

reads in the input file and writes transmission codes to a file till end of file is reached. The 

decoder then reads in the transmission codes and writes reconstructed speech to an output 

file. 

A.2 Input and output files 

The user can set the names of three input/output files. The input speech file, transmission 

codes file and the output speech file. The other input files (i.e., file containing quantized 

coefficients values, GSPOP1 codes etc. ) are fixed and known to the coder and are read in 

at the beginning of the program. 

The input speech file with name *.ip contains speech sampled at 8000 Hz with resolution 

13 bits linear PCM and in the range -1.0 to 1.0. 

The transmission codes file with name *.tx contains codes for transmitted parameters. 

The output file with name *.op contains reconstructed speech with range -1.0 to 1.0. 

The encoder and decoder can be disabled so as to perform each operation separately if 

required. For inserting errors into transmitted codes file, the decoder can be disabled, 

errors inserted into the transmitted codes files and then the decoder enabled and encoder 

disabled to reconstruct speech using corrupted transmitted codes file. 

The bit by bit error patterns can be obtained as a output of BERSIM by enabling the 
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generation of bbe patterns while running BERSIM used with the internal channel model or 

SIRCIM. 

Procedure for recording speech files using SUN’s audio facilities. 

Use the AUDIOTOOL to record speech. 

Read the audio file into an array using MATLAB’s AUREAD command. Thus Y is in the 

range -1.0 to 1.0. Write the array Y to a file using the fwrite command. The binary file 

generated can now be used as input to the coder. 

Procedure for converting coder output to *.au (SUN audio) files 

Read in the output of the coder which is a binary file with values in the range -1.0 to 1.0, 

into an array Y using the fread command. Use MATLAB’s AUWRITE command to 

generate a mu-law encoded file. Use SUN’s raw2audio to convert this file into an audio 

file (*.au). This audio file can now be played using the AUDIOTOOL. 

The input files and their contents are described below: 

basvec1.h contains basis vectors for codebook 1 

basvec2.h contains the basis vectors for codebook 2 

theta.h contains values of theta as defined by IS-54 

quantizedval.h contains quantized values of the reflection coefficients 

gspOp1.h contains gspOp1 codes 

index.h contains the indices of the complements of the codewords 

twolpc10.h contains the binary representation of 0 through 3 

threelpc6789.h contains the binary representation of 0 through 7 
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fourlpc45.h contains the binary representation of 0 through 15 

fiverOlpc123.h contains the binary representation of 0 through 31 

sixlpcone.h contains the binary representation of 0 through 63 

sevencodeslag.h contains the binary representation of 0 through 127 

eightgspOp1.h contains the binary representation of 0 through 255 

Input speech files used for simulation are stored in bhushan/sound/ as manl.au, man?2.au, 

fem1.au and fem?.au. 

A.3 Individual programs 
A.3.1 Autocor.c 

This routine computes the autocorrelation coefficients. 

A.3.2 CalL.c 

This routine computes optimum lag L and optimum gain beta for long term predictor state. 

A.3.3 Calb.c 

This routine computes the unweighted long term prediction vector. 

A.3.4 Calbeta.c 

This routine computes the gain beta for all lags. 

A.3.5 Calcdvec.c 

This routine computes the code vectors from the basis vectors and theta. 

A.3.6 Calex.c 
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This routine quantizes the codebook gains and computes the excitation sequence. 

A.3.7 Calgma.c 

This routine computes the gains gamma1 and 2 for the two codebooks. 

A.3.8 Calresvec.c 

This routine computes the zero state response of the basis vectors to H(z). 

A.3.9 Cdwdsearchl.c 

This routine computes the codeword for codebook 1. 

A.3.10 Cdwdsearch2.c 

This routine computes the codeword for codebook 2. 

A.3.11 Checkcoeff.c 

This routine transforms the predictor coefficients to reflection coefficients and tests them 

for stability. 

A.3.12 Codfmegy.c 

This routine quantizes and encodes the frame energy. 

A.3.13 Cpay.c 

This routine copies one array to another. 

A.3.14 Crreadfile.c 

This routine reads in all the input files into arrays. 
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A.3.15 Dcodfmegy.c 

This routine decodes coded frame energy into quantized frame energy. 

A.3.16 Dcodar.c 

This routine converts indices for reflection coefficients into the respective decimal values. 

A.3.17 Dpfiltc.c 

This routine performs the synthesis filtering at the decoder. 

A.3.18 Erreqn.c 

This routine evaluates a weighted error equation for each vector in the GSPOP1 codebook. 

A.3.19 Gainsandupdate.c 

This routine transforms the GSPOP1 code to the gains for each codebook. 

A.3.20 Hpfpfilt.c 

This routine performs all pole filtering for the high pass filter. 

A.3.21 Hpfzfilt.c 

This routine performs all zero filtering for the high pass filter. 

A.3.22 Initzero.c 

This routine initializes array to zero. 

A.3.23 Ipolacorcoeff.c 

This routine interpolates autocorrelation coefficients for each subframe. 
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A.3.24 Ipolcoeff.c 

This routine interpolates the predictor coefficient for each subframe. 

A.3.25 Main.c 

This is the main routine containing the coder and decoder sections that call all routines. 

A.3.26 Max.c 

This routine outputs the larger value of the inputs. 

A.3.27 Min.c 

This routine outputs the smaller value of the inputs. 

A.3.28 Ogonalone.c 

This routine computes orthogonalized basis vectors and orthogonalized code vectors for 

codebook 1. 

A.3.29 Ogonaltwo.c 

This routine computes orthogonalized basis vectors and code vectors for codebook 2. 

A.3.30 Pfilt.c 

This routine performs all pole filtering for the weighted synthesis filter. 

A.3.31 Phimat.c 

this routine computes the covariance matrix and reflection coefficients. 

A.3.32 Postfilt.c 

This routine performs the entire postfiltering operation. 
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A.3.33 Pred2ref.c 

This routine transforms predictor coefficients to reflection coefficients. 

A.3.34 Quantize.c 

This routine quantizes the reflection coefficients. 

A.3.35 Rcevdata.c 

This routine reads in binary values of transmitted parameters. 

A.3.36 Ref2pred.c 

This routine transforms reflection coefficients to predictor coefficients. 

A.3.37 Scalefilt.c 

This routine filters the scaling factor through a low pass filter. 

A.3.38 Txdata.c 

This routine writes the binary values for the transmitted parameters to a file. 

A.3.39 Update.c 

This routine updates the long term predictor state. 

A.3.40 Writefile.c 

This routine writes reconstructed speech to the output file. 

A.3.41 Zfilt.c 

This routine performs all zero filtering for the weighted synthesis and synthesis filter. 
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A.3.42 Zres.c 

This routine computes the zero state response of H(z) and subtracts it from the weighted 

speech. 

A.4 Running the coder 

Create the input speech file as given in A.2 and specify filename in the program main.c. 

Specify transmitted codes file and output speech file in a similar manner. 

Compile the code using the makefile. Type main to execute the coder. The program prints 

completion of the coding and decoding section to the screen. 
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