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1 Introduction
The SA4 WI “Study of Enhanced Voice Service Requirements for the Evolved Packet System (EPS)” aims to define service level and codec requirements for EVS codec.  
3GPP and other communication technologies are migrating towards IP packet networks. As it may be obvious, success of packet switched speech depends on optimized codecs for IP transmission, besides other non-codec related factors. For an IP-optimized coder, several aspects including quality for clean and noisy speech under typical IP conditions, efficiency, delay, complexity are key aspects. Bit-rate scalability means adjustment of bit-rate to network or terminal capabilities and multiplexing in gateways. A further aspect is the inclusion of bandwidth scalability that allows the flexible switching of bandwidths.

In order to explore the benefits of bandwidth scalability, we have to understand the perceptual impact of using a certain bandwidth. This paper concentrates on the issue of which bandwidths are relevant for the EVS codec. We consider narrowband (fs=8 kHz), wideband (fs=16 kHz), super wideband (fs=32 kHz), and full band speech (fs=48 kHz). 
We will show that although quality generally increases with wider bandwidths due to increasing naturalness, the increase is not monotonic when considered under all conditions. Furthermore, we will see that increase in efficiency and capacity is essential, and that even coders at relatively low bit-rate provide a substantial gain.
2 Discussion on Various Audio Bandwidths

2.1 Outline

Supporting various bandwidths in communications is not an old story. As we know, the so-called narrowband reflects the capabilities of paper-isolated copper cables, used in early analog telephony. Note that this era represents most of the time of telephony until now. Later on, digital telephony was introduced for wire-line networks while wireless telephony essentially followed the same path of migration from analog (FM) system to digital (GSM, CDMA, etc.) systems. Mainly tradition carried over the support of the same bandwidth in digital telephony as what existed in analog systems. The justification for this was perhaps that users seem to accept the quality of narrowband communications for recognizing and understanding each other. 
With digital telephony, support of codecs with wider bandwidths than traditional narrowband becomes easily possible. However, after introduction of digital telephony systems, users did not ask for wider audio bandwidth – they understood telephony is not just Hi-Fi. So narrowband telephony became the standard for the otherwise highly sophisticated digital telephony. We refer to the fact that GSM mandates the support of the FR coder and UMTS mandates support of AMR – both narrowband codecs. Indeed, we were faced with a gap between the quality what technology could provide and already established standards. 
2.2 Quality Increase with Wider Bandwidth
Common sense dictates that increasing the bandwidth leads to enhanced quality through naturalness. Indeed, this understanding motivated some researchers to start studying how users react when offered enhanced audio bandwidth. For that, the main goal was to quantify the quality under typical CS mobile telephony conditions. Note that such results may differ from those under lab conditions. The results presented in [1] will be cited at a certain level of detail.
This study aimed at assessing the quality difference perceived between narrowband and wideband coded speech under various radio channel and background noise conditions. MUSHRA tests were used in a form in which they selected listeners from the population of typical mobile phone subscribers recruited on the street. The listening persons were trained accordingly in order to achieve successful participation in the tests. The codecs under test were AMR 12.2 kb/s mode and AMR-WB 12.65 kb/s mode. The speech samples were in the German language.

The study confirms that AMR-WB provides significantly higher speech quality than AMR-NB and ISDN, with the latter two being rated as having similar quality. Quality improvement for speech with and without background noise corresponds to a full step on the five grade scale ranging from “bad” to “excellent”. AMR-WB speech is perceived in most cases, except at poor radio conditions, to be better than narrowband competitors at error free conditions. The quality of wideband speech in channel errors down to a C/I of 7 to 4 dB for full-rate GMSK or 8-PSK interferer channels was assessed to be higher than narrowband speech at error free conditions. However, the quality of narrowband speech has proven better than wideband speech for full-rate GMSK or 8-PSK channels below C/I of 7 to 4 dB. Considering distorted channels for AMR-NB also, the likelihood of preference for WB is even lower. In the case of a half-rate 8-PSK channel, the cross-over point ranges between 10 to 7 dB. Here again, the quality of narrowband speech was found better than wideband for half-rate channels below C/I 10 to 7 dB. 
With improving radio conditions, bandwidth is found more important than codec rate. In the presence of background noise this effect is unchanged.
We emphasize the especially important and motivating result that wideband is generally preferred over narrowband. The main result of the study hence correlates with common sense.  However, the results for cases of low C/I range are different: here narrowband is preferred over wideband. This finding directs our attention to the fact that narrowband speech is still important in error-prone mobile environments.
In addition to the traditional user mindset in which telephony is narrowband, the preference for narrowband over wideband in some cases indicates clearly that narrowband coders cannot be simply replaced by wideband ones, at least with the algorithm of the codec investigated. It appears narrowband coding is the most perceptually robust bandwidth against imperfections like transmission errors, noise in input signals, etc.
2.3 Test with MNRU: An Example
Despite the existence of some analysis results as mentioned above, a straightforward relationship of user experience between speech signals of various bandwidths under typical packet-switched conditions in mobile environment is not proven.
As an example, let us consider the qualification test results in Exp 1b of ITU-T G.729EV coder [2]. The MNRUs in the MOS test results show a cross-over of wideband and narrowband (and also mid-band) perceived quality, and that at these cross-over points the narrower bandwidths are perceived to be better when more modulated noise is added, see Figure 1.
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Figure 1:
MOS result vs. MNRU in Exp1b of G.729EV qualification tests.  (NB: 300-3400Hz, MB: 100-5000Hz, WB: 50-7000Hz)
The plot in the figure shows the functions crossing, which indicates an interaction between MNRU distortion added and bandwidth. The result is hence that listeners tend to prefer narrowband over wideband under the degradation of modulated noise.
2.4 Further Considerations
In order to benefit from wider audio bandwidths in mobile telephony, electroacoustic components and circuitry in terminals should be able to support the increased audio bandwidth. Here we have to take care of several aspects. For example, the size of loudspeakers that transmit more than narrowband is becoming large along with problems of placement – representing a design challenge for mobile terminals.
Furthermore, we consider the imperfections in sound due to transmission errors, analog circuitry for acoustic components, speech coding algorithms, and packet loss concealment algorithms. While narrowband filters provide a smoothing effect, the use of a wider bandwidth may cause increased perception of artifacts in practical situations. In other words, wider band coding may be perceptually less robust (or more sensitive) than standard narrowband in practical situations.

2.5 Discussion

We may state that it is reasonable and desirable to support increased audio bandwidth in the speech services of mobile telephony in order to increase perceived naturalness. There is much experience with narrowband speech in mobile environment, while the introduction of wideband has just started. 
Super wideband speech is a great promise for further quality enhancement although this is not verified due to lack of experience with super wideband in mobile networks. Background noise cases, comfort noise generation quality in DTX operation, and the cases of severe packet loss seem especially important and are interesting subjects of a potential study. Benefits and risks associated with super wideband in packet-switched mobile environments are far from clear today.
Narrowband is the most important and most widely deployed bandwidth. Therefore, we think it is important for EVS to support narrowband. For enhanced sound naturalness, obviously the use of a wider bandwidth is needed. So we feel equal focus and simultaneous support of narrowband and wider bandwidths is useful. That can be accomplished by an EVS coder having three bandwidths (narrowband, wideband and super wideband). 
3 Enhancement of Narrowband and Wideband Coders
3GPP and ITU-T standardized a number of narrowband and wideband coders. First ITU-T concentrated on narrowband codecs. The goal at the beginning in ITU-T was to reduce the bit-rate while keeping the quality level of the coder. We refer to the developments of ADPCM, G.728, and G.729. Afterwards, ITU-T focused on standardization of wideband and scalable coders, including super wideband and full band, partly as extensions of existing narrowband coders (e.g., G.729.1, G.719, G.711.1). 
One of the newest developments in ITU-T is the standardization of G.718. This coder includes enhanced narrowband and wideband layers relative to existing ITU-T narrowband and wideband codecs. Some details can be shown in the Term-of-Reference, partly replicated in Table 1.

For G.718, Table 1 clearly demonstrates a quality improvement over existing narrowband and wideband coders. Among others, the mode R1≤8kb/s shall perform no worse than G.729E at 11.8kb/s; mode R2≤12 kb/s shall perform better than G.729 at 8kb/s. 

We feel even higher improvement may be possible over existing 3GPP narrowband and wideband codecs (AMR, AMR-WB) especially when considering packet-switched mobile channels with typical background noise scenarios and music signals.

Besides efficiency considerations (see next section), improvements in narrowband are useful from the perspective of operation of an EVS-capable MTSI terminal with a non-MTSI terminal as well. Let’s imagine the scenario of a call from EVS-MTSI terminal to PSTN (with G.711). Clearly the PSTN side is not expected to be responsible for quality degradation, if any, due to the use of G.711. However, improved narrowband performance of EVS over AMR directly translates into better quality in the presented scenario.
	Parameter
	Requirement
	Objective
	Priority

	1. Embedded bit-stream

· Number of layers (NB/WB)

· Bit rates in kbit/s

· Bandwidths in kHz (Note 15)

· Sampling rate in kHz
	At least 5 layers

R1≤8/R2≤12/R3≤16/R4≤24/R5≤32

R1,R2:[0,3-3.4]/R3-R5:[0,05-7]

R3-R5:16

R1,R2:16 and 8


	Finer increments of bit-rate.

4/6.4/10/14/

R1-R5:[0,05-7]


	Pass

Pass

Pass

	2.   Speech quality in error-free condition at nominal input level of -26 dB with respect to the OVL point.                     

     (Notes 13 & 14)


	R1: Not worse than G.729E at 11,8 kbit/s (The confidence intervals may need to be revisited based upon the selection test results.)

(Note 17)

And not worse than G.722.2 at 8.85 kbit/s

R2: Better than G.729 at 8 kbit/s or not worse than DIRECT 

R3: Not worse than G.722.2 at 12,65 kbit/s

R4: Not worse than G.722.2 at 15,85 kbit/s

R5: Not worse than G.722.2 at 23,85 kbit/s

 (Note ‎2) 
	R0@6.4kb/s Not worse than G.729E at 11,8 kbit/s (The confidence intervals may need to be revisited based upon the selection test results.)

R1: Not worse than the mean of G.722.2 at 8,85 kbit/s and G.722.2 at 12,65 kbit/s

R2: Not worse than G.722.2 at 12.65 kbit/s

R3: Not worse than G.722.2 at 15,85 kbit/s 

R4: Not worse than G.722.2 at 23,85 kbit/s

R5: Better than G.722.2 at 23,85 kbit/s or not worse than DIRECT

(Notes ‎5 & 16)
	High

High

Medium

High

Medium

High




Table 1:  Performance requirements and objectives from the ToR of G.718 standardization.
4 Efficiency and Capacity
Efficiency means maximizing compression factor (minimum bit rate) in order to guarantee high capacity figures in mobile networks. AMR was standardized 11 years ago, AMR-WB 8 years ago. It is natural that speech coding research evolves and new techniques increase performance and efficiency, especially if different applications (packet-switched transmission) are targeted than circuit-switched at the time of development.

Efficiency and related capacity are crucial factors in network operator’s perspective. Each improvement on this area directly relates to issues like service cost reduction and provisioning of mobile telephony subscribers. Capacity increase is clearly non-linear with bit-rate reduction in packet-switched networks. One reason is the addition of the packet header which represents a significant amount of bits in addition, even if ROHC is used. This fact implies less gain at low speech bit-rates than at high bit-rates. Let’s investigate the quantitative figures.
A study presented in SA1 [3] analyzed UL VoIP capacity in semi-persistent LTE. AMR 12.2 kb/s and AMR 7.95 kb/s modes were compared. Including RTP/UDP/IP – PDCP - RLC headers and CRC, the VoIP payload sizes are 39 and 28 bytes every 20msec, respectively (after using ROHC). The simulation results show an Erlang capacity of 131 for AMR 7.95 kb/s and 83 for AMR 12.2 kb/s – an enhancement of 57% in capacity.
The same contribution [3] also refers to a different study on UL capacity of VoIP in semi-persistent allocation LTE. According to the document, the same trends can be observed in this study as in the previously cited one although the absolute numbers are different: the simulation results show a capacity increase of approx. 25% for AMR 7.95 kb/s in comparison to AMR 12.2 kb/s.
Despite overhead due to the packetization header, we see the effect of an average bit-rate reduction is significant for capacity improvement. 
Improvement in capacity is crucial for network operation. As we can see, efficiency improvement directly translates into capacity enhancement. Efficiency is hence an important goal for the EVS codec as well.
5 EVS Codec – Proposal

As the WID of the study item states, a significant enhancement is targeted by the EVS coder over existing technology. Narrowband is the most important and deployed bandwidth. We think it is important for EVS to support narrowband. The benefits of EVS over existing coders should be composed from several factors. EVS should provide increased efficiency and robustness to packet loss in the most important narrowband scenario. EVS should also provide a considerably better user experience than existing codecs – we see this as the key target of the work which justifies spending time and efforts. For enhanced sound naturalness, obviously the use of a wider bandwidth is needed. 
We believe this ambitious goal can be achieved by an EVS codec which simultaneously performs better in packet-loss situations, increases efficiency for narrowband at least, provides better music quality, and offers wider bandwidth (super wideband) for sound naturalness. So the bandwidths of the EVS codec should range from standard narrowband, which is the most commonly used and deployed bandwidth, to super wideband. 

Hence the significant performance enhancement of EVS should be achieved by concentrating equally and simultaneously on the support of enhanced quality narrowband and super wideband in typical IP mobile environment. 
Next, we propose a text of the TR 22.813 that reflects the proposal.

6.1.1 Audio bandwidth

It is recommended that the EVS codec have mandatory support of SWB audio. 

Note: SWB audio is typically sampled at 32 kHz with an audio bandwidth of 50 – 14000 Hz.

It is recommended that the EVS codec should support WB audio. 

Note: WB audio is typically sampled at 16 kHz with an audio bandwidth of 50 – 7000 Hz.

It is recommended that the EVS codec have mandatory support of NB audio.

Note:  NB audio is typically sampled at 8kHz with an audio bandwidth of 300-3400Hz.
[Editor's note: this constraint will be updated based on new technical input]
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